Chapter 4
Modulation and Power Spectrum

Modulation is the process whereby message information is embedded into a radio frequency carrier. Such information can
be transmitted in either the amplitude, frequency, or phase of the carrier, or a combination thereof, in either analog or
digital format. Analog modulation schemes include amplitude modulation (AM) and frequency modulation (FM). Analog
modulation schemes are still used today for legacy broadcast AM/FM radio and citizens band (CB) radio, but all other
communication and broadcast systems now use digital modulation. Digital modulation schemes transmit information using
a finite set of waveforms and have a number of advantages over their analog counterparts. Digital modulation is a natural
choice for digital sources, e.g., computer communications. Source encoding or data compression techniques can reduce the
required transmission bandwidth with a controlled amount of signal distortion. Digitally modulated waveforms are also more
robust to channel impairments such as delay and Doppler spread, and co-channel and adjacent channel interference. Finally,
encryption and multiplexing is easier with digital modulation schemes.

To achieve high spectral efficiency in wireless systems, signaling schemes are sought that provide power and bandwidth
efficient communication. In an information theoretic sense, it is desirable to operate close to the Shannon capacity limit
of a channel. This generally requires the use of error control coding along with a jointly designed encoder and modulator.
However, this chapter only considers modulation schemes, while the subject of coding and coded modulation is considered
in Chap. 8. The bandwidth efficiency of a modulation scheme indicates how much information is transmitted per channel
use and is measured in units of bits per second per Hertz of bandwidth (bits/s/Hz). The power efficiency can be measured
by the received signal-to-interference-plus-noise ratio (SINR) that is required to achieve reliable communication with a
specified bandwidth efficiency in the presence of channel impairments such as delay spread and Doppler spread. In general,
modulation techniques for spectrally efficient wireless systems should have the following properties:

e Compact Power Density Spectrum: To minimize the effect of adjacent channel interference, the power radiated into the
adjacent band is often limited to be 60-80 dB below that in the desired band. This requires modulation techniques having
a power spectrum characterized by a narrow main lobe and fast roll-off of side lobes.

* Robust Communication: Reliable communication must be achieved in the presence of delay and Doppler spread, adjacent
and co-channel interference, and thermal noise. Modulation schemes that promote good power efficiency in the presence
of channel impairments are desirable.

* Envelope Properties: Portable and mobile devices often employ power efficient nonlinear (Class-C) power amplifiers
to minimize battery drain. However, amplifier nonlinearities will degrade the performance of modulation schemes that
transmit information in the amplitude of the carrier and/or have a non-constant envelope. To obtain suitable performance,
such modulation schemes require a less power efficient linear or a linearized power amplifier. Also, spectral shaping
is usually performed prior to up-conversion and nonlinear amplification. To prevent the regrowth of spectral side lobes
during nonlinear amplification, modulation schemes having a relatively constant envelope are desirable.

This chapter considers digital modulation techniques that are commonly found in wireless communication systems.
Section 4.1 begins the chapter with a mathematical framework for bandpass modulated signals. Section 4.2 discusses
Nyquist pulse shaping for ISI-free transmission. Sections 4.3, 4.4, 4.5, 4.6, 4.7, and 4.8 provide a detailed treatment of
the various linear and nonlinear digital modulations techniques that are found in wireless systems, including QAM, PSK,
7 /4-DQPSK, orthogonal modulation, OFDM, CPM, GMSK, and others. Finally, Sect. 4.9 considers the power spectrum of
digitally modulated signals.
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4.1 Representation of Bandpass Modulated Signals

Bandpass modulation schemes refer to modulation schemes that transmit information by using carrier modulation, such that
the signal bandwidth is much less than the carrier frequency. A bandpass waveform s(f) can be expressed in terms of its
complex envelope as

s(t) = Re {5(1)e/*™'} | .1
where
5(2) = 51(2) + jso(1) 4.2)

is the complex envelope and f, is the carrier frequency. For any digital modulation scheme, the complex envelope can be
written in the standard form

5(=A Z b(t — nT,x,) 4.3)
X, = (X0, Xu—1s «vvy Xu—kK)» “4.4)

where A is the amplitude and {x,} is the sequence of complex data symbols that are chosen from a finite alphabet, and K is
the modulator memory order which may be finite or infinite. One data symbol is transmitted every T seconds, so that the baud
rate is R = 1/T symbols/s. The function b(t, x;) is a generalized shaping function whose exact form depends on the type of
modulation that is employed. For example, binary phase shift keying (BPSK) with rectangular amplitude pulse shaping has

b(t,x,) = x,ur(t) “4.5)
where

x, € {—1, 41} is the data symbol transmitted at epoch n

ur(t) = u(t) — u(t — T) is a unit amplitude rectangular pulse of length T

and u(t) is the unit step function. Many types of modulation are considered in this chapter, where information is transmitted
in the amplitude, phase, and/or frequency of the carrier. In each case, the modulated signal will be represented in the standard
form in (4.3). This is done to streamline the task of finding their power spectra.

By expanding (4.1), the bandpass waveform can also be expressed in the quadrature form

s(1) = 51(t) cos(2mfet) — 5o(t) sin(2mfet). (4.6)

The waveforms 5,(f) and 5o(f) are known as the quadrature components s(f), because they modulate the quadrature
components of the carrier, cos 2nf.t and sin 27f.t, respectively.
Finally s(¢) can be expressed in the amplitude-phase form

s(t) = a(t) cos2rf.t + ¢ (1)), 4.7
where
a(r) = [3()] = \/57(1) +55(1) (4.8)
_ Tan—! [ 2®
¢(1) = Tan |:§1 0 ] . (4.9)

and where a(¢) is the amplitude and ¢ () is the excess phase. The three representations in (4.1), (4.6), and (4.7) are equivalent,
but sometimes one representation is more handy than the other two depending on the particular task at hand.
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4.1.1 Vector Space Representations

For digital modulation schemes, the bandpass signal that is transmitted at each baud epoch will belong to a finite set of
finite energy waveforms with a few exceptions. Let {s;(7), s,(?), ..., sy (f)} be the set of bandpass waveforms, where M
denotes the size of the signal set. The corresponding complex envelopes are denoted by {51 (¢), 52(¢), . . . , Sy(¢) }. For now, the
development will proceed using the complex envelopes, and the bandpass waveforms will be treated later.

An N-dimensional complex vector space can be defined by a set of N complex orthonormal basis functions

{o1(®), 01(2), ..., oNn(t)}, where

o0
/ g/ (t)dt = & (4.10)
and
T (4.11)
TTl0Li £ :

Each waveform 5,,(¢) in the signal set can be projected onto the set of basis functions to yield a signal vector

§m:(§ml»§m23 ~‘-7§m1v)a mzla”'aM, (412)
where
o
S :/ Sm(e(t)de, i=1, ..., N. (4.13)
—0o0
The collection of N basis functions is said to constitute a complete set, if each waveform in the set {5;(¢), 5,(¢), ..., Sy (?)}

can be expressed exactly as a linear combination of the basis functions. That is,
N
() = Fmi(0), m=1, ..., M. (4.14)
i=1

A systematic procedure for constructing a complete set of basis functions from the set of signal waveforms
{51(2),52(¢), ..., Sp(2)} is now described.

4.1.2 Gram-Schmidt Orthonormalization Procedure

Define the inner product between two complex-valued waveforms u(f) and v(¢) as

(u,v) 2 / ” u(r)v*(r)dr (4.15)

—0o0

and define the norm of the waveform u(r) as

lull £ /(. w). (4.16)

Note that the squared-norm

wwémm=/wmww @17

—00

is the energy contained in the complex-valued waveform u(r).
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Given the finite set of finite energy signals {5(¢),5,(?),...,54(?)}, a complete set of orthonormal basis functions
{1(1), 92(1), ..., on(t)} can be constructed by using the following systematic procedure, known as the Gram—-Schmidt
orthonormalization procedure:

1: Using 5(¢), let

g1(1) = 51(7)
and define
t
o) = £ 4.18)
g1l
2: Using 5,(¢), let
82(1) = 52(1) — 521901 (1)
where
521 = (52, 1)
and define
t
o) = 29 (4.19)
g2
3: Using 5;(1), let
i—1
gi() = 5i() — Y _Fe;(0)
j=0
where
5ij = (i, ¢)
and define
gi(1)
pi(t) = =—. (4.20)
l1ill
4: Repeat Step 3 in a recursive fashion until all elements of the waveform set {5, (¢), 5,(¢), . . ., Sy (f)} have been used.

If one or more steps in the above recursion yields g;(t) = 0, then the corresponding waveform 5;(¢) can already be expressed
exactly in terms of the basis functions already generated. Consequently, the waveform 5;(¢) will not yield an additional basis
function and the procedure continues to the next waveform in the set, 5;+1(¢). In the end, a complete set of N, 1| < N < M
complex orthonormal basis functions {¢;(¢), 92(¢), ..., @n(t)} corresponding to the non-zero g;(r) will be obtained. The
dimensionality of the complex vector space N is equal to M if and only if the original set of waveforms {5 (¢), 52(7), ..., Sy (1)}
are linearly independent, i.e., none of the waveforms in the set is a linear combination of the other waveforms in the set.
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Example 4.1 (continued)
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Fig. 4.3 Signal constellation for Example 4.1

In the above development, the Gram—Schmidt orthonormalization procedure was applied to the set of complex envelopes
{51(2),52(¢), ..., Sp(2)} to produce a complete set of N < M complex basis functions {¢; (¢), ¢2(?), . .., ¢n(f)}, where N is the
dimension of the complex vector space. By using the exact same Gram—Schmidt orthonormalization procedure, a complete
set of N real-valued orthonormal basis functions {¢;(¢), ¢2(?), ..., @n(f)} can be obtained from the real-valued bandpass
waveforms {51 (), s2(¢), ..., sp(t)}, expressed in quadrature representation (4.6), and where N is the dimension of the real
vector space. In this case, the complex conjugates in (4.10) and (4.13) may be omitted since all waveforms are real-valued.
By using the real-valued basis functions, each bandpass waveform s,,(#) can be projected onto the set of real-valued basis
functions to yield the set of signal vectors

Sm = (Smys Smgs -ovs Smy) » m=1,.... M, 4.21)
where
o0
sw=/ suD@idt, i=1, ..., N, (4.22)
—00
and
N
sm(®) = smpi(t), m=1, ..., M. (4.23)

i=1

Note that the set of orthonormal basis functions and the dimensionality of the vector space needed to represent the bandpass
waveforms and their corresponding complex envelopes are related. The complex-valued basis functions each define a 2-
dimensional complex plane. So for one-dimensional complex-valued or two-dimensional real-valued signal constellations
each complex basis function will yield two orthogonal real-valued basis functions. If the complex envelopes happen to be
real-valued, then just a single real-valued basis function, different in each case, is required to represent both the real-valued
bandpass waveforms and their complex envelopes.
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4.1.3 Signal Energy and Correlations
Define the inner (dot) product between two length-N complex vectors u and v as
N
u-v =D ) (4.24)
i=1

and the norm (length) of the vector u as

N
lufl £ Vuut = | (4.25)
i=1

If the vectors happen to be real, the complex conjugates and absolute values can be neglected.
Consider the set of bandpass waveforms

sm(f) = Re {5, (D™}, m=1,....M. (4.26)

The energy in the bandpass waveform s,,(f) is

[e.o]

Ep = (S, Sm) = / s2 (t)dt. 4.27)

Using the amplitude-phase representation of a bandpass waveform in (4.7), and the trig identity cos?(x) = %(1 + cos(2x)),
gives

3
I

/ T B0 cos@fet + dm(®))? dr

3 [ 0P+ 5 [ a0 costint 2000

L[> )

= Sm(t)|dt

2/_mh 0l
= G (4.28)
—zsm,sm. .

%

where ¢,,(1) = Tan™! [Em,Q(t) / Em,l(t)]. The above approximation is valid when the bandwidth of the complex envelope is
much less than the carrier frequency so that the double frequency term can be neglected. For digital bandpass modulated
signals, this condition is equivalent to .7 >> 1 so that there are many cycles of the carrier in the baud period 7. This
condition is satisfied in most wireless systems.

By using the vector representation of the bandpass waveforms in (4.21)—(4.23), it follows that the energy in the bandpass
waveform s,,(¢) is

o [ N 2 N
Em = / (Z Smi(/)i(t)) dr = Zsii = ”Sm”2’ (429)
0 \i=1] i=1

where the second equality follows from the orthonormal property of the basis functions in (4.10). Notice that the energy in
sm(t) is equal to the squared-norm (length) of the corresponding signal vector s,,. Likewise, by using the vector representation
of the corresponding complex envelope, the energy in the bandpass waveform s,,(¢) is also equal to

1 e |
En=3 / S Si(0)
0 li=1

oY 1
de =23 [ l* = 51l (430)
i=1

Note that the energy in the bandpass waveform is one-half the energy in its complex envelope. This is due to the carrier
modulation.
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The correlation between the bandpass waveforms s,,(¢) and s;(7) is defined as

1 /‘oo
Pkm = —F—— S (0)si(t)dt
\/EkEm —00
_ Sm * Sk
”Sm” ”Sk”
Sm-S;
=Re{#}. (4.31)
”Sm” ”Sk“

Finally, the squared Euclidean distance between the bandpass waveforms s;(¢) and s,,(¢) is

o0
G= [ G —sra
—00
— s —sill?
Lo
= EHSm_Sk” : (4.32)

The results in (4.31) and (4.32) may be obtained using (4.14) and (4.23) along with the orthonormal property of the basis
functions.

