Chapter 2
Introduction to Wireless Communications

Dinesh Rajan

Abstract This chapter provides an introduction to the basic concepts of a wire-
less communication system. First, a simple point-to-point wireless link is consid-
ered and the key techniques at the transmitter and receiver that are required for a
successful communication are discussed. The wireless medium being inherently a
shared medium, multiple access methods to support numerous users in a given area
is critical. This chapter also discusses several multiuser communication schemes.
Specifically, two popular multiuser transmission strategies - CDMA and OFDM, are
described and their merits and challenges discussed. We also provide a brief intro-
duction to Shannon’s theoretic capacity concept and discuss simple coding methods
used in wireless channels.

2.1 Introduction

Digital communication systems have advanced significantly in the past few decades.
Coupled with the progress in the semiconductor industry which obeys Moore’s law,
inexpensive and power efficient mobile communication devices have become widely
prevalent. Cellular networks have become ubiquitous in most of the developed world
and continues to see exponential growth in developing countries. Wireless local area
networks (WLANSs) based on the 802.11 standard have opened new venues for high
speed data access in homes, offices and hot-spots. Bluetooth based commercial short
range personal area networks have enabled several new commercial technologies
such as hands-free cellular headsets and remote controllers for video game consoles.
Further, the data rates for these technologies are constantly increasing and enabling
several new applications as evident from the hugely popular app stores from Apple
and Android.
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The goal of this chapter is to introduce the basic components of a wireless com-
munications system. To understand the functioning of digital communication de-
vices, we first introduce the layering principle that is commonly used in the design
of these systems.

2.1.1 Layered Architecture

The task of transmitting information from a transmitter device to a receiver device is
a complex process that requires careful design, analysis, and implementation. This
challenging task is usually accomplished with a layered architecture such as the
open systems interconnection (OSI) model proposed by the international standards
organization (ISO), which is shown in Figure 2.1. An OSI model, typically consists
of 7 layers which function together to accomplish the required data transmission
task. The 7 layers and a brief description of their functionality are:

e Physical Layer: This layer performs the basic task of converting digital bits into
signals that may be sent and recovered over the transmission medium.

e Data Link Layer: This layer provides a certain amount of data reliability over a
particular link and also assists in separating the signals from the various users
that are transmitted over the same channel.

e Network Layer: The network layer provides functionality such as routing to en-
able data packets to be efficiently sent over multiple hops in a network.

e Transport Layer: This layer provides a mechanism to ensure end-to-end relia-
bility of data. The transport layer is also tasked with creating congestion control
mechanisms that reduces packet losses in a network occurring due to buffer over-
flows.

e Session Layer: The session layer provides services such as directory assistance
to enable efficient and reliable data delivery.

e Presentation Layer: This layer typically provides data encryption and compres-
sion functionality.

e Application Layer: This layer includes all other tasks involved in the data trans-
mission process as well as preparing the data for user or machine consumption.

The advantages of a layered architecture is that the design and implementation of
each layer is simplified and can be done independent of the implementation of the
other layers, as long as the interfaces with the layer above and below it are standard-
ized. This freedom in implementation allows many of these layers to be reused in
many different systems. For instance, the transmission control protocol (TCP) func-
tionality (which forms the backbone for the Internet) could be the same irrespective
of what physical layer transmission scheme is used. Also, changes in the imple-
mentation of one layer are transparent to the other layers. One of the disadvantages
of a layered architecture is that the resulting end-to-end system performance may
not be optimized. For instance, the use of TCP functionality which was originally
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developed for wired networks, in the wireless domain results in severe throughput
degradation due to the time varying nature of the wireless channel [4].

Most systems however, use the simplified Internet layering scheme which was
proposed in a Request for Comments (RC) document of the Internet Engineering
Task Force (IETF) [11]. This scheme broadly consists of 4 layers: link layer, Internet
layer, transport layer, and application layer [11]. Note that several variations of these
layering methods exist and different authors interpret the RFCs in a slightly different
manner [42].

Next, we look at the main elements of a digital communication system.

2.1.2 Digital Communication System

The basic functional blocks in a digital communication system are shown in Fig-
ure 2.2. The digital signal to be transmitted is first processed through a source en-
coder [37]. Most common digital data files have a significant amount of redundancy.
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The source encoder leverages this redundancy to compress the data to the fewest
number of bits required to meet the desired fidelity. For instance, text and document
files could be subject to a lossless compression using a utility such as WinZip; im-
age files could be subject to a lossy compression such as JPEG. If the signal to be
transmitted is an analog signal such as voice, this signal is first processed through an
analog-to-digital conversion using a sampling and quantization device before feed-
ing it to the source encoder. In certain systems, the output of the source encoder is
passed through an encryption mechanism to ensure data integrity and security [44].

The compressed (and possibly encrypted) data is then passed through a channel
encoder. The primary goal of a channel encoder is to add redundancy to the data to
protect it against errors experienced when transmitted over the channel [26]. Chan-
nel coding may also be used to detect errors in data packets using simple parity
check mechanisms. Error detection allows the higher layers of the system to request
a retransmission of the erroneous packets. Channel coding schemes are further dis-
cussed in Section 2.4.

The output of the channel encoder is passed through a modulator which effec-
tively converts the digital bit stream to an analog signal that is appropriate for trans-
mission over the channel. Examples of popular modulation schemes and their per-
formance are discussed in Section 2.2. The modulated signal is then transmitted
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over the desired medium. For instance, in a wireless channel this signal is radiated
out from an antenna.

At the receiver, these blocks are processed in the exact reverse order. First, the
received signal is demodulated, i.e. the noisy analogy received signal is converted
to a sequence of bits. These bits are then passed through a channel decoder, which
leverages the redundant bits to reduce the effective errors in the data bits. If channel
encryption is used at the transmitter, then the signal is passed through a equiva-
lent decryptor. Finally, the output bits from the channel decoder (or decryptor) is
processed in a source decoder which converts it back into the original signal that is
desired to be transmitted. While in legacy systems, hard decisions about the detected
bits are sent to the channel decoder, the use of soft information about the bits (e.g.
bit probabilities) was later shown to improve performance significantly [33]. With
the increased capabilities of processing elements, sophisticated receiver techniques
have also been proposed. For instance, the use of iterative detection and decoding
using soft information is proposed in [50]. In such iterative processing, the output
of the decoder is fed back to the bit detection block to reduce the overall bit error
rate.

The separation of the source and channel encoding as indicated in Figure 2.2 has
certain advantages. The design of the source encoder can be optimized to the charac-
teristics of the source, independent of the channel over which it is transmitted. Sim-
ilarly, the channel encoder can be optimized for the channel of interest, independent
of the source that is transmitted. One potential disadvantage of this separation prin-
ciple could be the loss in optimality of performance as compared to a system with a
single joint source-channel encoder. Fortunately, one of the results in Shannon’s pio-
neering work [39] is that the separation of the source and channel encoding does not
entail any loss in asymptotic performance. As a result, the source coding and chan-
nel coding research developed in parallel for many years without many significant
interactions. Note, however, that Shannon’s separation principle only proves opti-
mality under certain assumptions including processing over very large data lengths,
which could significantly increase the delay, memory, and computational complex-
ity requirements [46]. For a system with finite resources (memory and processing
power) it turns out that joint source-channel coders do outperform separable source
and channel coders [20, 35]. Moreover, Shannon’s separation principle does not hold
in multiuser settings [22]. Further details on source coding and joint source-channel
coding is available in [37, 40].