4.2 Nyquist Pulse Shaping

Consider a modulation scheme where the transmitted complex envelope has the

5(t) =AY xhy(t —nT) (4.33)

where h,(¢) is a real-valued amplitude shaping pulse, {x,} is a complex data symbol sequence, and T is the baud period. As
will be discussed in Chap. 5, the receiver usually employs a filter that is matched to the transmitted pulse, having the form
h.(t) = h,(T, — t), where T, is the duration of the amplitude shaping pulse /,(7). An overall pulse can be defined that is the
cascade of the transmitted pulse /,(¢) and the receiver matched filter k,(¢) as p(t) = h,(t) * h,(T, — t), where * denotes the
operation of convolution.

For the time being, consider an ideal channel having impulse response g(¢, 7) = (). In the absence of thermal noise in
the receiver, the waveform at the output of the receiver matched filter is

$() =AY xup(t—nT). (4.34)

Now suppose the received complex envelope y(z) is sampled once every T seconds to yield the sample sequence {y;}, where

e =JUT +1,) =AY x,p(kT + 1, — nT) (4.35)

and 7, is a timing offset assumed to lie in the interval [0, 7). First consider the case when ¢z, = 0; the effect of having a
non-zero timing offset will be treated later. When 7, = 0

Ve =AY Xapion = Axpo +A Y P, (4.36)
n n#k

where p,, = p(mT) is the sampled overall pulse. The first term in (4.36) is equal to the data symbol transmitted at the kth
baud epoch, scaled by the factor Apy. The second term is the contribution of all other data symbols on the sample y;. This
term is called intersymbol interference (ISI). To avoid the appearance of ISI, the sampled pulse response {p;} must satisfy
the condition

Pr = Sropo, (4.37)
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where 8 is the Dirac delta function defined in (4.11). This requirement is known as the (first) Nyquist criterion. Under this
condition,

Yk = Axpo. (4.38)

An equivalent frequency domain requirement is now derived by showing that the continuous-time pulse p(f) satisfies the
condition p; = 8iopo if and only if

P2 S P E) =p (4.39)

n=—0oo

The function Py (f) is called the folded spectrum, and ISI is avoided if and only if the folded spectrum is flat, i.e., it assumes
a constant value. To prove the above property, the inverse Fourier transform can be used to write

[ ppernas

—00

Pk

[o.¢]

(2n+1)/2T )
[ ety
ne—eo J @n=1)/2T

o

1/27 "
o jan(f’-‘rﬂ)T /
/_ P(f + T)e LT

oo J —1/2T

[ Zreep)ema

1/27 | e

1/2T ]
=T / Ps () df. (4.40)
—1/2T

Since Py (f) is periodic with period 1/T, it follows that the last line in (4.40) represents a Fourier series analysis equation
except for the sign of the exponential term. Therefore, {p_;} and Py (f) are a Fourier series pair, and Py (f) can be constructed
from {p_;} by using the Fourier series synthesis equation, viz.,

o0 o0
Ps(f)= > pae®™ = 3" pe T, 4.41)

k=—00 k=—00

To prove that (4.39) is a sufficient condition for ISI-free transmission, suppose that (4.39) holds true. Then Py (f) = poT
and from the last line of (4.40)

1/2r sintk
Pk = f M by Tdf = —P0 = Supo. (4.42)
—1/2T

To prove that (4.39) is a necessary condition for ISI-free transmission, suppose that p; = pydxo holds true. Then from (4.41)
Px(f) = po, and the folded spectrum must be flat.

The requirement on the folded spectrum in (4.39) allows us to design pulses in the frequency domain that will admit
ISI-free transmission. First consider a pulse having the Fourier transform

Pn(f) = Trect(fT), (4.43)

where

I, |fl < 1
t = ’ - 2T 4.44
rect(fT) 0, elsewhere ( )

This pulse has a flat folded spectrum. The corresponding time domain pulse
pn(t) = sinc(t/T) (4.45)

satisfies the first Nyquist criterion because it has equally spaced zero crossings at 7' second intervals. Furthermore, from the
requirement of a flat folded spectrum, it achieves zero ISI while occupying the smallest possible bandwidth. Hence, it is
called an ideal Nyquist pulse. The edge frequency f = 1/2T is called the Nyquist frequency.
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Fig. 4.4 Construction of pulses satisfying the (first) Nyquist criterion

The effect of the sampling or timing offset 7, is now examined with the aid of the ideal Nyquist pulse. With a timing offset
Fe =AY xysinc((kT + t, —nT)/T)

= Axisinc(t,/T) + A Y xysinc((kT + t, — nT)/T) (4.46)
n#k

Observe that the ISI term is non-zero when the timing offset is non-zero. In fact, with an ideal Nyquist pulse, the ISI term is
not absolutely summable as shown in Problem 4.1. This is because the tails of the ideal Nyquist pulse in (4.45) decay in time
as 1/t. To reduce this sensitivity to symbol timing errors, pulses need to be designed that satisfy the first Nyquist criterion
while having tails that decay faster than 1/z.

The construction of other Nyquist pulses starts with the ideal Nyquist pulse, Py (f), shown in Fig. 4.4a. To the pulse Py(f),
a “transmittance” function P, (f) is added as shown in Fig. 4.4b. The transmittance function must have skew symmetry about
the Nyquist frequency 1/27, and any skew symmetric function will do. The resulting Nyquist pulse P(f) is shown in Fig. 4.4c.
Clearly, the folded spectrum Py (f) is flat if the transmittance function is skew symmetric about the Nyquist frequency 1/2T.
The corresponding time domain pulse p(¢) can be obtained from the inverse Fourier transform of resulting P(f). Notice that
the pulse P(f) takes up additional bandwidth, but the bandwidth expansion will result in a time domain pulse p(¢) having
tails that decay faster in time than the ideal Nyquist pulse.

4.2.1 Raised Cosine and Root Raised Cosine Pulse

The raised cosine pulse is defined in the frequency domain by

, 0<|fl=(1-8)/2T
[1 _sin (”U;‘T _ ﬁ)] . (1—=B)/2T < |f| < (1 + B)/2T . (4.47)
, fl =0+ p)/2r

P(f) =

S NN
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The bandwidth of the raised cosine pulse is (1 4+ 8)/2T, where the parameter 8,0 < < 1 is called the roll-off factor and
controls the bandwidth expansion. The term “raised cosine” comes from the fact that pulse spectrum P(f) with § = 1 has a
“raised cosine” shape, i.e., with § = 1

P() =+ 11 +cos(/T)], 0= If] < 1T, (4.48)

The inverse Fourier transform of P(f) in (4.47) gives the corresponding time domain pulse

sin(wwt/T) cos(Bnt/T)
xt)T 1 —QBt/T)*

Pl = (4.49)

For B = 0, p(t) reduces to the ideal Nyquist pulse in (4.45). Notice that the tails of the raised cosine pulse decay as 1/7°.
As mentioned before, the overall pulse produced by the cascade of the transmitter and receiver matched filters is p(r) =
ha(t) * ha(T, — 1). It follows that the Fourier transform of p(¢) is P(f) = H,(f)H*(f)e 7> Te = |H,(f)|>e>"To. Hence,
both the transmitted pulse and receiver matched filter have the same magnitude response |H,(f)| = |P(f)|'/?, where P(f) is
defined in (4.47). If the overall pulse p() is a raised cosine pulse with P(f) defined in (4.47), then the pulse A,(¢) is said to be
a root raised cosine pulse. Taking the inverse Fourier transform of |H,(f)| = ~/T|P(f)|'/? gives the root raised cosine pulse

1-B8+48/n , t=0
ha(t) = 1 (B/~2) (1 +2/70) sin(x/4B) + (1 =2/m) cos(n/4B)) , 1= £T/4p (4.50)
4B(t/T) cos((14B)nt/T)+sin((1—B)nt/T)
RGBT , elsewhere
For 8 = 0, the root raised cosine pulse reduces to the sinc pulse
hy(t) = sinc(t/T). 4.51)

The raised cosine and root raised cosine pulses corresponding to 8 = 0.5 are shown in Fig. 4.5. Strictly speaking, the
root-raised cosine pulse in (4.50) is non-causal. Therefore, in practice, a truncated and time shifted approximation of the
pulse must be used. For example, in Fig. 4.5 the pulse is truncated to length 67 and right time-shifted by 37 seconds to yield
a causal pulse. The time-shifting makes the pulse have a linear phase response, while the pulse truncation will result in a
pulse that is no longer strictly bandlimited. Finally, the raised cosine pulse is a Nyquist pulse having equally spaced zero
crossings at the baud period T, while the root-raised cosine pulse by itself is not a Nyquist pulse and does not have equally
spaced zero crossings.

4.3 Quadrature Amplitude Modulation

Quadrature amplitude modulation (QAM) is a bandwidth efficient modulation scheme that is used in numerous wireless
standards. With QAM, the complex envelope of the transmitted waveform is

§(t) =AY b(t—nT.x,) (4.52)

where
b(t, %) = Xuhy(1) (4.53)

hq(t) is the amplitude shaping pulse (very often chosen as a root-raised cosine pulse), and x, = x;,, + jxg,, is the complex-
valued data symbol that is transmitted at baud epoch rn. It is apparent that both the amplitude and the excess phase of a
QAM waveform depend on the complex data symbols. QAM has the advantage of high bandwidth efficiency, but amplifier
nonlinearities will degrade its performance due to the non-constant envelope.
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1.2

——raised cosine
; -V | = = =root raised cosine

h, (1)

Fig. 4.5 Raised cosine and root raised cosine pulses with roll-off factor § = 0.5. The pulses are truncated to length 67 and right time shifted by
3T seconds to yield causal pulses

The set of possible QAM waveforms that are transmitted at each baud epoch have the complex envelopes

Su(t) = Axph,(t) m=1,2,..., M. 4.54)
To obtain the vector representation of the complex envelopes 5,,(¢),m = 1,2, ..., M, the basis function
A2
1) = { —h,(t 4.55
910) = \[ 5 ha0) (455)
can be used, where
A2 e’}
E,=— / R (1)dt (4.56)
2 )

is the energy in the bandpass pulse Ak, () cos 27 f.t under the condition f.7 > 1. Using this basis function

Em(t) =V 2Eh Xm @1 (t)v (457)

and the QAM complex signal vectors are the complex-valued scalars'

Sm=V2E xy,, m=12,...,M. (4.58)

4.3.1 QAM Signal Constellations

A variety of QAM signal constellations may be constructed. Square QAM constellations can be constructed when M is an
even power of 2 by choosing x;,,, xg.m € {£1, £3, ..., :I:(M — 1)}, where M = /M. The complex signal-space diagram
for the square 4-, 16, and 64-QAM constellations is shown in Fig. 4.6. Notice that the minimum Euclidean distance between
any two signal vectors is 2+4/2E;,. When M is an odd power of 2, the QAM signal constellation is not square. In this case,

Note that the dimensionality of the complex signal-space is N = 1.
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Fig. 4.7 Complex signal-space diagram for cross QAM constellations
° °
°
o (2) o (7)
° 1 1
° °

Fig. 4.8 Complex signal-space diagrams for 8-QAM constellations

the constellation assumes the shape of a cross in an attempt to minimize the average energy in the constellation for a given
minimum Euclidean distance between signal vectors. Examples of QAM *“cross constellations” are shown in Fig. 4.7. Other
types of QAM constellations are possible as well. Figure 4.8 shows two different 8-QAM constellations.

4.3.2 PAM Signal Constellations

Pulse amplitude modulation (PAM) can be viewed as a special case of QAM, where information is transmitted only
in the cosine component of the RF carrier. This can be accomplished by using real data symbols x,, = x;,,, where
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Fig. 4.9 Complex signal-space
diagram for the 4- and 8-PAM M=4
constellations

—e—oo—o— ((1)

2\/2E, M=8

—o—o—o—o—— (1)

xrm € {£1,£3,...,£(M — 1)}. Equivalently, the set of data symbols can be generated according to x;,, € {2m—1—M :

m=1,2,...,M}. The PAM complex signal vectors are the real-valued scalars
Sm=V2E,.Cm—1-M), m=1,2,...,M. 4.59)

Typical 4- and 8-PAM signal constellations are shown in Fig. 4.9.

4.4 Phase Shift Keying
The complex envelope of a phase shift keying (PSK) signal has the form

5(1) =AY b(t—nT.x,), (4.60)
where

b(t,Xn) = x,ha(1), 4.61)

hy(?) is the amplitude shaping pulse, x, = ¢/ and the phases 6, take on values from the set

,e{—n, n=0,1, ..., M—1;, (4.62)
M

The set of possible PSK waveforms that are transmitted at each baud epoch have the complex envelopes

Su(1) = Ahg ()% . m=1,2,..., M. (4.63)
Using the basis function in (4.55)
Su(t) = V2E@o(t), m=1,.... M, (4.64)

and the PSK complex signal vectors are the complex-valued scalars
Sm= V2E  m=1,2,... M. (4.65)
The complex signal-space diagram for 8-PSK is shown in Fig. 4.10. Recall the energy in a PSK bandpass waveform is equal

to one-half the squared length of its complex signal vector. It follows that the PSK bandpass waveforms all have equal
energy Ej.
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Fig. 4.10 Complex signal-space
diagram for the 8-PSK \ 2E},
constellation

6,00

44.1 Offset QPSK (OQPSK)

QPSK or 4-PSK is equivalent to 4-QAM, where x,, = x;,, + jxg., and x; ., xg,, € {—1/ V2, +1 / «/i} The QPSK signal can
have either +90° or 180° shifts of the excess phase from one baud interval to the next. With offset (or staggered) QPSK
(OQPSK), the complex envelope is

(1) =AY b(t—nT.x,) (4.66)

where
b([, Xn) = x],nha(t) +ij,nha(t - Tb) (4.67)

and T, = T/2 is the bit interval. With OQPSK signals, the possibility of 180° shifts of the excess phase is eliminated. In
fact, the excess phase can only change by +90° every T}, seconds. With OQPSK, the amplitude shaping pulse 4, () is often
chosen to be the root-raised cosine pulse in (4.50) to yield a compact power spectrum.

The signal-space diagrams for QPSK and OQPSK are shown in Fig. 4.11, where E}, is the symbol energy. The dotted lines
in Fig. 4.11 show the allowable excess phase transitions. The exact excess phase trajectories depend on the amplitude shaping
function. Note that the excess phase trajectories with OQPSK do not pass through the origin, while those with QPSK do. This
property reduces the peak-to-average power ratio (PAPR) of the OQPSK waveform as compared to the QPSK waveform,
where the PAPR is defined as

max 50

PAPR = limy— 00— e L SO

=1 [, 15(0)|?dt

A lower PAPR makes the OQPSK waveform less sensitive to power amplifier nonlinearities than the QPSK waveform. For
this reason OQPSK waveforms have been used for satellite communication links, where the satellite transponders use power
efficient nonlinear amplifiers.

442 7n/4-DOPSK

The /4 phase-shifted differential quadrature phase shift keyed (;r/4-DQPSK) modulation scheme was used in some types
of now extinct second generation cellular telephone systems. Similar to QPSK and OQPSK, 7/4-DQPSK transmits 2 bits
per modulated symbol. However, unlike QPSK and OQPSK where information is transmitted in the absolute excess phase,
7 /4-DQPSK transmits information in the differential excess phase, and one of 8 absolute excess phases are transmitted at
each baud epoch.
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QPSK OQPSK

Fig. 4.11 Complex signal-space diagram QPSK and OQPSK signals

Let 6, be the absolute excess phase for the nth data symbol, and let A6, = 6, — 6, be the differential excess phase.
With 7/4-DQPSK, the differential excess phase is related to the quaternary data sequence {x,}, x, € {1, £3} through the

mapping
Ab, = x, (4.68)
4
Notice that the excess phase differences are £/4 and £35/4. The complex envelope of the 7/4-DQPSK signal is

5() =AY b(t—nT.x,), (4.69)

where

b(t, %) = ha(1) exp {/ (On—l + x%)}

n—1
= h,(t) exp §]% ( Z X¢ + xn)

k=—00

(4.70)

The summation in the exponent of (4.70) represents the accumulated excess phase, while the last term is the excess phase
increment due to the nth data symbol. The absolute excess phase during the even and odd baud intervals belongs to the sets
{0, 7/2,7,37/2} and {7 /4,37 /4,57 /4, T /4}, respectively, or vice versa. With 77 /4-DQPSK the amplitude shaping pulse
h,(1) is often chosen to be the root-raised cosine pulse in (4.50).

The signal-space diagrams for QPSK and 7/4-DQPSK are shown in Fig.4.12, where Ej, is the symbol energy. The
dotted lines in Fig. 4.12 show the allowable phase transitions. The phaser diagram for 7 /4-DQPSK with root-raised cosine
amplitude pulse shaping is shown in Fig. 4.13. Note that the phase trajectories do not pass through the origin. Like OQPSK,
this property reduces the PAPR of the complex envelope, making the 7 /4-DQPSK waveform less sensitive to power amplifier
nonlinearities. Moreover, since the root-raised cosine pulse is not a Nyquist pulse, the phase trajectories do not go through
the signal constellation points either. Finally, observe that the excess phase of 7/4-DQPSK changes by +7/4 or +37/4
radians during every baud interval. This property makes symbol synchronization is easier with 7 /4-DQPSK as compared to
QPSK.
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Fig. 4.12 Complex signal-space diagram QPSK and 7/4-DQPSK signals
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Fig. 4.13 Phaser diagram for 7/4-DQPSK with root-raised cosine amplitude pulse shaping; 8 = 0.5

4.5 Orthogonal Modulation and Variants

Orthogonal modulation schemes transmit information by using a set of waveforms, that may overlap in frequency but are
orthogonal in time. Many different types of orthogonal waveforms are possible and here a few methods are considered that
are commonly used in wireless systems.

4.5.1 Orthogonal FSK Modulation

Orthogonal M-ary frequency shift keying (MFSK) uses a set of M waveforms that all have different frequencies. The MFSK
complex envelope is
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(1) =AY b(t—nT.x,), @.71)
n

where

XAy

b(t,x,) = exp {j t} ur (1) 4.72)

and x, € {£1,£3,...,£M — 1}. The set of MFSK waveforms that are transmitted at each baud epoch have the complex
envelopes

A
Bl Z fz} wr(t), m=1,....M. (4.73)

Sm(t) = Aexp % j

By choosing the frequency separation Ay = 1/27, all the §,,(t), m = 1,..., M are mutually orthogonal (see Problem 4.7).
Since the 5, (7) are mutually orthogonal, the MFSK signal vectors have dimension N = M. The appropriate set of basis
functions is

1 mIT A
o) = \/;exp {jx ’; ft% wr(), i=1,...,M=N. (4.74)
The MFSK complex signal vectors are
Sm = V2Epe,, m=1,....M, (4.75)

where e,, = (e1, €2, ..., eum), € = 8, is a length-M unit basis vector with a “1” in the mth coordinate.

4.5.2 Binary Orthogonal Codes

Another set of mutually orthogonal waveforms can be obtained from the rows of a Hadamard matrix. A Hadamard matrix,
H,,, is generated recursively according to

Hy o Hypo :|
Hy = .
M |:HM/2 —Hy 2

where H; = [1]. For example, the 8 x 8 Hadamard matrix obtained from the above recursive procedure is

C4+1 4141 +1 4141 +1 +17]
+1 -1 +1—1+1—-141 -1
+1 41 -1 —-1+14+1-1 -1
+1 =1 =141 +1 -1 -1 +1

B = 41121 =121 | (4.76)

+1 =1 +1 =1 =1 +1 =1 +1

+1 41 =1 =1 =1 =1 41 +1
+1 -1 =141 -1 +1 41 —1 |

The rows of the Hadamard matrix are mutually orthogonal. A set of M equal energy orthogonal waveforms can be constructed
according to

M
Sn() =AY hyehe(t—KT) . m=1,....M, 4.77)
k=1
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where £, is the kth co-ordinate in the mth row of the Hadamard matrix, T = MT, is the symbol duration, and 4.(¢) is a root
Nyquist shaping pulse with a Nyquist frequency of 1/(27,). Sometimes the above waveforms are called Walsh codes, and
find application in the forward link of some cellular code division multiple access (CDMA) systems, such as IS-95A/B and
cdma2000.

The bandpass waveforms, s,,(f), all have energy

MAZ o0
Ep= — / R (t)dt. (4.78)
2 Jw

To construct signal vectors, the appropriate choice of basis function is
M

A
(1) = hyh.t—kT.), i=1,....M 4.79
(1) m; e ( ), (4.79)

and once again the signal vectors are

Sn = V2Eren, m=1,....M. (4.80)

4.5.3 Biorthogonal Signals

A set of M biorthogonal waveforms can be constructed from a set of M /2 orthogonal waveforms. The M-ary biorthogonal
waveforms have complex signal vectors

5 — VaEse; . i=1....M/2 ’ “81)
—Si—Mm/2 l=M/2+1,...,M

where the unit basis vectors e; have length N = M /2. By using an appropriate set of basis functions, for example in (4.74)
or (4.79), the complex envelopes of the biorthogonal waveforms can be synthesized.

4.5.4 Orthogonal Multipulse Modulation

With binary orthogonal codes only k& = log,M bits are transmitted at each baud epoch. A much more bandwidth efficient
scheme can be obtained by using the rows of the Hadamard matrix Hy to define N orthogonal amplitude shaping pulses

N—1
hi(t) = hyho(t—kT.) . i=1.....N (4.82)
k=0

each having duration 7 = NT,. With orthogonal multipulse modulation, a block of M = N data symbols are transmitted in
parallel every T seconds by using the N orthogonal amplitude shaping pulses in (4.82). The transmitted complex envelope is

5(=A Z b(t — nT,xy), (4.83)
where
N—1
b(t.X,) = Y Xy (1) (4.84)
k=0

T = NT,, and X,, = (X, Xy, - - - , Xny) 1S the block of M = N data symbols transmitted at epoch n.
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4.6 Orthogonal Frequency Division Multiplexing

All of the modulation techniques discussed so far are single-carrier modulation techniques that employ a single RF
carrier. Another possibility is to use multi-carrier modulation techniques where information is transmitted in parallel by
using multiple subcarriers. Orthogonal frequency division multiplexing (OFDM) is perhaps the most popular multi-carrier
modulation technique. OFDM was first introduced in the 1960s [55], but it was perhaps the efficient DFT implementation of
OFDM developed by Weinstein and Ebert [348] that has led to its popularity and widespread use. OFDM was first suggested
for use cellular land mobile radio by Cimini [66] and later implemented in the Motorola IDEN (Integrated Digital Enhanced
Network) standard [44]. OFDM is now used in a large number of standards for broadcasting (DVB-T, DVB-H, MediaFLO,
and others), wireless LAN or WiFi (IEEE 802.11a/g/n/p), wireless MAN or WiMAX (IEEE 802.16), mobile broadband
wireless access (MBWA) (IEEE 802.16e mobile WiMAX), wireless regional area networks (WRAN) (IEEE 802.22), and
the cellular land mobile radio [3GPP Long Term Evolution (LTE) air interface named High Speed OFDM Packet Access
(HSOPA)], among others.

OFDM is a block modulation scheme where data symbols are transmitted in parallel on orthogonal subcarriers. A block of
N data symbols, with symbol period Ty, is converted into a block of N parallel data symbols, each of duration T = NTj. The
N parallel data symbols modulate N subcarriers that are spaced in frequency 1/7 Hz apart. The OFDM complex envelope is
given by

§(0) =AY b(t—nT.x,), (4.85)
where
N—1 -
b(t.%,) = ur(t) ) xuse T (4.86)
k=0
n is the block index, k is the subcarrier index, N is the number of subcarriers, and x,, = {x,0, Xn.1, ..., Xs.N—1} is the data

symbol block at epoch n.

The data symbols x,, ; are usually chosen from a QAM or PSK signal constellation, although any 2-D signal constellation
can be used. The 1/T Hz frequency separation of the subcarriers ensures that the corresponding waveforms transmitted on
the N subcarriers are mutually orthogonal regardless of the random phases that are imparted by the random data symbols x;, x
(see Problem 4.7).

A cyclic extension (or guard interval) is usually added to the OFDM waveform in (4.85) and (4.86) to combat intersymbol
interference (ISI) as explained in Sect. 10.1 of Chap. 10. The cyclic extension can be in the form of either a cyclic prefix or a
cyclic suffix. With a cyclic suffix, the OFDM complex envelope becomes

Eg(t)z%i(t) ,0<t<T 57

5¢—T) . T<t<(+4a)T "’

where «,T is the length of the guard interval and 5(¢) is defined in (4.85) and (4.86). The OFDM waveform with cyclic suffix
can be rewritten in the standard form

5o(H) =AY b(t—nTy.x,), (4.88)
where
N—1 ok N—1 2k—T)
b(t.X0) = ur(t) Y xns® T+ r(t—T) Y xppe” T, (4.89)
k=0 k=0

and T, = (1 + a,)T is the OFDM symbol period with addition of the guard interval. Likewise, with a cyclic prefix, the
OFDM complex envelope becomes
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- 5+T) , —a,T<t<0
1= 4.90
50 {E(z) L 0<t<T (4.90)
and
Nl 27k(t+T) N7l 2kt
bt %) = ot + 0 T) Y xusd T +ur() D xusd T 4.91)

k=0 k=0

4.6.1 DFT-Based OFDM Baseband Modulator

A key advantage of using OFDM is that the baseband modulator can be implemented by using an inverse discrete-time
Fourier transform (IDFT). In practice, the computationally efficient inverse fast Fourier transform (IFFT) algorithm is used
to implement the IDFT. Consider the OFDM complex envelope defined by (4.85) and (4.86). During the interval nT < t <
(n + 1)T, the complex envelope has the form

N—1
J2rk(t—nT)

§() = Aur(t—nT) Y xpe T
k=0

N—1 ok
= Aur(t—nT) Y _xuue . nT <t < (n+ T. (4.92)
k=0

Now suppose that the complex envelope in (4.92) is sampled at synchronized T second intervals beginning at time nT to
yield the sample sequence

N—1
J2mkm

Xym =3(mT) =AY xpue v . m=0.1,... N—L (4.93)
k=0

Observe that the vector X, = {X,,»}¥_{ is the IDFT of the vector Ax, = A{x,s}}—,. Contrary to conventional notation,
with OFDM it is customary that the lowercase vector Ax,, represents the frequency domain coefficients, as the vector x,, is
the vector of data symbols, while the uppercase vector X,, represents the IDFT time domain coefficients.

As mentioned earlier, a cyclic extension (or guard interval) is usually added to the OFDM waveform as described in (4.88)

and (4.89) to combat ISI. When a cyclic suffix is used, the corresponding sample sequence is

X5 = Xnmw (4.94)
N—1 .
=AY X, m=0,1, .., N+G-1, (4.95)
k=0

where G is the length of the guard interval in samples, and (m)y is the residue of m modulo N. This gives the vector
X5 = {X5, f:::g_l, where the values in the first and last G coordinates of the vector X¢ are the same. Likewise, when a
cyclic prefix is used, the corresponding sample sequence is

X5 m = Xuomy (4.96)
N—1 ok
=AY xue ¥ . m=-G, ....—=1,0, 1, ... N—1L (4.97)
k=0

This yields the vector X8 = {X% V! .. where again the first and last G coordinates of the vector X$ are the same. The

sample interval after insertion of the guard interval, T¢, is compressed in time such that (N + G)T¢ = NT.
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Fig. 4.14 Block diagram of IDFT-based baseband OFDM modulator with guard interval insertion and digital-to-analog conversion

The OFDM complex envelope can be generated by splitting the complex-valued output vector X, into its real and
imaginary parts, Re(X,) and Im(X,), respectively. The sequences {Re(X, )} and {Im(X, )} are then input to a pair of
balanced digital-to-analog converters (DACs) to generate the real and imaginary components 5;(f) and 5¢(%), respectively,
of the complex envelope 5(¢), during the time interval nT < ¢ < (rn + 1)T. As shown in Fig.4.14, the OFDM baseband
modulator consists of an IDFT operation, followed by guard interval insertion and digital-to-analog conversion.