Since the focus of this chapter is on wireless systems, we discuss the basics
of digital modulation in Section 2.2. We introduce the Shannon theoretic concept
of channel capacity in Section 2.3. The channel capacity is defined as the maxi-
mum rate at which data can be reliably transmitted over the channel. The channel
capacity concept however does not provide practical coding schemes that achieve
this capacity. Practical code design and analysis is covered in Section 2.4. We then
focus attention on multiuser communication systems in Section 2.5. Specifically,
in Section 2.5.1 we consider random access methods enabled by algorithms at the
data link layer. Common wideband multiuser methods at the physical layer, includ-
ing direct sequence (DS) code division multiple access (CDMA), frequency hop-
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ping (FH) CDMA, and orthogonal frequency division multiplexing (OFDM), are
covered in Sections 2.5.2.1, 2.5.2.2, and 2.5.2.3, respectively. Finally, we discuss
several advanced wireless transceiver techniques in Section 2.6.

Due to the wide range of topics involved in the design of wireless systems, in
this chapter, we discuss only the key results and the underlying intuition. Detailed
mathematical proofs and derivations of the main results are omitted due to space
constraints; relevant references are provided as appropriate. To stay in focus we
only consider the transmission of digital data. As and when possible, we provide
performance metrics that can be easily used by network designers to ensure that
desired quality of service guarantees are provided by their designs.

2.2 Digital Modulation in Single User Point-to-point
Communication

Consider the transmission of digital data at rate R bits per second. Let 7 denote the
symbol period in which M bits are transmitted. Then, R = M /T;. The information
sequence to be transmitted is denoted by a sequence of real symbols {7,}. This
sequence could be the output of the channel coding block shown in Figure 2.2. A
traditional modulation scheme consists of transmitting one of 2V different signals
every Ty seconds. In orthogonal modulation the signal s(¢) is given as

s(t) =Y Lugn(t), 2.1)

where ¢, (r) form a set of orthonormal pulses, i.e. [ ¢;(t)q;(t)dt = ;—j, where 5, is
the Kronecker delta function which is defined as follows: 8 = 1, and §,, = 0,m # 0.

In many traditional modulation schemes these orthonormal waveforms are gener-
ated as time-shifts of a basic pulse p(¢). Examples of p(¢) include the raised cosine
and Gaussian pulse shapes. For example, in pulse-amplitude modulation (PAM), the
transmit signal s(¢) equals

s(t) =Y Lip(t —nTy). (2.2)

In (2.2) for a 2-PAM system, I, € {—A,+A}, where the amplitude A is selected to
meet average and peak power constraints at the transmitter. Similarly, for a 4-PAM
system I, € {—3A,—A,+A,+3A}.

Consider the transmission of data through an ideal additive white Gaussian
noise (AWGN) channel, in which the received signal, r(¢) is given by,

r(t) = s(t) +n(t), (2.3)

where input signal s(7) has an average power constraint P and the noise n(¢) has a
constant power spectral density of Ny/2. The additive noise channel is one of the
simplest and most widely analyzed channel. In practical systems, the noise at the
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receiver is a combination of several independent effects. Hence, using the central
limit theorem (CLT) [31], the noise distribution is well approximated by a Gaussian
density. Realistic wireless channel models are more sophisticated and are discussed
in Chapter 3 and also in several references [29, 36].

At the receiver, the signal r(¢) given in (2.3) is first passed through a correlator
to obtain

Yn = In/ p(l‘ —nTs)p(t _mT:V)dt + n(t).p(t _st)dt' (24)

Ty T
It is known that the output of the correlator is a sufficient statistic for bit detec-
tion, i.e. all information about I, that is contained in y(¢) is preserved in y,. The
orthonormality condition requires that the choice of the pulse shape should satisfy:

/ (i —nTy)plt —mT)dt = 8y . 2.5)

Under this condition, the output y, = I, + z,,, where it can be easily shown that z,, is
a zero mean, Gaussian random variable with variance Ny/2. Under this condition,
the output also does not have any inter-symbol interference.

The detection process involves making a decision on which symbol was trans-
mitted given y, is received. The detector design depends on the performance metric
that one desires to optimize. For instance, the detector that minimizes the probability
of error in the detection process, is the maximum a posteriori probability (MAP) de-
tector. The MAP detector selects the f, that maximizes p(I, /y,) = W. If all
possible symbols I, are a priori equally likely, then the MAP detector is the same
as the maximum likelihood (ML) receiver. The ML receiver maximizes p(y,/I,).
Since the effective noise z,, is Gaussian, the MAP receiver also reduces to the mini-
mum Euclidean receiver, i.e., the constellation point that is the closest to the received
signal is selected as an estimate for the transmitted signal. The decision region cor-
responding to this Euclidean distance based receiver is simple to derive and is shown
in Figure 2.3 for two different modulation schemes.

The probability of error in this case can be computed as the tail probability of the
Gaussian noise variable. For instance, the conditional probability of symbol error
given symbol “/0” is transmitted can be evaluated as the area under the tails of the
Gaussian probability density function (pdf) as shown in Figure 2.3. The width of the
Gaussian pdf equals the variance of the noise in the system. The overall probability
of symbol error can be calculated by averaging over all possible transmit symbols.
This probability of symbol error for M-ary PAM is given by

61og, (M)SNRy;
PezZQ( g?ézzl ‘”), (2.6)

where, SNRy;; = 1% is the SNR per bit and Q is the tail probability of the standard
normal distribution [53]. The average bit energy Ej; = F,,,T; where P, is the av-
erage power of the transmit symbols. A plot of this error probability as a function
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of SNR is given in Figure 2.4 for different values of M. Clearly, we can see that
for a given SNR the error rate is higher for larger M. Also, for a given M, the error
probability decreases with increasing SNR. In the presence of multiple users and
other interference sources, the probability of error would depend on the signal to
interference ratio (SIR) instead of just the SNR. The error performance can be fur-
ther decreased at a given SNR using error control codes as discussed in Section 2.4.
The probability of bit error can be evaluated from the probability of symbol error
as follows. Typically, bits are assigned to symbols using a process known as gray
coding in which neighboring symbols differ in only 1 bit as shown in Figure 2.3.
With such a bit assignment process, a symbol error will cause only a single bit error
with high probability. Hence the probability of bit error Py, _eyror & WP”

The transmitted signal in the above case is actually a signal in baseband. Typi-
cally, this signal is modulated up to a pass-band frequency, f. before transmission.
This pass band signal could be obtained as s(t)e~/2"/¢' which is however, a com-
plex signal. To make the transmitted signal real, we can add its complex conjugate
to obtain s, (1) = s(t)e Ml 4 5(t)e/ 27!,

4 _ QAM Decision Region for symbaol “10”

// //
/// ‘,/
00 %k k100
// ’ /’
/
/ /
/ /
s
01 % 11

Conditional probabhility of error
Forsymbol “10”

Fig. 2.3 Euclidean distance based detection and error calculation for various modulation schemes.
The figure also demonstrates the concept of gray coding, in which neighboring symbols only differ
in 1 bit.
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The bandwidth of the signal is defined as the range of positive frequencies that
are transmitted. It can easily be seen that the bandwidth of s,(¢) equals twice the
bandwidth of s(¢); this process is referred to as double sideband modulation. Clearly,
this process is wasteful in bandwidth.

One way to use the bandwidth more efficiently is to use a complex signal
constellation u(t) instead of a real s(z). Thus the transmitted passband signal is
now u(t)e /2*fet y*(t)e/? <! where u*(t) is the complex conjugate of u(r).

Examples of such complex constellation are the quadrature amplitude modula-
tion (QAM) signals given in Figure 2.5. The error performance of QAM signals can
be derived in a manner similar to that for PAM signals and is given by [34]

2.7

3log, (M)SNRy,
Pe<4Q< —ngﬁ(d_)l b”).