It is instructive at this stage to note that the waveform generated by using the IDFT OFDM baseband modulator is
not exactly the same as the waveform generated from the analog waveform definition of OFDM. Consider for example, the
OFDM waveform without a cyclic guard in (4.85) and (4.86). The analog waveform definition uses the rectangular amplitude
shaping pulse uz () that is strictly time-limited to 7" seconds. As shown in Sect. 4.9.6, the corresponding power spectrum has
infinite bandwidth. Consequently, sampling the complex envelope with any finite sampling rate will lead to aliasing and
imperfect reconstruction.

With the IDFT OFDM baseband modulator, the IDFT outputs are applied to a pair of balanced DACs as explained earlier.
However, the ideal DAC is an ideal low pass filter with cutoff frequency 1/(27;), with a corresponding non-causal impulse
response h(f) = sinc(¢/Ty). Since the ideal DAC is non-realizable, a causal, finite-length reconstruction filter must be used
instead. However, such a filter will necessarily generate a waveform that is not strictly bandlimited. In conclusion, the side
lobe structure of the analog waveform definition of OFDM is inherent in the waveform due to rectangular amplitude pulse
shaping, whereas the side lobe structure with the IDFT implementation is introduced by the non-ideal (practical) DAC.

Finally, non-rectangular amplitude pulse shaping can be used with OFDM and may yield a more compact power spectrum
while still maintaining sub-channel orthogonality. However, such pulse shaping will require an extension of the OFDM
symbol beyond T, or with guard interval T, seconds in the time domain. This will be discussed in more detail in Chap. 10.

4.6.2 Adaptive Bit Loading and Discrete Multitone Modulation

A wireless OFDM system generally operates over a frequency-selective fading channel with transfer function 7'(¢, f), such
that the amplitude response |T(¢,f)| varies across the channel bandwidth W. The power spectral density of the additive
noise impairment S, (f) may vary with frequency as well due to the presence of interference. Consider a quasi-static fading
channel, such that the channel remains constant over an OFDM block of duration 7 seconds. For convenience, the time
variable ¢ is suppressed with the understanding that 7(¢, f) = T(f) over an OFDM block, but the channel may change from
block to block. Furthermore, knowledge of the channel is assumed to be available at the transmitter. Shannon [300] proved
that the capacity of a frequency-selective channel with additive Gaussian noise is achieved when the transmitted power 2, (f)
is adjusted across the bandwidth Wy according to

K_Snn(f)/|T(f)|2 ’ f € WS

Qt(f)z 0. f¢Ws s

(4.98)

where K is a constant chosen to satisfy the constraint
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/ Q) < u. (4.99)
Wy

and £2,, is the average available power to the transmitter. One method to achieve capacity is to divide the bandwidth W; into
N sub-bands of width W,/ Ay, where Ay = 1/T is chosen small enough so that |7(f)|>/S,.(f) is approximately constant
within each sub-band. The signals in each sub-band may then be transmitted with the optimum power allocation £2,(f), while
being individually coded to achieve capacity.

It is clear from (4.86) that the data symbols x,, ; for fixed n modulate the nth subcarrier. From (4.98), the transmitter power
should be high when |T(f)|?/S,..(f) is large and small when T(f)/S,,(f) is small. In a practical system, a higher transmit
power admits the use of a larger size signal constellation in sub-bands where |T(f)|*/S..(f) is large, and vice versa. The
technique whereby different sized signal constellations are used on the different OFDM subcarriers is sometimes called
adaptive bit loading or discrete multitone modulation (DMT).

4.6.3 Multiresolution Modulation

In broadcasting applications, it is sometimes desirable to transmit video or audio information in frames that will
simultaneously provide different resolutions, depending on the received signal-to-noise ratio. Low resolution information
is typically of high priority (HP) and must be received with high reliability. High resolution information, on the other hand,
is typically of low priority (LP) and may be received with a lower reliability. The solution is multi-resolution modulation
(MRM), a class of modulation techniques that transmit multiple resolutions in a simultaneous or concurrent fashion, that
differ in their bit rates and/or error probabilities. MRM can be implemented in OFDM schemes by using multiplexed,
interleaved, embedded signal constellations, and others.

Multiplexed MRM divides the OFDM band into subsets of contiguous subcarriers, for example the upper half subcarriers
may be used to transmit HP data symbols and the lower half subcarriers used to transmit an equal number of LP data symbols.
The HP low resolution information can be transmitted by using a smaller signal constellation and/or higher transmit power
for further robustness and reliability. Likewise, the LP high resolution information can be transmitted using a larger signal
constellation and/or lower transmit power. Broadcast service contours can be established for either high definition (both the
HP and LP data streams are decodable) or standard definition (only the HP data stream is decodable) reception.

Interleaved MRM interleaves the different resolutions onto the subcarriers in a cyclic fashion. If there are K different
resolutions, then subcarriers £, £ + K, £ + 2K, .. ., are assigned to the £th resolution. Each resolution is then transmitted by
using a different sized signal constellation and/or transmit power level.

Embedded MRM is more subtle and relies upon the use of an asymmetric signal constellation and finds application in
some broadcast video systems. Figure 4.15 shows an example of a 16-QAM embedded MRM signal constellation, that can
be used to simultaneously transmit two different resolutions. In Fig. 4.15, two HP low resolution bits are used to select the
quadrant of the transmitted signal point, while two low LP high resolution bits are used to select the signal point within
the selected quadrant. The relative error probability or reliability between the two priorities is controlled by the parameter
A =d'/d" A < 0.5, where d' is the distance between LP symbols and d" is the distance between the centroids of the HP
symbols. The upper limit on A is due to the fact that the MRM constellation becomes a symmetric 16-QAM constellation
when A = 0.5. As A becomes smaller than 0.5, more power is allocated to the HP low resolution bits than the LP high
resolution bits. For broadcasting applications, this can be used to provide high definition reception over some adjustable
fraction of the service area where standard definition service can be received. At A = 0.5, both resolution classes are treated
equally and the coverage areas for standard and high definition service are the same.

4.7 Continuous Phase Modulation

Continuous phase modulation (CPM) refers to a broad class of frequency modulation techniques where the carrier phase
varies in a continuous manner. A comprehensive treatment of CPM is provided by Anderson et al. [17]. CPM schemes
are attractive because they have constant envelope and excellent spectral characteristics, i.e., a narrow main lobe and fast
roll-off of sidelobes. CPM waveforms find application in satellite communication systems, and cellular telephone systems
notably GSM.
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Fig. 4.15 16-QAM embedded
MRM signal constellation with
two resolutions
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The complex envelope of a CPM waveform has the general form
5(1) = A/ PO T (4.100)
where A is the amplitude, 6, is the initial carrier phase at t = 0, and
t o0
o) = Znh/ Xihe(t — kT)dt (4.101)
(N

k=0

is the excess phase, where £ is the modulation index, {x;} is the data symbol sequence, h¢(¢) is the frequency shaping pulse,
and T is the baud period. The CPM waveform can be written in the standard form

§(t) =AY _b(t—nT.x,) (4.102)
where
bt x,) = &2 BiZoudy =k, () (4.103)
where x, = (x,,X,—1,...,%0), and an initial phase 6, = 0 at ¢+ = 0 is assumed. CPM waveforms have the following
properties:
e The data symbols are chosen from the alphabet {1, +3, ---, =(M — 1)}, where M is the modulation alphabet size.

e his the modulation index and is directly proportional to the peak and/or average frequency deviation from the carrier. The
instantaneous frequency deviation from the carrier is

o Ldp(n) B
Jaev(t) = . h;xkhf(t kT). (4.104)

* hg(2) is the frequency shaping function, that is zero for t < 0 and ¢ > LT, and normalized to integrate to 1/2. Full response
CPM has L = 1, while partial response CPM has L > 1. Some possible frequency shaping pulses are shown in Table 4.1.
A more compact power density spectrum is usually obtained by using frequency shaping functions having continuous
higher-order derivatives, such as the raised cosine pulse in Table 4.1. The excess phase is continuous provided that the
frequency shaping function /(f) does not contain impulses, which is true for all CPM waveforms. When describing CPM
waveforms, it is useful to define the phase shaping function,
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Table 4.1 CPM frequency

! ' Pulse type hy (1)
shaping functions

L-rectangular (LREC) ﬁ urr (1)

L-raised cosine (LRC) ﬁ [l — cos (%)] urr (1)

L-half sinusoid (LHS) | 7 sin(rt/LT)urr(t)

L-triangular (LTR) flT (1 - “%;2/2') urr (t)

Fig. 4.16 Phase tree of binary CPFSK with an arbitrary modulation index. CPFSK is characterized by linear excess phase trajectories

0 ,t<0
B(t) =1 [y h(r)dr , 0<t<LT, (4.105)
1/2 ,t>LT

which is the integral of the frequency shaping pulse. An infinite variety of CPM waveforms can be generated by choosing
different frequency shaping pulses, modulation indices, and modulation alphabet sizes.

4.7.1 Full Response CPM

For a full response CPM waveform with L = 1, the shaping function in (4.103) has the form
b(t, x,) = & (ThEimox2mhinp®) () (4.106)

The first term in the exponent of (4.106) represents the accumulated excess phase up to time n7, while the second term
represents the excess phase increment during the time interval n7T <t < (n + 1)T.

Continuous phase frequency shift keying (CPFSK) is a special type of full response CPM characterized by the rectangular
frequency shaping function LREC with L = 1. For CPFSK

0 ,1<0
B)=131t/2T ,0<t<T. (4.107)
1/2 ,t>T

CPM signals can be visualized by sketching the evolution of the excess phase ¢ (¢) for all possible data sequences. This
plot is called a phase tree, and a typical phase tree is shown in Fig.4.16 for binary CPFSK. Since the CPFSK frequency
shaping function is rectangular, the excess phase trajectories are linear as suggested by (4.107). In each baud interval, T, the
excess phase increases by mh if the data symbol is 41 and decreases by w4 if the data symbol is —1.
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Fig. 4.17 Phase-trellis for MSK

4.7.1.1 Minimum Shift Keying

Minimum shift keying (MSK) is binary CPFSK with modulation index & = 1/2. In this case,
b(t,x,) = /(3 Dimont 50 t) (). (4.108)

The MSK waveform can be described in terms of the phase tree as shown in Fig.4.16 with 2~ = 1/2. At the end of each
symbol interval the excess phase ¢ (¢) takes on values that are integer multiples of 7/2. Since excess phases that differ by
integer multiples of 27 are indistinguishable, the values taken by ¢ (¢) at the end of each symbol interval belong to the finite
set {0, /2, , 37 /2}. The MSK phase tree reduced modulo 27 yields the MSK phase trellis shown in Fig. 4.17.

An interesting property of MSK can be observed from the MSK bandpass waveform. The bandpass waveform on the
interval nT < t < (n + 1)T can be obtained from (4.108) as

n—1
b4 n t—nT
s(f) = Acos (2nfct + 7 kE:O xX; + Ex,, T )

n—1
Xn s n
—Acos |27 (f+ )i+ Z . 4.109
COS(JT(f+4T>+2;Xk 2x) ( )

Observe that the MSK bandpass waveform has one of two possible frequencies in each baud interval, given by

1 1
=f - — d =f 4+ — 4.110
fo=fi=4x an fo =i+ o7 (4.110)
depending on the data symbol x,. The difference between these two frequencies is fy — fp = 1/(2T). This is the minimum
frequency separation to ensure orthogonality between two co-phased sinusoids of duration 7 (Problem 4.7) and, hence, the
name minimum shift keying.

Another interesting representation for MSK waveforms can be obtained by using Laurent’s decomposition [193] (detailed
in Sect. 4.8.3) to express the MSK complex envelope in the quadrature form

§(6) =AY b(t—2nT.x,). 4.111)

where
b(t, Xn) = £2n+1hu (t - T) + jj\CZnha (t) (41 12)
and where X, = (X2n+1,X24),

Xon = Xon—1X2n (4.113)
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Xont+1 = —XopXon+1 4.114)
oy =1 (4.115)
and
. Tt
ha(f) = sin (ﬁ) oy (7). (4.116)

The sequences, {X,} and {X,,+}, are independent binary symbol sequences taking on elements from the set {—1, +1}.
The symbols Xy, and Xy,+1 are transmitted on the quadrature branches with a half-sinusoid (HS) amplitude shaping pulse
of duration 27 seconds and an offset of T seconds. Hence, MSK is equivalent to offset quadrature amplitude shift keying
(OQASK) with HS amplitude pulse shaping. This linear representation of MSK is useful in practice for simplified linear
detection of MSK waveforms as discussed in Sect. 5.10.1 of Chap. 5.

4.8 Partial Response CPM

Partial response CPM signals have a frequency shaping pulse /;(f) with duration LT, where L > 1. Partial response CPM
signals typically have better spectral characteristics than full response CPM signals, i.e., a narrower main lobe and faster
roll-off of side lobes.

The partial response frequency shaping function can be written as

L1
hy(t) =Y hy(tyur(t — KT)

k=0

-1
= hyale — kD), (4.117)

k=0

where

hf’k(l) = ]’lf(l + kT)ur(t). (4.118)

Likewise, the partial response phase shaping function can be written as

L—1

B(t) =Y Bilt —KkT), (4.119)
k=0
where
Bi(t) = B(t + kT)ur(2). (4.120)
Note that
0 ,t<0
Bi(t) = 3 [y hpa()dT , 0 <t <LT (4.121)
B(T) ,t=>T
and

L—1 1
PAGESS (4.122)
k=0
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An equivalent frequency shaping function of duration 7 can be derived by noting that the CPM baseband modulating

signal has the form

x(t) = Y xuhy(t — nT)

It follows that

where

and

where

and

X = (xmv Xm—1s « -

Finally, the complex envelope of partial response CPM signal can be written in the standard form

where

b(t, x,) = M0 BT XAy (1)

and an initial excess phase of zero is assumed.

L—1
=3 xahyst— (1 +0T)

n k=0

L—1
= Z Z xm_khﬂk(t — mT)

m k=0
x(t) = Z he(t — mT, Xp,),

L—1

hy (2, Xm) = me—khf,k(f)

k=0

x(t) =Y Bt —mT.x,),

L—1
Bt Xm) =D xmiPilt)

k=0

(1) =AY b(t—nT.x,)

s xm—L-H) .

(4.123)

(4.124)

(4.125)

(4.126)

4.127)

(4.128)

(4.129)

(4.130)

Example 4.2. Consider a partial response CPM waveform with an LREC frequency shaping function. In this case

he(t) = ﬁ”LT(t)-

(continued)
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4.8.1 Phase States

The excess phase of a partial response CPM waveform on the interval nT <t < (n + 1)T is

(1) = 27h / > xihy(z — kT)dr (4.131)
0 =0
n—L n
=mhy x+2rh Y xp(t—kI) (4.132)
k=0 k=n—L+1
=6, +27h Z xeB(t — kT) (4.133)

k=n—L+1



4.8 Partial Response CPM 195

where
n—L
6, =mhy x  modulo 2 (4.134)
k=0

is the accumulated phase. During the interval nT <t < (n 4 1)T, the excess phase depends on the input data symbol x,,, the
vector of L — 1 previous data symbols, {x,—1,X,—2, ..., X,—r+1}, and the accumulated phase 6,. The state of the CPM signal
at time ¢ = nT, is defined by the L-tuple

S, = (enaxn—laxn—Z»u-»xn—L+1)~ (4.135)

Since the vector (X,—1,Xs—2, - .., Xn—r+1) can take on M=~ values, the number of states equals ME1 times the number of
values that 8, can assume.

The modulation index is often restricted to be a rational number, 4 = m/p, where m and p are integers that have

no common factors. This constraint ensures that the number of phase states is finite which is a useful property for the
implementation CPM receivers. If m is even, then

2 —1
6, € {o, mm Zm )”m} (4.136)
p’ P p
while if m is odd
2 »—1
0, {0, mm 2xm - (2p )”m}. (4.137)
p’ P p

Hence, there are p phase states for even m, while there are 2p phase states for odd m. In conclusion, the number of CPM
states is

pMY' | meven
Sul = 4.138
15| { 2pM*E' | modd ( )
For example, if h = 1/4, M = 4, and L = 2, then
3 57 3w 7
0}’1 € Oa za £5 - T, _T[» _T[» _T[ (4.139)
4 2 4 4 2 4

and the number of CPM states is 32.

CPM waveforms cannot be described in terms of a signal-space diagram, like QAM and PSK waveforms. However, the
CPM waveform can be described in terms of the trajectories from one phase state to another. Figures 4.18 and 4.19 show
the phase state diagrams for MSK and binary CPM with 7 = 1/4, respectively. Since binary modulation is used, trajectories
are only allowed between adjacent phase states as shown by the dotted lines in the figures. Since the CPM waveforms have
constant envelope, the complex phaser trajectories will follow along the circle in Figs. 4.18 and 4.19.

4.8.2 Gaussian Minimum Shift Keying

Due to their non-linearity, CPM waveforms have a relatively complicated power spectrum as detailed in Sect. 4.9.7. However,
the bandwidth of a CPM waveform can be approximated using Carson’s rule developed for analog frequency modulation:

BW = (W + foeat)- (4.140)

where W is the bandwidth of the frequency shaping pulse /(¢) and fcak is the peak frequency deviation from the carrier.
MSK waveforms have relatively poor spectral characteristics due to the large bandwidth W of the rectangular frequency
pulse shaping h(f) =5%ur(n. A more compact power spectrum can be achieved by low-pass filtering the MSK modulating
signal
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Fig. 4.18 Phase state diagram
for MSK

Fig. 4.19 Phase state diagram
for binary CPM with h = 1/4

-1

x(1) gt FM 501

7 h(1) A

Modulator

Fig. 4.20 Pre-modulation filtered MSK. The MSK modulating signal is low-pass filtered to remove the high frequency components prior to
frequency modulation

o0

x() = Y xahy(t—nT) = % > xuur(t—nT) (4.141)

n=—0o0 n=—0o0

prior to frequency modulation as shown in Fig. 4.20. Such filtering suppresses the higher frequency components in x(z) thus
yielding a more compact power spectrum. Gaussian minimum shift keying (GMSK) is a special type of partial response
CPM that uses a low-pass premodulation filter having the transfer function [234]

2
H(f) = exp {— (%) ¥§ , (4.142)

where B is the 3 dB bandwidth of the filter. It is apparent that H(f) is shaped like a Gaussian probability density function
with mean f = 0 and, hence, the name “Gaussian” MSK. Convolving the rectangular pulse
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Fig. 4.21 GMSK frequency shaping pulse for various normalized premodulation filter bandwidths BT
t(r/T) : +T/2)
—Trec = —u
2T o’
with the corresponding filter impulse response /() yields the frequency shaping pulse
1 27 t/T+1/2 27.[2 BT 2X2
hy(t) = 5| = (BT) / exp | -2 ED
2 In2 t/T—1/2 In2
1 t/T—1/2
= — Q _—
2T
where

) -e()

© ] )
— o ax7)2
0(@) f e

2 In2

= 4x2(BT)?

Figure 4.21 plots the GMSK frequency shaping pulse (truncated to 57 and time shifted by 2.57 to yield a causal pulse) for
various normalized premodulation filter bandwidths BT. The GSM cellular standard uses GMSK with BT = 0.3.
and integrating by parts, yields

o [ =3 +2) ;)
where

The phase shaping function is the integral of the frequency shaping function as defined in (4.105). Using h¢(¢) in (4.143),

G(x) =x<I>(§) +

(4.143)

(4.144)

(4.145)

(4.146)

(4.147)

197
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Fig. 4.22 GMSK phase shaping pulse for various normalized premodulation filter bandwidths BT'

and

d(a) = /_ " \/Lz_ne—xz/zdx. (4.148)

Figure 4.22 plots the GMSK phase shaping pulse (truncated to 47 and time shifted by 27 to yield a causal pulse) for
BT = 0.3. Observe that f(c0) = 1/2 and, therefore, the total contribution to the excess phase for each data symbol remains
at £7/2.

The change in excess phase over the length-T baud interval from —7/2 to T/2 is

[e.]

¢(T/2) = $(=T/2) = wxoo(T) + 7 Y xuPu(T), (4.149)
g
where
T/2—nT
Bu(T) = / hy (). (4.150)
—T/2—nT

The first term in (4.149) is the desired term, and the second term is the intersymbol interference (ISI) introduced by the
Gaussian premodulation filter. While the premodulation filter will yield a more compact power spectrum, the induced ISI
will degrade the bit error rate performance and may necessitate an equalizer in the receiver. However, the induced ISI is
not severe and in many cases, including GSM cellular receivers, an equalizer is required anyway to combat the ISI due to
channel delay spread.

4.8.3 Linearized GMSK (LGMSK)

Like all other CPM waveforms, GMSK is a nonlinear waveform. Similar to the linearized representation of MSK in
Sect.4.7.1.1, it is desirable to find a linearized representation for GMSK in order to simplify receiver processing. Several
linear approximations have been suggested in the literature for GMSK. Here, an approximation based on Laurent’s
decomposition [193] is considered. Laurent showed that any binary partial response CPM signal can be represented exactly
as a linear combination of 2-~! partial-response pulse amplitude modulated (PAM) signals, viz.,
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oo 21—

50 =) Y &M, (t—nT), (4.151)

n=0 p=0

where

L—1
o) =c) [Je(t+ (n+ Leny)T) (4.152)

n=1

L—1
Uy = Xn:xm = Xy (4.153)
m=0

m=1

and g, , € {0, 1} are the coefficients of the binary representation of the index p, i.e.,

p=cop+261,+-+2 e, (4.154)
The basic signal pulse c(7) in (4.152) is
sin(?nl1i(l)) 0<t<lLT
. osinm ’ —
ol) = { SnlmtmBuLr) pp oy copy (4.155)
0 , otherwise

where §(¢) is the CPM phase shaping function.

The above linear decomposition will yield an exact representation of the GMSK waveform. However, the fact that 27!
pulses are needed to represent the waveform means that the optimum coherent receiver will need 2! filters that are
matched to the set of 27! pulses {c,(f)}. Usually, the number of matched filters can be reduced to K < 257! when a
good approximation to the CPM signal can be obtained with K of the set of 257! pulses {c,(r)}. Often the pulse co(t)
contains most of the signal energy, so the p = 0 term in (4.151) can provide a good approximation to the CPM signal. From
Fig.4.21, observe that the GMSK frequency shaping pulse spans approximately L = 4 symbol periods for practical values
of BT. This means that the GMSK waveform can be constructed from the superposition of eight pulses, c,(¢),p = 0,...,7.
Numerical analysis shows that, with BT = 0.3, the pulse c(¢) contains 99.83% of the energy and, therefore, a linearized
GMSK waveform can be derived by using only cy(¢) and neglecting the other pulses. This yields the waveform

o0
(1) = Z ¢/ heno o (1 — nT), (4.156)
n=0
where, with L = 4,
3
co(t) = [ et +nD) (4.157)
n=0
n
Wno = Y X (4.158)
m=0

Since the GMSK phase shaping pulse is non-causal, when evaluating c¢() in (4.155) the truncated and time shifted GMSK
phase shaping pulse

~

B(1) = B(t—2T) (4.159)

is used with L = 4 as shown in Fig. 4.22, where §(¢) is defined in (4.146). Figure 4.23 plots the resulting LGMSK amplitude
shaping pulse c((¢) obtained from (4.157).
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Fig. 4.23 LGMSK amplitude shaping pulse for various normalized premodulation filter bandwidths BT

For the modulation index & = 1/2 used in GMSK,

and it follows that

where

ano = €290 € {£1, +j},

=AY (@nﬂco(t — 20T —T) + janco(t — 2nT)) :

n

Xon = Xon—1X2n
Xon+1 = —X2nX2n+1

A

X—1 = 1.
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(4.160)

4.161)

(4.162)
(4.163)
(4.164)

This is the same as the OQPSK representation for MSK in Sect.4.7.1.1, except that the half-sinusoid amplitude pulse
shaping function in (4.116) is replaced with the LGMSK amplitude pulse shaping function defined in (4.157). Note that
the LGMSK pulse has length of approximately 47, while the pulses on the quadrature branches are transmitted every 27
seconds. Therefore, the LGMSK pulse will introduce ISI that must be corrected by an equalizer to avoid a performance
degradation as mentioned earlier. However, as shown in Sect. 4.9.8, GMSK has excellent spectral properties.

4.8.4 Tamed Frequency Modulation

Tamed frequency modulation (TFM) is a special type of partial response binary CPM that was introduced by de Jager and
Dekker [91]. TFM also has excellent spectral properties, similar to GMSK. To define TFM waveforms, recall that the MSK
excess phase obeys the difference equation

d(T +T) — $(nT) = %xn.

(4.165)
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The TFM excess phase trajectory is “smoothed” by imposing the constraint

4 2" 4

¢(nT +T)—¢(nT) = % ( (4.166)

Xn—1 Xn Xn+1 )
s

such that the maximum change in excess phase over any bit interval is 7 /2. To complete the definition of the TFM signal, an
appropriate frequency shaping pulse /¢ (f) must be defined. The TFM excess phase can be written as

$(0) =7 Y xp(t—KT), (4.167)
k=0
where
Blt) = / (s (4.168)
0

and where a modulation index & = 1/2 is assumed. The excess phase change over the time interval [nT, (n + 1)T] is

¢((n+ DT)—p(nT) = 1 »_x (BT + T — kT) — B(nT — kT))

k=0
o0
=7 X%t (BUT +T) — B(T)) . (4.169)
{=n
Expanding (4.166) in more detail gives
(.. 04 2zt Xn ) e 04
(T +T) = p(uT) = 7 ( im0 T 2 T 0+ ) (4.170)
Comparing (4.169) and (4.170) gives the condition
1/8, £ =1
BU+DT)—-BUT)=41/4, £=0 . 4.171)
0 , otherwise
From the definition of B(z) in (4.168) the above equation leads to
+nr 1/8 > |€| =1
/ he(t)dt = 1/4, £=0 . 4.172)
o 0 , otherwise

One way of obtaining /¢(¢) is to use a pulse Ay () that satisfies Nyquist’s third criterion [244, 258]

hy(H)dt =

/(24+1)T/2 1, £=0 (4.173)
Qe—1y7/2 0, £#0 .

and generate hy(f) by using scaling and delay operations through the filter shown in Fig. 4.24. The transfer function of this
filter is

H(f)

11 1
4 Ze 2T 4 _op2nfT
178 Ty

3 cos’(efT). (4.174)
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Fig. 4.24 Filter to generate a TFM frequency shaping pulse

The overall pulse A/(¢) has the form
Hy(f) = Hy(NH(f)
1
= HN(f)5 cos*(mfT). (4.175)

The filter H(f) ensures that the phase constraint in (4.166) is satisfied. However, Hy (f) determines the shape of the phase
trajectories and can, therefore, influence the TFM power density spectrum. In general, Hy(f) has the form

7T

Hy(f) = WM

), (4.176)

where N, (f) is the Fourier transform of a pulse that satisfies Nyquist’s first criterion [244, 258]. One example of such a pulse
is the raised cosine pulse P(f) defined in (4.47). Consider, for example, the ideal Nyquist pulse (raised cosine pulse with

p =0

Ni(f) = b 0= V'.f 12 (4.177)
0, otherwise
Using (4.175)—(4.177) gives
1l cos? 0<|f| <1/2T
Hy() = | 2o <o 0D 0= V] = 12T (4.178)
0, otherwise

The corresponding frequency shaping pulse A/(f) is plotted in Fig. 4.25. Note the close similarity to the GMSK frequency
shaping pulse in Fig. 4.21.