It turns out that for high SNR and large values of M this upper bound is quite tight.
The probability of error versus SNR for QAM is given in Figure 2.4.

PROBABILITY OF SYMBOL ERROR

| - |
0 2 4 6 8 10 12 14 16 18 20
SNR PER BIT in dB

Fig. 2.4 Probability of symbol error with specific PAM and QAM schemes.
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2.3 Information Theoretic Capacity and Coding

Consider the discrete time additive Gaussian noise channel given by
Yn = Xn+2n (2.8)

where, transmit signal x,, has power constraint P and Gaussian noise z,, has 0 mean
and variance of 62. A fundamental question that arises is to find the maximum rate at
which data can be reliably transmitted over this channel. This question is answered
in an emphatic manner by Shannon’s landmark paper [39]. For this ideal discrete
time real AWGN channel the Shannon capacity [39] is given by

Cigeas = 0.5l0g(1+SNR) bits per channel use 2.9)

The interpretation of this capacity is that for transmission at any rate R > Cjgeqr,
the probability of error in decoding that message at the receiver is necessarily
bounded away from 0. Shannon also showed that information can be transmitted
at any rate R < Cjy,; With arbitrarily small probability of error.

This capacity can be achieved by using a random Gaussian codebook as fol-
lows. To transmit R bits per use of a channel, a codebook is constructed containing
M = 2" codewords that each spans n symbols. Each symbol in the codebook is se-
lected as an independent Gaussian random variable with zero mean and variance N.
This codebook is revealed to both the transmitter and receiver. The codeword to
be transmitted is selected at random (with uniform density) based on nR informa-
tion bits. The n symbols of the selected codeword are transmitted in n uses of the
channel. An example of such a codebook is shown in Figure 2.6.

At the receiver, decoding is done using a typical set decoder [14, 54]. A typical
set for a sequence of independent realizations of a random variable is the set of all
sequences for which the empirical entropy is close to the true entropy of the random
variable. In this decoding method, the receiver compares the received sequence with
all possible 2% codewords to see which pairs of the received sequence and code-
words belong to the jointly typical set. If the transmitted codeword is the one and
only one codeword that is jointly typical with the received sequence, then the de-
coder can “correctly” decode what was sent. If the transmitted codeword sequence is
not jointly typical with the received sequence or if more than one codeword is jointly
typical with the received sequence, the decoder makes an error. It can be proved that
for any desired upper bound on error probability €, there exists a sequence of codes
that achieve error below € for asymptotically large n.

The typical set decoding process has exponential complexity which makes it
impractical to implement in real systems. Real systems use some low complexity
decoders based typically on the maximum likelihood (ML) criterion or maximum
a posteriori probability (MAP) criterion as discussed in Section 2.4. Further, rather
than using random codes, practical systems use codes with structure. The funda-
mental challenge in code design is to find codes with just enough structure to enable
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design of a low complexity decoder and just enough randomness to ensure good
performance.

A plot of the capacity versus SNR is given in Figure 2.7. As expected, the capac-
ity shows a linear increase with SNR for very small SNR values and a logarithmic
increase for higher SNR’s. Also shown in the figure is the achievable rate for var-
ious PAM schemes. This achievable rate is calculated as the mutual information
between an equiprobable PAM constellation input to the channel and the output of
the channel [16]. As expected the rate for the M-PAM is upper bounded by log, (M).

In addition to the complexity issue mentioned before, another challenge in using
the random coding formulation in practical systems is that it does not give any in-
dication of the size of codebook required to achieve a desired error probability. To
provide some theoretical guidance on the performance of the best coding scheme
for a given length, the theory of error exponents has been developed [18]. For a
given code of length n, the error exponent is the logarithm of the error probability.
Specifically, for an ensemble of random codes, it can be shown that the average error
probability is upper bounded as,

2 - PAM 4 - PAM

*
*

4 - QAM 16 - QAM

Fig. 2.5 Different digital modulation schemes
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Perror S e*”Erana'om (R) (2 10)

where, E,qudom(R) is the random coding exponent and R is the rate of transmission.
This random coding exponent can be calculated based on the channel characteristics.
For the Gaussian noise channel,

SNR SNR
Erandom(R) = 1 =B+ ——+0.5log(p — T) +0.5log(B)—R, (2.11)

2
SNR SNR?
WhereB:0.5[1+T+ 1+ y) ]

This expression for the error exponent is valid for transmission rates R < 0.510g[0.5+

% +0.54/1+ S]\ft—m]. For rates above this threshold and below the capacity, the ex-
pression for the error exponent is slightly different and is given in [18]. Further, a
lower bound on the decoding error probability for any code over a particular channel
is given by the sphere packing error exponent, which can be computed in a manner
similar to the random coding error exponent [18].

Symbol 1 Symbol 2 Symbol n

Codeword 1 Cll C12 Cln

Codeword k Cyq Co - Ckn

Codeword M  Cm1 Cwviz -+ Cuin

Fig. 2.6 Illustration of a random codebook used to prove achievability of Shannon’s channel ca-
pacity.
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Similar to the discrete time channel, for a continuous time additive white Gaus-
sian noise channel with bandwidth W the capacity can be calculated as

Cawen = Wlog(1 + P/NoW )bits/sec (2.12)

Further, the capacity of wireless fading channels has been well investigated under
several conditions [10]. The concept of channel capacity has also been extended to
multiuser channels. We illustrate the idea in 2 different settings.

1. Uplink Channel: Consider a simple uplink channel in which multiple users are
communicating with a single base station. Again, consider the simple Gaussian
noise channel in which the received signal yj;(n) at the base station is given by

yhs th +st ) (2.13)

where x;(n) is the signal transmitted by user i and z,; is the effective noise at the
base station receiver, which is modeled as having a Gaussian pdf. Similar to the
capacity of a single user channel, in this case, the capacity region is defined as
the set of all K—tuples of achievable rates for the various users.

4r SHANNON CAPACITY /- 16-PAM
~
e s
(&) s
& 3r - 8 PAM
< .
G %
/ 4
2r b/ / 4-PAM

il
A
/ 2-PAM

|
-10 0 10 20 30 40 50
SNRindB

Fig. 2.7 Capacity of AWGN channel and maximum possible transmission rates with various mod-
ulation schemes.
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For instance, for the K = 2 user channel, this capacity is given by the convex hull
of rate pairs (R, R;) satisfying the following inequalities:

P
R; < 0.5log (1 + A}) (2.14)

P,
R, < 0.5log (1 + 1\?)

h+P
N

Ri+R, <0.5log (1 +

where P, is the average power constraint at transmitter i and N is the variance
of the noise at the receiver. This capacity region is illustrated in Figure 2.8. The
interpretation of this capacity is that any rate pair within the boundary of the
pentagon capacity region can be simultaneously achieved for both users with any
desired error probability. Further, any rate pair outside the boundary cannot be
simultaneously supported for both users and still ensure low probability of error.
Also shown in the figure is the achievable rate with naive TDMA, in which user i
exclusively access the channel for a fraction o; of the time, where } ;o = 1.
The achievable rates with FDMA is also shown in the figure. It can be seen that
FDMA achieves the boundary of the capacity region at one point; this point is the
case when the whole bandwidth is allocated to the different users in proportion
to their powers. Recognize that in a TDMA scheme, user i is only active for a
portion ¢; of the time, where Zszl oy = 1. Hence, if we adjust the transmission
power of user i to % its performance will improve. The performance of this
variation of TDMA is identical to the FDMA scheme shown in Figure 2.8.