Generalized TFM (GTFM) is an extension of TFM where the phase difference has the form
b4
¢mT +T)—¢p(nT) = 3 (axp,—1 + bx, + ax,+1) . (4.179)

The constants a and b satisfy the condition 2a + b = 1 so that the maximum change in excess phase during one bit period is
equal to £/2. A large variety of waveforms can be constructed by varying the value of b and the pulse response N, (f) in
(4.176). TFM is a special case of GTFM where b = 0.5.
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Fig. 425 TFM frequency shaping pulse

4.9 Power Spectrum

A digitally modulated bandpass waveform can be written in the generic form
s(t) = Re {5(r)e’*™"}

{30! + 5 (r)e !y (4.180)

1
S 2
Modulated waveforms belong to the class of cyclostationary or periodic wide-sense stationary random processes. The
autocorrelation function of s(z) is

bss(7) = E[s()s(t + 7)]

1 . . . .
— ZE [(g(t)eﬂnfct +5* (t)e—]anct> (g(t + t)e](zﬂfct"l‘Zﬂfcf) 45 ([ + _[)e—](2nfct+2nfrr))]
1 4 , o
= 7 [EBO3( + 0]/ 270 + E[(05" (0 4 1)) ™7
+E[F* ()5(t + 7)™ + E[f* (0)5* (¢ + 1)]e /Wt 2] (4.181)
If 5(¢) is a wide-sense stationary random process, then the exponential terms that involve the time variable f must vanish,

i.e., E[s(1)s(t + t)] = 0 and E[5*(1)5* (¢ + 7)] = 0. Substituting 5(t) = 5;(f) + j5o(?) into these two expectations gives the
requirement

55, (1) = Els1(05:(t + 1)] = E[s0(0)50(1 4 )] = 543, (7) (4.182)
P50 (1) = ES1(050(t + 1)] = —E[So(031(t + 1)] = =55, (7). (4.183)

Using these results,
bss(7) = %%(z)éz”ﬂ‘f + %qs;g(r)e‘ﬂ”ﬁ‘f (4.184)

= Re {¢5(1)e*7} (4.185)
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where

| B
ou(t) = EE [5* (05t + 1)]
= sy, (T) + s, (T) (4.186)
Finally, the power density spectrum is the Fourier transform of ¢ (7) in (4.184), i.e.,

1
Suf) = 5 (S5 =1 + S5 1)) (4.187)

where Si(f) is the power density spectrum of the complex envelope 5(7). Note that Si(f) is real though not necessarily
even, although 5(¢) and ¢(7) are complex-valued; this property follows from the fact that ¢(t) = ¢%(—7) as shown in
Appendix A. It follows that

1
Sss(f) = E(Sa(f —fo) + Ss(—f —fc)). (4.188)

From the above expression, observe that the psd of the bandpass waveform s(¢) is real and even, and is completely determined
by the psd of its complex envelope 5(¢) and the carrier frequency f..

4.9.1 Psd of the Complex Envelope
The complex envelope of any digitally modulated signal can be expressed in the standard form
() =AY b(t—nT.x,). (4.189)
The autocorrelation of 5(¢) is
Pt t+1) = %E [5*(05(t + 1)] (4.190)

= A; Z ZE [6*(t —iT.x))b(t + T — kT, x)] .
i k

Observe that 5(¢) is a cyclostationary random process, meaning that the autocorrelation function ¢3(z, t 4+ 7) is periodic in ¢
with period T'. To see this property, first note that

b5t +T.t+ T+ 1)
A? .
= EZZE[”*(HT—ZT,xi)b(tJr T + v — kT, xp)]
i k

2
= A? SO E[* e —iT.xp41)b(t + T = KT.xp041)].
['/ k/

(4.191)
Under the assumption that the information sequence is a stationary random process it follows that
bt + Tt +T+1) = A YOS E[p*—iT.xp)b(t + T — KT.x0)]
2 7K
= ¢zt t+ 7). (4.192)

Therefore 5(¢) is cyclostationary.
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Since 5(7) is cyclostationary, the autocorrelation ¢3;(7) can be obtained by taking the time average of ¢5;(¢ + 7, 1), given by

¢5(1) = (st 1+ 7))
A2

=5 ZZ % /OTE[b*(t— iT,x)b(t + 7 — kT, x;)] dt
—1T+T

- Z / E[b"x)b(z + 7= (k= DT.x0)]dz

= Z / E[b*(z,x)b(z + T — mT,X,4) | dz

_ Z / E[b* (. x0)b(c + T —mT.x,)] de

= Z/ [6*(z.%0)b(z + T — mT, x,,)] dz, (4.193)

where ( - ) denotes time averaging and the second last equality used the stationary property of the data sequence {x;}. The
psd of 5(¢) is obtained by taking the Fourier transform of ¢(),

_AZ [e%e] [ele] o
S=(f) =E o7 Z /_ N /_ _ b*(z.X0)b(z + T — mT, X,,)dze 7> dr

[ A2 00 . o0 4 .
=E ﬁ Z [m b*(z, xo)e*™dz /;oo b(z + T — mT, x,,)e 72 @HT=mD) ¢ dze 27T

=E Z/ b*(Z, Xo)eﬂnfde/ b(‘L’ Xm)e—ﬂnfr dfle_jznﬁ"Tj|

AZ

= ﬁ E [B*(f.x0)B(f. X,) | e 7", (4.194)

where B(f, x,,) is the Fourier transform of b(t, x,,). To express the power density spectrum in a more convenient form, let

Spm(f) = [B (f+ X0)B(f, Xm) ] - (4.195)

Then
A? .
S5() = - > Spm(f)e . (4.196)

Note that the psd in (4.196) depends on the correlation properties of the information sequence x,, and the form of the
generalized pulse shaping function b(¢, x,,,). Now suppose that the data characteristics are such that x,,, and x, are independent
for |m| > K. Then

Spm(f) = Spx(f), |Im| > K, (4.197)

Note that expectation and integration are linear operations and their order can be exchanged.
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where
1
Spx(f) = EE [B*(f.x0)| E[B(f. Xm)]
1
= EE [B*(f.x0) | E[B(f. X0)]
1
=5 BBEx)I, Iml = K. (4.198)
It follows that
S=(f) = S5(f) + S4(P), (4.199)

where

2
S50 = A7 Z (Sb,m(f) - Sh,K(f))e_jzﬂfmT

|m|<K

A2 .
S5 = = Spk() Y e (4.200)

The terms S5.(f) and sté(f ) represent the continuous and discrete (line) portions of the psd. The fact that S%(f ) represents the
discrete portion can be seen more clearly by using the identity

Ty e =3 (f _ ;) (4.201)

to write

2
SL(f) = (i;) S 38 (F - %) (4.202)

Finally, by using the property Sy —,(f) = S}, ,,(f), the continuous portion of the psd can be written as

A2 A2

K
S2() = = (8000 = $0xN) + T D7 (o) = Su () €7 + (S}, (1) = So () )

m=1

AZ
2Re

K
- > (Sb,m(f) - Sb.K(f))e‘ﬂ"”'“T (4.203)

m=1

= L (S0 =50k +

Note that the ensemble average and Fourier transform are interchangeable linear operators. Therefore, if the complex
envelope 5(¢) has zero mean, i.e., E[b(¢, X()] = 0, then E[B(f, xo)] = 0. Under this condition

1
Srk(f) = 5 [EIB(, x0)]|> = 0. (4.204)

Hence, if b(#,Xo) has zero mean, then Si(f) contains no discrete components and Si(f) = S (f). Conversely, if b(z, Xo)
has non-zero mean, then S;(f) will contain discrete (line) components. Another important case arises with uncorrelated
zero-mean data, where S, x(f) = 0, K = 1. In this case, only the term S, o(f) remains and

A2
Ss(f) = 751;,0()”) (4.205)

where

Spo(f) = %E[IB(f, x0)|*] - (4.206)
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4.9.1.1 Alternative Method

An alternative method of computing the psd is as follows. From the first line in (4.194)

A2 m w . .
S5(f) =E 3T Zm: /_oo /_oo b(z,X0)b* (z + T — mT, X,,)dze 72" dr
AZ [es) o) ‘ , '
S Z /—oo /_oo E [b(z. x0)b" ¢/ x,) | 727" dedr e 27T (4.207)
Therefore, S, (f) is given by the double Fourier transform

o0 o . ,
Spm(f) = / / Bpm(z, T)e T dzd e (4.208)
—00 J —00
where

1
$om(z, ) = JB [b(z. %0)b™ (/. X)] . (4.209)

4.9.1.2 Linear Full Response Modulation

Consider linear full response modulation schemes where b(t,x,) = x,h,(t) and B(f,x,) = x,H,(f). In general, the data
sequence {x,} will be correlated with autocorrelation function ¢,,(m). From (4.195),

Spm(F) = bulm) [Ha (), (4.210)
where
1
Pu(m) = EE[xZ‘me]- 4.211)

Hence, from (4.196) the psd of the complex envelope is

A 2
%mz;me%m, (4.212)
where

Su(f) =Y puc(m)e . (4.213)

Note that the psd is the product of two components; one depends on the squared magnitude of the amplitude shaping function
and the other depends on the correlation of the data sequence. With uncorrelated data symbols

Spo(f) = o |H, (I (4.214)

1
Smm=5mﬁmmFJMzL (4.215)

where i, = E[x,] and 02 = %E[|xk|2] are the mean and variance of the data symbols, respectively. The psd S (f) is then
given by (4.199), where

A

d ’ n
$°0) = 7251 () D8 (f— ;) (4.216)
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A2
S(f) = T (Sp0(f) = Sp.1(F)) -

If . = 0, then S, 1 (f) = 0 and the psd has the simple form

A2 2 2
Sx(f) = ol (P

In this case, the psd only depends on the amplitude shaping pulse 4,(t).

4.9.1.3 Linear Partial Response Modulation

4  Modulation and Power Spectrum

4.217)

4.218)

Consider linear partial response modulation schemes where /,(f) has duration LT. Following the development in Sect. 4.8

the generalized shaping function has the form

b(ts Xm) = ha(tv Xm)
L—1
= me—khu.k(t)7
k=0

where
ha,k(t) = ha(l + kT)uT(t)

Taking the Fourier transform of (4.219) gives

L—1

B(f, Xm) = Z Xim—iH i (f)

k=0

From (4.195),

1 L—1 L—1
Sb.m(f) = EE [Z xi[H:j(f) me—kHa.k(f):|
=0 k=0
L—-1 L—1
= Gue(m —k + OHy  (HHax(f).
k=0 £=0

(4.219)

(4.220)

4.221)

(4.222)

For the special case of uncorrelated zero-mean data symbols, ¢, (m — k + £) = 028(m — k + £). Hence,

L—1
Som(f) = 07 Y Hr (D Ham+o(f)
{=0

where
oy = lE[|)Co|2]
. 2

is the variance of the data symbols.

(4.223)
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Example 4.4 (Duobinary Signaling). For duobinary signaling, L = 2 and h,(f) = h,,(t) = sinc(z/T) and
H,o(f) = H,1(f) = Trect(fT), where

< L
rect(fT) = Lol = 5

0, elsewhere

With uncorrelated zero-mean data symbols

1
EE [(xa‘H;O(f) + % Hy (f)) ComHa0(f) + Xm—1Ha,1 (f))]

2027 rect(fT) , m=0
= { o2T?rect(fT) , |m| =1
0 , otherwise

Sb,m (f)

and from (4.196)

Su(f) = 2A2Tc7x2 cos? (fT)rect(fT). (4.224)

Example 4.5 (Modified Duobinary Signaling). For modified duobinary signaling, L = 3 and A, o(¢) = h,2(t) =
sinc(z/T) and h,(t) = 0. With uncorrelated zero-mean data symbols,

202T*rect(fT) , m =0
Spm(f) = § —02T*rect(fT) , |m| =2
0 , otherwise

and from (4.196)

Sx() = 2A2T0x2 sin? (27 fT)rect(fT).

4.9.2 Psd of QAM

The psd of QAM with uncorrelated zero-mean data symbols is given by (4.218). If h,(t) = ur(t), then

a2 2 sin(rfT) 2
Ss(f) = ATo; (—nfT ) . (4.225)

With root-raised cosine pulse shaping, |H,(f)|> = P(f) has the form defined in (4.47) with h,(¢) in (4.50). The root-raised
cosine pulse is non-causal. When the pulse is implemented as a digital FIR filter, it must be truncated to a finite length
T = LT. This truncation produces the new pulse /1,(f) = hy(f)rect(t/LT). The Fourier transform of the truncated pulse /,(7)
is H, () = H,(f) * LTsmc(nfLT) where * denotes the operation of convolution taken over the frequency variable f. The
psd of QAM with the pulse ,(f) can again be obtained from (4.218) by simply replacing H,(f) with H,(f). As shown in
Fig. 4.26, pulse truncation can lead to significant side lobe regeneration.
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Fig. 4.26 Psd of QAM with a truncated square root-raised cosine amplitude shaping pulse with various truncation lengths; f = 0.5. Truncation
of the amplitude shaping pulse leads to side lobe regeneration

4.9.3 Psdof PSK

For PSK signals with the uncorrelated data symbols and the generalized shaping function in (4.61), the psd is given by
(4.218). Hence, PSK signals have the same psd as QAM signals. As such, the psd with truncated root-raised cosine amplitude
pulse shaping is shown in Fig. 4.26.