2. Downlink Channel: Now, consider a downlink channel in which a base station
is transmitting to multiple users. Let x,,(n) be the signal transmitted by the base
station. The received signal y;(n) at the ' user is given by

yi(n) = xps(n) +zi(n) (2.15)

where z;(n) is the noise at the receiver and is modeled as being Gaussian
with 0 mean and variance of ;. Without loss in generality, consider the case
that N; < N; Vi < j. Such a channel is denoted as a degraded broadcast chan-
nel [14]. One simple interpretation of the degraded Gaussian broadcast channel
is that any signal that can be decoded at user j can also be decoded at user i,
since user i has lower noise on the average than user j. For simplicity, consider
the 2-user channel. The capacity in this case is given by the convex hull of rate
pairs (R;,R;) satisfying the following inequalities:

Ry <0.51og <1 + OCP) (2.16)
N
(1 —a)P)

R, < 05log (1
2= Og<+N2+aP
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where P is the power constraint at the base station. This capacity region is illus-
trated in Figure 2.9. Again, the achievable rate with FDMA is also shown in the
figure.

These theoretical capacity bounds are very useful for network designers in planning
and resource allocation issues.

2.4 Channel Coding

Channel codes, also referred to as forward error correction (FEC) codes, are used
to reduce the effective bit error rate when data is sent over a lossy medium such
as a wireless channel. There are two main categories of FEC codes - block codes
and convolutional codes. We now briefly discuss the properties of these codes. For
simplicity, we only discuss binary codes in this chapter. Codes over other alphabets
are discussed in several references such as [26, 51].

16 T T T T
= Capacity Region

14r

12r
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o
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0.2r

0 L | 1 1
0 0.2 0.4 0.6 0.8 1

Rate for user 1

Fig. 2.8 Illustration of capacity of an uplink channel
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2.4.1 Block Codes

In a simple block code, the information data stream is parsed into non-overlapping
groups of a fixed size, say k bits. Each group of k bits is then mapped to a group
of n > k bits independent of the bits in the other groups. This mapping into a higher
dimensional space essentially defines the code and is responsible for the error cor-
rection and detection capabilities of the code. Since each group of n bits are essen-
tially independent of other groups, this type of coding is sometimes referred to as
memoryless. The rate, r, of the channel code is defined as r = % The random cod-
ing described in Section 2.3 and also depicted in Figure 2.6 is a block code (over a
non-binary alphabet) with k = log, (M) and n coded symbols.

The channel encoding can be achieved using a generator matrix G of size k X n
which uniquely defines the code. Let x and y denote, respectively, the 1 xkand 1 xn
vectors of the information bits and coded bits. Then y = xG. For each code, there
is also a unique parity check matrix H of size n — k x n such that yH? = 0, for all
valid codewords y, which also implies that GHT =0.

There are several decoding algorithms for block codes depending on the type
of code and the channel over which the code is used. These algorithms offer the
system designer several options to trade-off the complexity of the decoding process
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Fig. 2.9 Illustration of capacity of a downlink channel
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with the performance achieved. For example, consider a simple binary symmetric
channel (BSC) which randomly flips each of the coded bits with a certain probabil-
ity. Hence, the received vector b = y + e, where e is a binary error vector in which a
value of 1 indicates that the corresponding bit is flipped.

The maximum likelihood decoding in this case selects the codeword that is clos-
est to b in terms of the Hamming distance,

§ = argmindy (¢, b) (2.17)

This ML decoding can be implemented using a standard array decoder [27]. The
standard array decoder is similar to a look up table based decoder, with a separate
entry for each possible received vector b. The standard array gives the ML estimate
of the error vector for each of the 2" possible received vectors. Thus, the decoder
simply looks for the error corresponding to the vector b and then subtracts the error
vector from b to obtain the ML estimate of the transmitted codeword.

A major problem with this type of decoding is that the memory requirements for
storing the standard array becomes prohibitively large for even reasonable size code-
books. Further, the search procedure to find the correct element in the array is also
computationally intensive. To reduce these complexities, another decoding process
called syndrome decoding is sometimes used. The syndrome, s of vector b is defined
ass =bH! = (y+e)H’. Since yH' = 0 it turns out that the value of the syndrome
only depends on the error vector. Thus, in syndrome decoding a table of all 2"~*
possible syndromes and the error vectors associated with them are stored. Decoding
is achieved by simply computing the syndrome for the vector b and then looking up
the associated error vector from the table. It turns out that in many cases the com-
plexity and memory requirements of syndrome decoding are still prohibitively high.
In a typical minimum distance decoder, which is often used over Gaussian wireless
channels, the decoder calculates the distance of the received signal to each of the
2K possible transmit sequences and selects the one with the minimum distance. De-
coders with lower memory and complexity requirements have been derived which
effectively exploit the structure in the codes [23].

The error correction and detection performance of a channel code depends on the
distance spectrum of the code. Essentially, the distance spectrum is an indication
of the separation between the 2X codewords of length n. The calculation of this
distance spectrum is, however, not an easy task in many scenarios. Fortunately, the
performance of the code can be approximated using a single quantity referred to
as minimum distance, typically denoted by d. This minimum distance d equals the
minimum of the Hamming distance between all pairs of codewords. The Hamming
distance between two binary strings is the number of positions in which the two
strings differ. For the special case of linear block codes, the minimum distance of
the code also equals the minimum (non-zero) weight of the code.

The weight distribution of codes is conveniently represented in polynomial form
as B(z) = Y1 Biz', where B; is the number of codewords with Hamming weight .
For example, the weight distribution of Hamming codes is given by
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B(z) (142)"+n(1—z)(1—22)~1/2 (2.18)

n+1

The calculation of this minimum distance is a non-trivial task in many cases.
There are several options available to a system designer in selecting the appropriate
code.

1. Use a code from an existing family of codes for which the minimum distance has
already been calculated. Examples of such codes are the Hamming codes which
have k =2" —m—1,n=2" —1 for any m > 3. It is well known that the minimum
distance for all Hamming codes is d = 3. The generator matrix G for a Hamming
code, has a specific structure. The columns of G are the 2" — 1 binary codewords
of length k excluding the all zero codeword. The order of these columns does not
affect the properties of the code.

2. Use bounds to approximate the Hamming distance. For instance, for a (n,k,d)
code, the Hamming bound gives the minimum amount of redundancy (n — k)
required as

n—k>log,V(n |21 )) 2.19)

where V(n,t) = tj:O Cj is the number of binary vectors of length n that are at
most Hamming distance ¢ from a given vector.
3. Evaluate the minimum distance using numerical simulations.

There is a basic trade-off between code rate » and minimum distance d. The smaller
the code rate, the larger is the minimum distance and vice-versa. Given a code with
a certain minimum distance d, a simple bound on the probability of decoding error
for a bounded-distance based decoder is given by

Pdecodingferror < Z (;l) aj(l - a)nij (220)
j=t

where « is the crossover probability of the BSC and t = L%J The probability of
bit error can be easily lower and upper bounded as %Pdemd,-ng_erm, < Poit—error <

Pdecodingferror-

2.4.2 Convolutional Codes

In a convolutional code, similar to a block code, the information bits are parsed into
non-overlapping groups of k bits and each group is mapped to n > k bits. However,
unlike block codes, the mapping is dependent on the bits in the prior groups which
introduces memory in the system. The n coded bits thus depends both on the input &
bits as well as the state of the system. The constraint length, K, of the code is an
indicator of the effective memory in the system.
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One advantage of a convolutional code is that the encoder can be implemented
as a digital filter, using shift registers and adders. An example of such an encoder is
shown in Figure 2.10. While there are several analytical representations for convo-
lutional codes, for simplicity we only present a couple of graphical representations.

Consider for instance the rate 1/2 code shown in Figure 2.10. In this case, for
each input bit x;, the encoder produces two output bits, y;(1) = x; +x;_» and y;(2) =
X; +x;_1. The state diagram corresponding to this code is also shown in Figure 2.10.
The advantage of this approach is that it clearly represents the relationship between
the current state and next state as a function of the input and the output bits. One
disadvantage of the state diagram approach is that the temporal sequence of coded
bits is difficult to represent with this approach. For this reason, the equivalent trellis
is used and is shown in Figure 2.11.

There are two main types of decoders for convolutional codes. The first type
of decoder is the maximum likelihood sequence decoder which is typically imple-
mented using a Viterbi algorithm [48]. The second decoder is the maximum a poste-
riori probability decoder which is implemented using the BCJR algorithm [3]. The
Viterbi algorithm has much lower complexity than the BCJR algorithm whereas
the performance of both are nearly similar. The description of these algorithms are
fairly complex and hence relegated to the appropriate references [33]. It turns out
that the trellis description shown in Figure 2.11 is useful in describing the Viterbi
decoding algorithm. The enumeration of the performance of convolutional codes
has received significant attention in the literature [9, 27] and is not duplicated here
for conciseness.

The performance of convolutional codes over an AWGN channel is shown in
Figure 2.12 for three different codes with rates %, % and %. The constraint length of
these codes were set to K = 3. Clearly, we can see that the effective bit error rate
reduces as the rate of the code decreases. Also, in this case, the performance of the
soft decoder is about 2dB better than the hard decoder.

Convolutional codes are also the basic elements of the hugely popular Turbo
codes [5]. The original Turbo codes are essentially a concatenation of two convolu-
tional codes acting on different pseudo-random permutations of the input bits. The
performance of Turbo codes is close to the best possible theoretical limits.

The choice of whether to use block codes or convolutional codes in a specific
scenario has been a subject of extensive debate between code designers. Some cod-
ing theorists believe that convolutional codes offer superior performance over block
codes for the same complexity. Many real systems use more sophisticated coding
methods such as trellis coded modulation [45] and concatenated codes [15].

2.5 Multiuser Communication

One of the features of the wireless medium is its broadcast nature which makes si-
multaneous use of the spectrum by multiple users in a certain region challenging.
This multiple access is accomplished using techniques at physical and/or data link
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layers. Two of the simplest and intuitive methods of multiple access is to assign the
different users non-overlapping time-slots and/or frequency bands. Such schemes
are referred to as time-division multiple access (TDMA) and frequency division
multiple access (FDMA). The popular GSM standard uses a combination of time
and frequency division multiplexing to support multiple users. For instance, the ba-
sic GSM standard specifies different groups of carrier frequencies for each base
station. Within each base station, each carrier frequency is shared among 7 different
users in a time-division manner.

2.5.1 Data Link Layer Random Access Methods

Traditional data networks such as Ethernet which primarily support packet data traf-
fic (which is bursty in nature) tend to enable random access using a data link layer
protocol. The basic scenario being considered in the design of these protocols is as
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Delay
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Fig. 2.10 Digital filter implementation of convolutional encoding and state diagram representation
of convolutional codes
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follows. Let there be N distributed nodes that are sharing the wireless medium. Traf-
fic arrivals at each node is modeled as a random process, such as a Poisson point
process. Some basic assumptions are typically made to enable simple analysis of
these protocols. For instance, if two or more nodes transmit a packet at the same
time, a collision is said to occur and the receiver will be unable to accurately decode
either of these packets.! It is also assumed that some form of instantaneous feedback
mechanism exists from the receiver to the transmitter indicating whether a packet
is received successfully or not. This feedback in turns enables the transmit node to
retransmit packets that are not received correctly.

The earliest and simplest form of multiple access is the well known Aloha
method [1]. In an Aloha system, users simply transmit their packets whenever they
have data to be sent. Clearly, such a scheme might cause significant amount of col-
lisions if multiple packets are sent simultaneously. Further, if a collision is detected,
the nodes which are involved in the collision, delay their subsequent retransmissions
by random amounts. This randomization will allow the multiple competing nodes
to reduce their probability of collision in their retransmissions. It turns out that the
maximum throughput of Aloha is severely limited. Specifically, if the wireless chan-

Time -->

Fig. 2.11 Depiction of convolutional code using a trellis.

! This assumption has been modified in recent years to address the issue of capture, which is
discussed later.
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nel can support a peak data rate of R, then with random multiple access using the
Aloha protocol, the maximum effective data rate is only %eR’ or approximately 18%
of data rate. However, for lightly loaded systems Aloha is a simple strategy that
offers reasonable performance. An excellent historical perspective of Aloha written
by the original inventor including recent application areas is given in [2].

Several variations of Aloha including slotted-Aloha have also been proposed
which improve the performance of the basic scheme [7]. In a slotted Aloha sys-
tem, the entire time is discretized into time-slots of fixed duration and nodes are
allowed to transmit packets only at the beginning of a time-slot. Further, each node
that has a packet to transmit will only transmit it with a finite probability ¢ at the
beginning of the next time-slot. These changes to Aloha protocol, reduces the num-
ber of collisions and increases the overall throughput. The maximum data rate of a
slotted Aloha system can be shown to equal éR.

Many recent multiple access (MA) strategies are based on the idea of carrier
sense multiple access (CSMA) [7, 25]. Several modifications of CSMA have been
proposed in the literature. In a CSMA scheme, each node listens to the medium
to see if the medium is free or if there exists any other signal in the medium. If
the wireless medium is believed to be free then the node transmits its data after
waiting for a random amount of time. If the medium is sensed as being busy, then

T T T

T ]
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PROBABILITY OF BIT ERROR

Fig. 2.12 Performance of hard decision and soft decision decoding of convolutional codes over an
AWGN channel. The rate of the codes are %, _%, and %.
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the node backs off from transmission for a random amount of time and then senses
the channel again. However, CSMA still suffers from collisions if multiple nodes
are constantly monitoring a busy medium waiting for it to become free. As soon as
the medium becomes free all these nodes might begin transmission simultaneously
resulting in a packet collision.

While CSMA offers significant improvement in performance over Aloha type
protocols, it suffers from the hidden node and exposed node problems. Consider the
scenario shown in Figure 2.13, where nodes B and C are trying to communicate with
node A. If nodes B and C are not within range of each other, they cannot detect the
presence of the other node’s signal and might try to simultaneously communicate
with A. These transmissions would likely result in a collision and node A may not
be able to decode either of these signals. This problem is commonly referred to as
the hidden node problem.

Now consider, the same scenario as shown in Figure 2.13. If node A is trying
to send data to node B, then node C is prevented from transmitting due to carrier
sense aspect. However, it is possible for node C to simultaneously transmit data to
a different node since its signal is not received at node B and hence will not cause
any interference. This problem is called the exposed node problem.

A related problem that sometimes occurs in wireless networks is the issue of
capture. For example, if signals from two different transmitters are received at a
particular node at significantly different power levels, then the transmitter with the
stronger signal will capture the medium. This capture will prevent the weaker trans-
mitter from sending data and lead to severe unfairness in the resource allocation.