4.9.4 Psd of OQPSK

For OQPSK, the generalized shaping function is
b(t,xy) = b(t, %) = X1nha(t) + jxonha(t —T/2) (4.226)
where x;,, X0, € {—1/+/2, +1/+/2}. It follows that
B(f %) = (x10 + jigne™*™"/?) Ho(f) (4.227)

With uncorrelated data symbols,

$10() = E (I8¢ 50/’

1
= EIHa(f)I2 (4.228)
Therefore,
A2
Ss(f) = ﬁlHa(f)l2 (4.229)

Hence, OQPSK has the same psd as QPSK. However, OQASK has a lower peak-to-average power ratio than QPSK.
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4.9.5 Psdof n/4-DQPSK

To find the psd of 7/4-DQPSK, the autocorrelation

oz, ') = %E[b*(z, X0)b(t'. Xm)] , (4.230)

is first computed, where b(t, x,,) is defined in (4.70). For m > 0,

1 T m
¢b,m(z’ T/) = EE |:ha(z) €Xp {]Z ;xk} ha(‘c/)i|
1 ]T m ,
= EE |:eXp {]Z ;xk§ j| ha(2)ha(T")
=0. (4.231)
Form =0,
1A l ! l 1A
$0(2.7) = SE[ha(Dha()] = Sha(@ha(@). (4.232)
Taking the double Fourier transform gives
[e%e) o) o,
S0 = [ [ dnote. e zae
—o0 J—00
1 2
=3 |H,(f)|” . (4.233)
Finally, the psd is
Ss(f) = A RG] (4.234)
M) - 2T a . .

Just like OQPSK, 7/4-DQPSK has the same psd as QPSK. However, as discussed earlier, 7/4-DQPSK has a lower peak-
to-average power ratio than QPSK.

4.9.6 Psdof OFDM

Recall that the OFDM waveform with guard interval is given by (4.88) and (4.89). The data symbols x,,x, k = 0, ..., N—1 that
modulate the N subcarriers are assumed to have zero mean, variance 6> = %E[lxn_k|2], and they are mutually uncorrelated.
In this case, the psd of the OFDM waveform is

A2
Ss(f) = —Spo(f), (4.235)
T,
where

1
Spo(f) = EE [|B(f, X0)|2], (4.236)
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Fig. 4.27 Psd of OFDM with N = 16,a, = 0
and
N—1 N—1
B(f,xq) = Zxo,kTsinc(fT —k) + Zxo’kothsinc(ag(fT — k)T, (4.237)
k=0 k=0

Substituting (4.237) into (4.236) along with T = NT and T, = (1 + a,)T yields the result

N—1

Z sinc? (NfT; — k)

8 k=0

1
14+«

Sx(f) = CIXZAZT(

=

az —1
+—= sinc? (ot (NfT; — k) (4.238)
I+ o .

~
I

N—1
++ zfg cosQuNfT;) Y sinc(NfT, — k)sine(ery (NFT, — k) )) '

o
8 k=0

The OFDM psd is plotted in Figs.4.27 and 4.28 for N = 16,0, = O and N = 16,0, = 0.25, respectively. Observe
the effect of the OFDM guard interval on the psd. Likewise, Figs.4.29 and 4.30 plot the psd for N = 1024, o, = 0 and
N = 1024, a, = 0.25, respectively, where the effect of increasing the block size N can be observed. When plotting the
above figures, the index k was replaced with k — (N — 1)/2 in the argument of the sinc functions in (4.239) to center the
spectrum around 0 Hz. Note that the psd is plotted against the normalized frequency fT;. To avoid a reduction in data rate,
the modulated symbol period with a cyclic extension is 7% = T,/(1 + o). Hence, the Nyquist frequency in this case is
1/2T8 = (1 + o) /2T, which shows a bandwidth expansion due to the guard interval.

4.9.6.1 Psd of OFDM with IDFT Baseband Modulator

It is interesting to examine the OFDM power spectrum when the OFDM complex envelope is generated by using an IDFT
baseband modulator followed by a balanced pair DACs as shown in Fig. 4.14. The output of the IDFT baseband modulator
is given by {X¢} = {X§  }, where m is the block index and
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20 T T
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Sss(f) (dB)

Fig. 4.28 Psd of OFDM with N = 16, a, = 0.25

20

10

Sss(f) (dB)

Fig. 4.29 Psd of OFDM with N = 1024,a, = 0

X’im = Xn,(m)N (4.239)

N—1 _
=AY xgeV, m=0,1,..,N+G—1. (4.240)
k=0

The power spectrum of the sequence {X$} can be calculated by first determining the discrete-time autocorrelation function
of the time domain sequence {X$¢} and then taking a discrete-time Fourier transform of the discrete-time autocorrelation

function. The psd of the OFDM complex envelope with ideal DACs can be obtained by applying the resulting power spectrum
to an ideal low-pass filter with a cutoff frequency of 1/(27¢) Hz.

213
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20

10

Sss(f) (dB)

Fig. 4.30 Psd of OFDM with N = 1024, a, = 0.25

The time domain sequence {X8} is a periodic wide-sense stationary sequence having the discrete-time autocorrelation
function

Pxexe(m, L) = %E[(Xﬁm)*xf’m il (4.241)
N—1N—1 1 . ‘ '
=A? Z Z EE[x;kxn,i]e/W‘*’f"’“’"“@ , (4.242)
k=0 i=0
form=0,....N+G—1. (4.243)

The data symbols, x, x, are assumed to be mutually uncorrelated with zero mean and variance axz =1E[x,?]. Using the fact,
that Xﬁym = Xy, (m)y» E1ves

m=0,....,G—1,£{ =0, N

Ac? m=G,....N—1,£=0
) = x U ’ . 4.244
Pxexs (m. ) m=N,...N+G—1,0=0, N (4.244)
0 otherwise
Averaging over all time indices m gives the time-averaged discrete-time autocorrelation function
Ao} =0
Pxexe () = | yogAo? {=—-N,N. (4.245)
0 otherwise

Taking the discrete-time Fourier transform of the discrete-time autocorrelation function in (4.245) gives

o0
Sxexz (f) = Z Dxexe (£)e 72T

{=—00

— a2 (14 -Gt G s
* N+G N+G

2G
= Ao? (1 + 5 e cos(2anT§)) . (4.246)
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Fig. 4.31 Psd of IDFT-based OFDM with N = 16, G = 0. Note in this case that 7¢ = T

Finally, it is assumed here that the sequence {X*} = {X$ } is passed through a pair of ideal DACs. The ideal DAC is a
low-pass filter with cutoff frequency 1/(27¢¥). Therefore, the OFDM complex envelope with an ideal DAC has the psd

S5(f) = Ao? (1 + cos(anNTf)) rect (fT%) . (4.247)

N+G
The OFDM psd is plotted in Fig.4.31 for G = 0, where it has the ideal rectangular form rect(fTy) for any block size N.
Figures 4.32 and 4.33 plot the psd for N = 16, G = 4, and N = 1024, G = 256, respectively, where the effect of the cyclic
guard interval and an increase in the block size N can be seen.
Finally, the psd plotted in Figs.4.31, 4.32, and 4.33 assumes an ideal DAC. A practical DAC with a finite-length
reconstruction filter will introduce side lobes into the spectrum. Side lobes are inherently present in the continuous-time

OFDM waveform in (4.88) and (4.89) due to the use of rectangular amplitude pulse shaping on the subcarriers. However,
they are introduced into the IDFT implementation by the non-ideal (practical) DAC.

4.9.7 Psd of Full Response CPM

Recall that the generalized shaping function for a CPM waveform is given by (4.103). To compute the psd, first define the
auxiliary function

Pt x,) 2 PO (p), (4.248)
such that
b(t, x,) = & Ti=0% (g, x,,) (4.249)
and calculate the mean and autocorrelation function of r(z, x,,). If M-ary signaling is used with the values of x; defined by

xef2m—1-M:m=1,2,---, M} (4.250)
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Fig. 4.32 Psd of IDFT-based OFDM with N = 16,G = 4
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Fig. 4.33 Psd of IDFT-based OFDM with N = 1024, G = 256

then

m, (1) 2 E[r(t.x,)]
T
— M Z e/27th(21—I—M)/S(t)uT(t)

i=1

= Dy (2 hB(t))ur(?). 4.251)
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where
in(M.
Du(x) £ Sm(. %) (4.252)
M sinx
is the Dirichlet function. Also
1
Grm(t. 1) = EE[r*(t, x0)r(t', xm) ] . (4.253)
Evaluating the above expression for m = 0 gives the following result which will be used later
/ 1 * /
Gro(t, 1) = EE [ (2. x0)r (7', x0) ]
- lE [e*j2ﬂhX0ﬂ(t)ei2ﬂhXOﬂ(t/)] ur (H)ur(t)
2
_ g [e—ﬂﬂhm(ﬂ(t)—ﬁ(l/))] wr(ur(f)
2
1
= 3w (27h(B(@) = B urur(r). (4.254)
To evaluate the psd, it is also necessary to compute the autocorrelation of (¢, x,,). This can be done as follows:
/ 1 * /
d)b,m(tv t) = EE [b (f, XO)b(Z vxm):l
1 B . m—
= EE e T TS0 % (t,xo)r(t/,xm)]
1 [ /m—1
=3E (l_[ (T, xk)) r(t, xo)r(t’,xm)}
L \k=0
[ /m—1
1 " * * /
= 5E [ @ %0 | r* e xo)r* (T.xo)r(@ . xa) | - (4.255)
L \k=1
Now suppose that the data sequence is uncorrelated. Then for m > 0
1 _
Gom(t, ) = B [m,(T)]" 1mr'(t)¢r,0(Tv 7)
1 _
= 5 DuGeh)]"™" Dy 2hB(E)Dyy  27h(B(T) = BW)) ) ur(ur (), (4.256)
where (4.254) has been used. Likewise, for m = 0
1
Ppo(t, 1) = EE [b* (1. x0)b(1 X0) |
= lE [e—jZNhXO(ﬂ(t)—ﬂ(l/))] uT(t)uT(t/)
2
1 / /
= 5Du ((27h(B(®) = B ur (ur (7
= ¢.0(t,1). (4.257)

Finally, the psd is obtained by using (4.254) and (4.257) along with (4.196) and (4.208).
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4.9.7.1 Alternative Method

There is an alternate method for obtaining the full response CPM psd that provides more insight. Using (4.196) along with
the property S, —(f) = S}, (f) yields

A2 ad -
- — —j2nfmT
Sm(f) = ? (Sb,O(f) + 2Re EZI Sb,m(f)e J2T, }) . (4.258)
Taking the double Fourier transform of (4.257) and (4.256) gives
Sro(f) m=0
Spm(f) = . N , 4.259
banlf) % = DMV m >0 (4259

where
m" N (T) £ [Dy (i)™

M(f) & Z[m, ()] = F[DyQ@rhB()ur()]

—

W3 () 2 SB[ (TR (. x0)] = E[7™R( x0)]

\S]

Z | - ] denotes the Fourier transform and

R(f.x0) = F[r(t, x0)] = F [P Our(r)]. (4.260)
Then,
A? N ad ‘
Ss(f) == (Sr.o(f) +2Re § M, ()M} (f) Zl m:?"l(T)e‘fz”ﬁ"T} )
A? . > . .
== (s,,o(f) +2Re M, (M (f) Y _ [m(T)e /T ]" e=2m/T } ) .
n=0
(4.261)
Observe that
|m(T)e ™| = |m(T)| = |Dy(xh)| < 1. (4.262)
The implication of equation (4.262) is that two separate cases must be considered when evaluating the psd.
Case 1: |m,(T)| < 1
In this case the sum in (4.261) converges such that
S=(f) = A; (S,,O(f) +2Re e%%%) . (4.263)

and the psd has no discrete components.
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Case 2: |m,(T)| =1
This case is possible only if
Im,(T)| = [E[e""]| = 1. (4.264)
For this condition to be true,
T = ¢ |V k, (4.265)
where c is the same constant for all k. Since this must be true for x; = 1, it follows that ¢ = 7h and
xxth=mh  mod 27) Vk. (4.266)

This means that 4 must be an integer, and when # is an integer

m(T) = E[r(T, xo)] = &™" (4.267)
and
M*(f) = M*(f)e™. (4.268)
Hence, the psd is
A? >, . i
Sﬁ(f) = ? (SrO(f) + |Mr(f)|22Re Z e}2ﬂ(f27.)mT§ )
m=1
A2 ad (D
=7 (Sr,o(f) — M. (O)I> + M, (f)|* Z e—ﬂ”(f—zr)'”>
A2 , 1 ) - h n
=7 (Sr.o(f) — M. (" + ?|Mr(f)| n;oofs (f— o ;))
A A\ & h n\|? h n
= (50 -m0R)+ (7)) X e (5r+7) 5(r-55-3): (4.269)

n=—0o0

Clearly, the second term in the above expression is a discrete spectral component. Hence, integer values of £ lead to discrete
spectral components. Since discrete spectral components are generally undesirable, integer values of 4 are typically not used.