Virtual carrier sense is proposed as a solution to overcome the hidden node prob-
lem [19]. In virtual carrier sense, each node that wants to transmit a packet first sends
a short request-to-send (RTS) packet to the intended destination. If the destination
node receives this packet successfully and determines that there are no other active
signals in its vicinity, it replies with a short clear-to-send (CTS) packet. These RTS
and CTS packets also include a field indicating the amount of time that the medium
is expected to be busy. All nodes that receive either the RTS or CTS packet will not
attempt transmission during the period of time specified in these packets. The use of
RTS/CTS mechanism can also solve the exposed node problem under certain sce-
narios; for instance, using the MACAW protocol [8]. The fairness issues associated
with capture can also be solved using more sophisticated back-off mechanisms.

While the use of RTS/CTS coupled with a CSMA variant scheme reduces col-
lisions significantly, it can add significant overhead especially if the packet size is
small. The other problem is that in some scenarios nodes might back-off unnec-
essarily thereby reducing the number of simultaneous transmissions in the network
and effectively reducing the network throughput. The popular 802.11 based standard
uses a combination of CSMA with the RT'S/CTS mechanism for multiple access.
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2.5.2 Physical layer Multiuser Signaling Schemes

Traditional cellular networks which primarily support voice tend to also build mul-
tiple access capabilities in the physical layer signaling. Next generation wideband
networks tend to uses a variation of CDMA or OFDM, which are described next.

2.5.2.1 Direct Sequence Code Division Multiple Access DS-CDMA

In a direct sequence CDMA system, all users use the same frequency and time to
communicate. User separation is achieved by modulating the bits of each user with
a distinct spreading sequence. By a careful selection of these spreading sequences, it
is possible to recover the bits of each user from a linear combination of their trans-
mit sequences. In many systems, these spreading codes are generated to form an
orthonormal set. Although we only discus uplink communications in this section,
CDMA can also be used in downlink channels. The CDMAZ2000 standard speci-
fied by the International Telecommunication Union (ITU) is based on DS-CDMA
technology.
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Fig. 2.13 Topology showing the hidden node problem. If both nodes B and C transmit at the same
time, their signals collide at node A.
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Consider an uplink CDMA system with K users. A simplified block diagram of
the entire uplink CDMA system is shown in Figure 2.14. The transmit signal x (¢)
for user k at time ¢ is given by,

o Ne—1
=VE Y. 0" Y cuiplt—mT, —IT,), 2.21)
m=0 [=0

(m)

where, b, is the m'™ bit of user k, Ey is the energy, ¢k, is the spreading sequence
and p(r) is the normalized pulse of duration T,. The chip period and symbol period
are represented by 7, and 7§, respectively. The ratio X 7 is referred to as the spreading
gain of the DS-CDMA system. The received signal, y( ), at the base station equals,

1) =Y hxi(t)+n(r), (2.22)
k

where, /i is the channel between user k and the base-station and n(z) is the additive
noise at the base-station receiver. For simplicity, we have not shown the temporal
or spectral variations of the channel /. Detailed models for A are discussed in
Chapter 3.

This received signal, y(r), is passed through a bank of parallel filters that are
matched to the spreading codes of the various users. The output, wy of the k"
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code ¢

Fig. 2.14 Basic block diagram of an uplink DS-CDMA system.
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matched filter for the m'" time period equals

" = VEB" i < cien> +VEB" Y by < i >4y (2.23)
J#k

where < .,. > represents the inner product of the two vectors. In the special case that
the spreading codes for the various users are selected to belong to an orthonormal
set (i.e. < cg,cj>=0and < ¢, ¢ >=1, for k # j), then (2.23) reduces to the form

wi™ = \/Echyb™ +nepy (2.24)

Effectively, the output of the matched filter in (2.24) equals the scaled signal of
user k corrupted by additive white Gaussian noise. The effect of the multiuser inter-
ference is completely eliminated due to the orthogonality of the codes selected.

In the general case of non-orthogonal codes, an equivalent discrete time model
for the output of the matched filters for bit m of all users can be written in matrix
form as

w®) = RAB® 4 n (2.25)

where wik) = [wgk),wgk),...7w%{)], b= [bgk),b(zk)7...,b%<)} and n = [ny,ny,...,ng].

Matrix R is the cross-correlation between the various spreading sequences and ma-
trix A is a diagonal matrix of the channel gains {/;}.

Figure 2.15 illustrate the various signals in a DS-CDMA system. The figure
shows the first 5 bits in a simple 2-user CDMA system. The bit sequences are mod-
ulated by spreading sequences of length 8. The received signal is the summation of
the transmit signals of the 2 users plus additive noise. For simplicity, in this figure
the attenuation in the channel is not considered and all users are assumed to have
the same transmit power. The signals recovered at the output of the matched filter
are also shown in the figure. In this example, the spreading sequences of the two
users are orthogonal and since the users are also synchronized, there is no multiuser
interference and the bits are only corrupted by noise. The detected bit sequences are
also shown in the figure and clearly demonstrates effectiveness of the DS-CDMA
approach.

The simple analysis above assumes a perfect time synchronization among the
various users connected to the same base station receiver. In practical systems, such
synchronization is difficult to achieve. Analysis of CDMA with asynchronous users
is provided in [47]. The equivalent received signal can be written in a manner similar
to (2.25) but with the matrices redefined to include the output of a vector of bits for
each user.

In the general case of nonorthogonal codes and asynchronous user transmissions,
computing the optimal receiver and quantifying its performance is a challenging
task. The general principle behind multiuser detection is to simultaneously detect the
signal of all the users from {w;,wa,...wk}. There are several well known multiuser
detectors that offer a trade-off in performance and implementation complexity [47].
Typically, the performance of a MUD depends on the signal-to-interference (SIR)
ratio before bit detection.

k)
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Fig. 2.15 Simple illustration of DS-CDMA signals. The bit sequences for users 1 and 2 are [1
-1 -1-11]and [l -11 1 -1], respectively. The corresponding spreading codes are [-1 1 -1 111
-1 1] and [1 -1 -1 -1 1 1 -1 -1]. In this case, the two spreading codes are orthogonal and hence
the multiuser interference is completely eliminated at the receiver and all bits for both users are
detected correctly.

In summary, the main advantages of CDMA are: i) efficient utilization of fre-
quency spectrum with a reuse factor of 1 in cellular systems, which leads to in-
creased system throughput [49], ii) efficient allocation of resources (spreading
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codes) leads to better utilization in bursty traffic scenarios, and iii) better immunity
against narrow band interference.

One of the main challenges with DS-CDMA is the near-far problem, i.e., the
received power for various users can vary by orders of magnitude depending on
the relative distances of the users from the base station and the fading conditions.
This large difference in received power will cause the signal of certain users to
completely swamp out the signals of other users. The solution proposed to overcome
this problem is to carefully control the transmit power of the users using a power
control algorithm [52].

2.5.2.2 Frequency Hopping Code Division Multiple Access (FH-CDMA)

The basic idea in a frequency hopping CDMA system is to temporally vary the fre-
quency used by each user in a pseudo random manner as illustrated in Figure 2.16.
Since each user selects the pattern in a pseudo random manner, the probability of
more than one user selecting the same frequency in a given time-slot is low. Thus
packet collisions are reduced. Depending on the rate at which users change the
frequency, the hopping is termed as slow-hopping or fast hopping. In addition to
providing multiple access capability, FH-CDMA also has the advantage that it pro-
vides frequency diversity and robustness to narrow band interference. For instance,
if another system is using a narrow frequency band, then the user employing FH-
CDMA will only be affected for a small fraction of the time when its hop-frequency
matches the interference band; the transmission during the rest of the time-slots are
not affected by the interference. Similarly, in a wideband wireless channel (formally
defined in Chapter 3) the channel attenuation is a function of frequency. So, even if
the channel encounters severe attenuation due to fading at a particular frequency, the
other frequencies may be less attenuated. Since the FH-CDMA transmits over mul-
tiple time-slots and frequencies, the overall probability of successful transmission is
increased.

One of the challenges in a FH-CDMA system is to ensure that the transmitter and
intended receiver hop using the same pattern. The protocol required to ensure that
these sequences match is fairly sophisticated. The popular Bluetooth standard [12]
is based on FH-CDMA technology. The standard specifies an elaborate sequence of
steps that nodes need to follow in order to discover and share a frequency hopping
pattern based on the unique Bluetooth identity of each node and their system clocks.
The standard also employs an adaptive frequency hopping protocol. In adaptive fre-
quency hopping, the hopping pattern that each node uses can be varied with time
depending on the interference encountered [21, 32].

2.5.2.3 Orthogonal Frequency Division Multiplexing (OFDM)

OFDM is essentially a combined method for modulating and multiplexing multi-
ple signals onto a wideband channel. The primary objective of OFDM is an effi-
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cient system to transmit information over parallel channels. Consider for instance a
simple frequency division multiplexing (FDM) system in which the available band-
width B Hz is divided into m = B/b non-overlapping segments of width b Hz. A
traditional modulation pulse and carrier can be used in each of these segments.
However, in an OFDM system, the carrier frequency on each of these smaller seg-
ments (typically referred to as subcarriers) are selected in such a manner that they
are orthogonal with each other as shown in Figure 2.17. As can be seen from the
figure, at the center frequency of each subcarrier, the contributions from the other
subcarriers is 0. This orthogonality is the key to the superior spectral efficiency of
OFDM since it allows numerous subcarriers to be used within the given band with-
out causing any interference between subcarriers.

There are several variations of OFDM [24] and it has become widely used in
next generation wireless standards such as WiMAX. OFDM based signaling is also
used in wire-line systems where it is frequently referred to as discrete multitone
modulation (DMT). In this chapter, we only focus on a very basic OFDM system
and provide the key insights into its performance.

Consider the basic blocks in an OFDM system as shown in Figure 2.18. The input
data stream is first parsed into groups of N bits. Without loss in generality consider
the transmission of one input vector X of length N. This input is first passed through

N Userl N
> >
%) User 2 o) - ~ 3\
C C - - -
2 S| 2| 2 :
o o - - >
o L
L (T
User K
Time = Time =
User1 User 2 User1
/|\ User2
3 Userl
c User1l
Q User2
g— User 2
Q
o User1 User2
User1 User 2
Time >

Fig. 2.16 Simple illustration of FDMA, TDMA and frequency hopping CDMA
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alength N Inverse Discrete Fourier Transform (IDFT) resulting in output x. A cyclic
prefix which is a replica of the first ¢ symbols is appended to the end of the symbol
stream. This sequence is then transmitted over the channel.

Let the channel be represented by a linear, time-invariant (LTI) system with im-
pulse response g,. Consequently, the received signal y, is given by the convolution
of the input signal and the channel response, as

Yn =Y 8kXn—t+Zn (2.26)
k

where z,, is the additive Gaussian noise. At the receiver the portion corresponding
to the cyclic prefix is first removed. Then the resulting signal is passed through a
Discrete Fourier Transform (DFT). The output, ¥ of the DFT block is given by

Y = DFT(y,) = DFT(g,).DFT(y,) +DFT(z,)
= hp. X, +Z, (2.27)

Effectively, the signal Y can be treated as the output of a set of parallel channels
with gains A, and noise Z,. The properties of the effective discrete wideband chan-
nel (represented by g, and h,,) are discussed in Chapter 3 of this book. As long as
the length of the cyclic prefix c is greater than the spread of the channel, represented
by the size of g,, there is no intersymbol interference or interchannel interference.
The use of the cyclic prefix effectively converts the linear convolution of the channel
into a cyclic convolution.

It turns out that an OFDM system also offers the flexibility to alter the rate and
power on each subcarrier separately. The advantage of such adaptation is that it
helps achieve capacity of the wideband channel. One of the characteristics of a
wideband channel is that the channel gain is different on each subcarrier, i.e. the
hy,, varies with n. It is well known that the optimal power allocation across subcar-
riers is based on what is commonly referred to as water-filling [14]. In a variation
of OFDM, called orthogonal frequency division multiple access (OFDMA), multi-
ple users are assigned non-overlapping groups of subcarriers within the entire band.
The allocation of the subcarriers can be fixed or adaptively vary based on channel
measurements. Such adaptive subcarrier allocation plays a critical role in achieving
multiuser diversity in next generation wireless systems such as WiMAX.

In summary, the main advantages of an OFDM system are: i) low complexity
implementation because of the use of Fast Fourier Transform (FFT) to compute the
DFT [30, 41], ii) high spectral efficiency since multiple signals are superimposed in
a given amount of bandwidth, and iii) effective equalization of the fading channel
characteristics.

A major challenge with an OFDM system is that it is sensitive to timing errors
and frequency offsets between transmitter and receiver. OFDM systems also have
a high peak-to-average ratio which makes implementation a challenge. The power
amplifier used before transmission typically has a narrow operating range where
its performance is linear. Thus, the high peak-to-average ratio poses a challenge in
ensuring efficient operation of the power amplifier.
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2.5.3 Power Control

Determining the transmission power to use in a wireless system is a crucial task
which affects the overall performance. The transmission power is controlled to
achieve a variety of desired objectives, such as: i) provide performance guaran-
tees even in the presence of a time varying channel attenuation, ii) conserve battery
power in mobile devices by regulating the transmission power to the bare minimum
required to provide desired level of service, or iii) reduce the amount of interference
caused to other users in a multiuser system.

The variety and complexity of power control problems that arise in wireless sys-
tems are too numerous to cover in this chapter. For conciseness, we provide two
examples of power control problems.

Cellular Uplink: We will consider the uplink of a cellular network in which the
mobile users attempt to minimize their transmission powers to meet their desired
performance level. To keep the discussion general we will consider both orthogonal
and non-orthogonal signaling schemes used by multiple users.

Let set M and set B represent, respectively, the set of mobile users and base
stations in the network. Mobile user m € M is connected to base station b,, € B.
Let set K,,, C M denote the set of mobile users whose transmissions interfere with
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Fig. 2.17 Simple illustration orthogonality in an OFDM system
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the transmission of user m. For instance, in a CDMA network using non-orthogonal
codes and a frequency reuse of 1, K;, = M —mVm € M. In a GSM system, K,,, will
only include mobiles from cells other than b,, and which use the same frequency
as m.

The average channel attenuation between mobile m € M and base station b €
B is given by h,,;,. Let the transmit power of mobile m equal P, and the receiver
noise at base station b be denoted by N,. Thus, the received signal-to-interference
ratio SIR,,;, for mobile m at base station b is given by,

Pm|hmb|2
Yick,, Pilhip|* +Np

SIR,p = (2.28)

As noted before, the obtained average SIR is proportional to a variety of perfor-
mance metrics including throughput, and bit error rate. Thus, a typical performance
requirement might be to ensure a desired minimum level of signal-to-interference
ratio, SIR is achieved for each user. There is clearly a conflicting requirement for
each user. For instance, increasing P, results in an increase in the ratio SIR,,;, but
also decreases the ratio SIR j; for all users j such that m € K;. Thus, if each user
employed a greedy approach of increasing their power when their received SIR is
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Fig. 2.18 Basic block diagram of an OFDM system.
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lower than SIR and not changing their power when their SIR is greater than SIR all
user powers would increase to infinity and the system would become unstable.
However, it can be proved that in this case, there exists an optimum transmit
power level for each user that results in a stable operating point. This optimum op-
erating point can be obtained as the solution to the following optimization problem:

min Y P. (2.29)

meM
s5.t.SIR,,, > SIR (2.30)

As the keen reader might recognize, (2.29) is a centralized problem and requires
global knowledge of all parameters to solve. However, it turns out that there exists a
simple distributed and iterative solution to this problem. This solution only relies on
each link observing its own SIR during iteration n and modifying its transmission
power in iteration n + 1, as follows:

_ SIR(m)

One of the features of this solution is that the updates for each user can occur inde-
pendent of the other users and in a completely asynchronous manner. In most cases,
the number of iterations required to achieve convergence is small. It is typically
assumed that all system parameters including channel gains, network topology vari-
ations due to mobility, variation in the number of users occur on a time-scale that is
larger than what is required to obtain convergence.

Several variations of this problem and resulting solutions have been studied in
the literature. For instance, problems that make the solution robust, opportunistic,
and couple power control with beam-forming and scheduling have been investi-
gated [13].

Ad-hoc Networks: The second example of power control is from ad-hoc net-
works. An ad-hoc network is a collection of nodes that communicate with each
other in a multihop manner without the support of a backbone network. In an ad-
hoc network, power control is also used for network topology control (for instance
to achieve a fully connected network), or to improve the efficiency of the routing
protocol or the MAC contention process. Further, the diverse nature of the nodes
might cause a link to not have bidirectional connectivity.

Let c,»lj be the indicator function for first order or direct connectivity between
nodes i and j. That is, cilj =
denotes the set of all nodes. In the case of asymmetric links, c} j # c}-i. Let cﬁ-‘j indicate

whether a k—hop connection exists between nodes i and j. Then,

1 if node i can directly communicate with node j. Set M

k _ n k—n
€ij = I[{Oﬁnﬁggl)l(/l,l#i,j(cil )y >2 (2.32)

where [x] is the indicator function that equals 1 if the condition x is true, and
equals 0, otherwise. Let the power of node i be denoted by P;. In a more general



42 Dinesh Rajan

setting, a node may choose to use a different power level to communicate with each
of its neighboring nodes. At the other extreme, the protocol design may restrict all
nodes in the network to use the same transmission power. Recognize that cilj de-
pends on the transmission power used by node i. Computing the minimum network
power that ensures a fully connected network can be formally posed as the following
optimization problem:

min ) P, (2.33)
ieM

st. P< P (2.34)

chi(P) = cji(P)) (2.35)

I kich=1Vi jEM,i#j (2.36)

Recognize that (2.35) imposes the condition that each link is bidirectional and (2.36)
ensures that the network is fully connected.

Several protocols have been developed to solve problems of this nature in a dis-
tributed manner. We now describe a popular protocol, COMPOW [28], which se-
lects a common transmit power for all nodes, thereby ensuring each link is bidirec-
tional (P, = P}, Vi, j).

COMPOW computes and maintains multiple routing tables at each node, one for
each possible transmit power level. A routing table is essentially a look up table
that a node uses to determine the next hop to forward the packets for each possible
destination. COMPOW then determines the smallest power level at each node such
that the list of nodes that can be reached (using a finite number of hops) from that
particular node using the selected power, equals the list of nodes that can be reached
from that node using the highest transmission power. In other words, network con-
nectivity is not sacrificed in reducing the transmit power levels.

The key features of COMPOW are: i) the authors show that there is no significant
loss in asymptotic (large number of nodes) network capacity by using a common
transmit power for all nodes, ii) existence of low power routes using a low common
transmit power for all nodes, and iii) the contention at the data link layer is also
minimized.

2.6 Advanced Transceiver Methods

In this section we discuss selected advanced techniques used in state of the art wire-
less systems. These techniques are also an area of active research and form a critical
component of future wireless networks.
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2.6.1 Multiple Antenna Systems

One of the most promising methods to improve the performance of wireless systems
is the use of multiple antennas at the transmitter and receiver. Such systems are
broadly classified as multi-input-multi-output (MIMO) systems. The capacity of a
MIMO system with 7, transmit and 7, receive antennas is given by [17, 43]

Cyvivo = log det(In, +HPH"), 2.37)

where, H is the n, X n; matrix of the channel gains between the various users, I,,, is
the identity matrix of size n,, P is the diagonal matrix of size n; with the diagonal el-
ements being the power transmitted on the various transmit antennas and H* denotes
the complex conjugate of the matrix H. For simplicity, the noise at the receiver is
normalized to 1 in (2.37). For channels with certain types of fading characteristics,
this capacity grows asymptotically with SNR as

Cumimo ~ min(n;,n,)log(SNR). (2.38)

Thus, the capacity grows linearly with the number of antennas, if both the number
of transmit and receive antennas increases.

The multiple antennas can also be used for improving the diversity of the system.
The diversity of the system is defined as the exponent of the SNR in the expression
for probability of error. For instance, the maximum diversity of a Gaussian noise
channel is infinite. This diversity can be derived from the expression for probability
of error, similar to (2.6) or (2.7). By approximating the Q-function with an expo-
nential function, the asymptotic fall off of error rate with SNR can be computed.
In contrast, the diversity order in fading channels is finite. For the MIMO system
with an independent Rayleigh fading distribution between each pair of transmit and
receiver antennas, the maximum diversity equals d;;,qx = ns1;.

While it is desirable to use multiple antennas to increase the throughput as well
as reduce the error probability, there is a fundamental trade-off between these two
objectives. This trade-off is quantified by the diversity-multiplexing trade-off [55].
Specifically, the maximum diversity d(r) that can be obtained when the throughput
equals rlog(SNR) is given by the piecewise linear boundary specified by

d(r) = (n,—r)(n, —r),¥0 < r <min{n;,n,}, r € Z" (2.39)

The multiple antennas can also be used for beam-forming. In digital beam-
forming, the transmit node (for instance a cellular base station) uses a group of
antennas to transmit and receive signals. The signal for each user is premultiplied
by a different complex number at each antenna in order to shape the beam towards
the direction of that user. This beam-forming is useful in reducing the interference
experienced by other users in the system. Recent advances in antenna technology
and signal processing methods have enabled adaptive beam-forming methods to be
implemented in which the beams are adaptively designed in real-time depending on
user locations and the desired performance metric to optimize. A similar adaptive
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weighting of the signals received from multiple antennas can be used to enhance the
signal of one user and minimize the interference from the other users.

2.6.2 Scheduling, Rate, and Power Control

One of the promising areas of recent research is in the area of cross layer optimiza-
tion [6, 38]. The essential idea in cross layer optimization is to modify the design
of the protocol/algorithm in one layer based on input from a different layer. Specif-
ically, the area of cross layer scheduling, rate and power control has emerged as a
useful tool to improve performance significantly.

Consider a multiuser wireless network in which each of the users encounters a
different time varying wireless channel gain. Further, each user supports a different
type of traffic and consequently has different rate and delay requirements. The task
of the scheduler is to optimally allocate the resources (power, modulation, coding
rate, time-slots, frequency bands) to the various users to optimize a desired global
network level metric while also satisfying some fairness constraints. These fairness
constraints are required to ensure that no single user is starved of network resources.
These scheduling issues are covered in detail in Chapter 14 for general wireless
systems and in Chapter 13 for WiIMAX systems.

2.7 Conclusions

In this chapter, we considered the basics of a digital wireless communication system.
The focus is on introducing the fundamental concepts of modulation and coding in a
manner that is broadly accessible. Basic multiple access methods including popular
CDMA and OFDM are also introduced.

‘We did not consider the various models for wireless channels. As noted before,
several detailed and extensive models for the wireless channel are available and are
briefly discussed in Chapter 3.
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