4.9.7.2 Psd of CPFSK
With CPFSK, the phase shaping pulse is given by (4.107). Hence,
T oo
R(f,x0) = / T ey
0

= Te/mIT=m0/Dginc ((fT — hxo/2)) (4.270)
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where xg € {1, +3,...,£(M — 1)}. It follows that
M, (f) = E[R(f. x0)]

M
T .
= > e T Dsing ((fT — hx,/2)) (4.271)

m=1

.0 = 5E[IRG 200

-
= o > sine® ((fT — hx/2)) (4.272)
m=1

M
~ T .
M*(f) = T § T Dsine (T — xuh/2) . (4.273)
m=1

These expressions are used in (4.263) to obtain the psd.
For binary M = 2 CPFSK,

2

S,0(f) = TT (sinc®(fT — h/2) + sinc®(fT + h/2)) (4.274)
M,(f) = g (e T+ Dsine (fT + h/2) + e =M Dsinc(fT — h/2)) (4.275)
M*(f) = g (™MD sinc (fT + h/2) + ™M Dsine(fT — h/2)) (4.276)
m,(T) = Dy(hr). (4.277)

When £ is an integer, the psd has both continuous and discrete components

Ss(f) = S&(f) + S4(f). (4.278)

where

2

Se(f) = gsinc(ﬂ" + h/2)sinc(fT — h/?2)

d A2 N h n .2 ) . .
S&(f) = T Z 8 (f 57~ ?) (smc (n + h) + sinc”(n) — 2sinc(n + h)smc(n)) (4.279)

n=—

which clearly exhibits line components at frequencies (% + %) Further simplification may be possible for special cases,
but otherwise the psd has an intractable form. Figures 4.34 and 4.35 plot the psd against the normalized frequency fT. MSK
corresponds to the case 7 = 0.5. Observe that the CPFSK power spectrum becomes more compact for smaller /, while the
converse is true for larger h. Figure 4.35 illustrates the appearance of discrete components at frequencies (% + n) %, n an

integer, as h — 1.

4.9.7.3 Psd of MSK
The psd of CPFSK is complicated for all but a few cases. By using Laurent’s decomposition [193], MSK was shown

equivalent to OQASK with half-sinusoid amplitude pulse shaping. From (4.112), the MSK baseband signal has the
quadrature form

§(6) =AY b(t—2nT.x,). (4.280)



4.9 Power Spectrum

Fig. 4.35 Psd of binary CPFSK as the modulation index 7 — 1
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) upr (1),

b(t, Xn) = 5C2n+1ha(t - T) +j552nha(t)

h,(t) = sin (

221

(4.281)

(4.282)

X, = (X241, X2,) is a sequence of odd—even pairs assuming values from the set {41, £1}, and T is the bit period. The Fourier

transform of (4.281) is

B(f, Xn) = (J%Zn—i—l e_jZHfT +]552n) Ha (f)

(4.283)
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Fig. 4.36 Psd of GMSK with various normalized filter bandwidths BT

Since the data sequence is zero mean and uncorrelated, the MSK psd is

$10() = SB[ 186 %0

The Fourier transform of the half-sinusoid pulse in (4.282) is

Hu(f)

Hence, the power spectrum becomes

A2
Ss() = ML) =

The psd of MSK is plotted in Fig. 4.34.

4.9.8 Psdof GMSK and TFM

Frequency, fT

oo | o
=3E [37 + %] 1H ()P

- - —j4rfT
_n(l—(4fT)2) (l+el )
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(4.284)

(4.285)

(4.286)

GSMK and TFM are special cases of partial response CPM. In general, the psd of partial response CPM is difficult to obtain
except for a rectangular shaping function. One solution has been suggested by Garrison [135], where the modulating pulses
are approximated by using a large number of rectangular sub-pulses with properly chosen amplitudes.

Figure 4.36 plots the psd of GMSK with various normalized filter bandwidths BT. Note that a smaller BT results in a more
compact psd. Likewise, Fig. 4.37 plots the psd of TFM and GMSK with BT = 0.25. Observe that the psd of TFM compares
well with that of GMSK. This is not surprising since their corresponding frequency shaping pulses are quite similar as seen

from Figs.4.21 and 4.25.
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Fig. 4.37 Psd of TFM and GMSK with BT = 0.25

Finally, it is interesting to compare the spectral characteristics of GMSK and 7 /4-DQPSK. To make a fair comparison, it
must be remembered that GMSK transmits 1 bit/baud while 77/4-DQPSK transmits 2 bits/baud. If 77/4-DQPSK uses root-
raised cosine pulse shaping, then the spectral occupancy normalized to a bit duration is obtained by dividing the elements on
the horizontal axis of Fig. 4.26 by a factor of 2. For example, at f = 1/(2T},) (corresponding to fT = 1.0) the side lobes are
about 44 dB down from the main lobe (f = 0) when t = 67. From Fig. 4.36, with f = 1/(2T), almost the same side lobe
roll-off is obtained. However, for larger values of f, the GMSK pulse side lobes are seen to decay faster in frequency than
those of 7/4-DQPSK.

Problems

4.1. Assume that a received signal is given by

y(ir) =A Z xXup(t —nT),

n=—0oo

where x; = +1, and p(¢) is the ideal Nyquist pulse

p(t) = sinc(¢/T)
P(f) = Trect(fT).

Due to a slight timing error, the received signal is sampled with a timing offset 7, resulting in the sample sequence {y;}
shown in (4.46). Show that

Ve = Aaqysine(t,/T) + A

sin(zt,/T) Z a,(—=1)"

i t,/T —n

4.2. Show that 16-QAM can be represented as a superposition of two four-phase constant envelope signals where each
component is amplified separately before summing, i.e.,

s(t) = G(An cos(2rf.t) + B, sin(27rfct)> + (Cn cos(2xrf.t) + D, sin(2nfct)>,
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where G is a gain constant and {A,}, {B,}, {C,}, and {D,,} are statistically independent binary sequences with elements from
the set {—1, 4+1}. Thus, show that the resulting signal is equivalent to

s(t) = I, cos(2nf.t) + Q, sin(2nf.1)

and determine /,, and Q,, in terms of A,, B,,, C,,, and D,,.

4.3. Consider the two 8-QAM signals constellations shown in Fig. 4.8. Suppose that the distance between nearest-neighbor
signal points in each constellation is equal to A.

(a) For the constellation on the left, determine the cartesian coordinates of the constellation points.

(b) For the constellation on the right, determine the radii @ and b of the inner and outer circles.

(c) Find the average energy per symbol for each of the two signal constellations in terms of A assuming that each signal
point is used with equal probability. Which constellation is more power efficient?

4.4. Two data streams, {x,;} and {x,,}, are to be transmitted using unbalanced QPSK with rectangular amplitude pulse
shaping, such that the data rate for {x,;} is 10 kbps and that for {x, ;} is 1 Mbps.

(a) Relate the amplitudes of the waveforms, A; and A,, such that both bit sequences have equal energies per bit.
(b) With A; and A, so related, find the possible phase shifts for the carrier, where the x,; and x,, take on all possible
combinations of +1 and —1.

4.5. An important parameter for digital modulation schemes is the peak-to-average power ratio (PAPR), defined by

maxo<,<r |5(1)|*

PAPR = limy .
T [T ()

When nonlinear power amplifiers are used it is desirable to keep the PAPR as small as possible.

(a) Plot the PAPR for 7r/4-DQPSK with root-raised cosine pulse shaping, as a function of the roll-off factor .
(b) Repeat part (a) for QPSK. What conclusions can you draw?

4.6. Two new modulation schemes have been proposed called Q-O-QAM and B-O-QAM. Q-O-QAM transmits
2 bits/symbol, while B-O-QAM transmits 1 bit/symbol. The mapping of Q-O-QAM data bits (ay, dx+1) to symbols
by is as follows: The symbols b are used to generate the symbols x; which are given by

(as, azx+1) b

0,0 +3
0,1 +1
1,0 -3
1,1 —1

Xk = bke/k%.

For B-O-QAM the mapping of data bits a; to symbols by is as follows: The symbols gy are also used to generate the symbols

ay bk
0 +3
1 =3

xx which are given by

KX
Xy = bke’k2.
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(a) Plot the signal space diagram for Q-O-QAM and B-O-QAM and show the allowable transitions between the signal points
in the signal constellation. Why would these modulation schemes be useful for radio transmitters that use nonlinear power
amplifiers.

(b) Assuming an AWGN channel and coherent detection, write down an expression for the probability of symbol error for
Q-0-QAM and B-O-QAM in terms of the bit energy to noise ratio y,.

4.7. Consider two sinusoids waveforms
51(t) = A cos(2nf.t)
s52(t) = Acos2r(fe + Ap)1).

(a) Determine the minimum value of As such that the inner product (s;,s,) = 0 over the interval 0 < ¢ < T. Assume that
T > 1.
(b) Repeat part (a) for the two sinusoids

s1(t) = AcosQ2nf.t + ¢1)
52(t) = Acos2r(fe + Ap)t + ¢2),

where ¢; and ¢, are arbitrary phases.

4.8. A guard interval consisting of a cyclic prefix or cyclic suffix is used in OFDM systems to mitigate the effects of channel
time dispersion.

(a) Assess the cost of the cyclic prefix in terms of

(i) bandwidth and/or data rate.
(ii) transmitter power.

(b) Suppose a guard interval of 500 ns is used. The data rate with 64-QAM modulation is 54 Mb/s. The power penalty due to
the guard interval is to be kept less than 1 dB. What is the required value of G (constrained to an integer) and minimum
possible OFDM block size (constrained to 2* for some k)?

4.9. Consider the time-domain sample sequence for the nth OFDM block

N—1

:2mkm

Xn.mz E x,,,ke’ N,
k=0

The data symbols x, 4, k = 0,...,N — 1, are independent and each is chosen with equal probability from a BPSK symbol
alphabet, such that x,; € {—1, +1}. The PAPR of the sample sequence for block n can be defined as follows:

max,, | X,.m|?

PAPR = o :
N_l Zm:() |X'L,m|2

By using the triangle inequality, show that PAPR < N.

4.10. Consider an OFDM time-domain sequence (without cyclic guard interval)

N—1

: 2mkm

Xn,m = E xn.ke/ N
k=0

N—1 N—1

—Zx cos 27 km + 'Zx sin 27 kan m=20, 1 N-—1
—kzo n,k N ]nzo n,k N s — Y, L, ..., )

where the x,,; are symbols are i.i.d. symbols chosen from the binary alphabet {—1, 4-1}.
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(a) Invoke the central limit theorem for large N and treat the X, ,,, = X;,m +jX ”Qm as independent complex Gaussian random
variables. What are the means, variances, and cross-correlation of the quadrature components X!, and X, ?
(b) Suppose that the X,,,, can be treated as complex Gaussian random variables with the parameters in part (a). What is the

probability density function of the peak power
P = |X 2 = max _1|X, 29
max | maxl 0<m<N-—1 | n,m| .

(c) What is the probability density function of the peak-to-average power ratio

Pmax
PAPR = —

av

in terms of the block size N?

4.11. Let {X,,}"Z! be a finite duration time domain sequence of length N and let {xk}ﬁl;ol be its N-point DFT. Suppose that

m=0

{X,, )N is padded with L zeroes and the (N + L)-point DFT is computed, denoted by {)Ack}g:(f_l.

m=0

(a) What is the relationship between x; and X(?

(b) If x|, k=0,...,N—1and |X|, k=0,...,N+ L—1 are plotted on the same graph, explain the relationships between
the two graphs.

4.12. (Computer Exercise) Consider the time-domain sample sequence for the nth OFDM block {X,, ,,}"_{. The peak-to-
average power ratio (PAPR) for the nth data block can be defined as follows:

max, |Xn,m|2

PAPR, = - :
N7ED =0 [Xnml?

Note that the PAPR for the nth data block, PAPR,,, depends on the random data vector {x, 0, Xn.1, - - - , Xn.n—1}-

By averaging over many randomly generated data vectors, determine the mean of the PAPR and the variance of the PAPR.
Do this for 16-QAM modulation with block sizes N = 256, 512, and 1024. Assume in all cases that no guard interval is
used, i.e., G = 0.

4.13. (Computer Exercise) Consider a selective mapping scheme to reduce the PAPR of an OFDM waveform. The
technique begins by generating L different random phase vectors of length N, i.e., first generate

&= (DroPeas-- ben—1), £=12,...,L,

where the ¢, ; are independent uniformly distributed random variables on the interval (—x, r]. Then for each ¢,,{ =
1,..., L, compute the PAPR of the OFDM sample sequence

N—1
Xﬁ,m = an,kejm'kejzwm , m= 0, 1, e ,N— 1,
k=0

and select the waveform having the smallest PAPR for transmission.
Consider N = 256 and 16-QAM symbols, and assume that no guard interval is used, i.e., G = 0. Compute the mean
PAPR and the variance of the PAPR of the transmitted OFDM waveform for L = 1,2, 4.

4.14. An OFDM signal with a large number of subcarriers N and no guard interval (G = 0) has a complex envelope that
can be approximated as a zero-mean complex Gaussian random process. Assume an “ideal” OFDM signal spectrum, where
the modulated power spectrum is

So , |f] = 1/2T;
0 , elsewhere

Ss(f) =

where T = NT;.
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Fig. 4.38 Frequency shaping h(t)
pulse for Problem 4.16 Y

0 ]'" T t
2

(a) Using the above Gaussian approximation, what is the distribution of the magnitude of the complex envelope, |5(7)[, at
any time f.

(b) Suppose that the RF power amplifier will clip the OFDM waveform if the magnitude of the complex envelope |5(7)]
exceeds the level @Ry, where Ry is the rms envelope level /E[|5(7)|?]. What is the probability that the OFDM
waveform will be clipped at any time #?

(c) Suppose that a continuous stream of OFDM symbols is transmitted. How many times per second on average will the
OFDM waveform be clipped?

4.15. The following problem requires you to design a length N = 256 phase vector

¢ = (g0, b1,....98-1)

such that the corresponding OFDM sample sequence

N—1
. 2 2mwkm
Xm=Ze’¢"e’ v om=0,1,...,N—1,
k=0

has a PAPR that is no bigger than 3 dB and preferably as small as possible. Using any and all techniques at your disposal,
such as analysis and/or computer search, find such a phase vector ¢.

4.16. Consider a CPM signal that is generated by using a triangular frequency shaping pulse shown in Fig. 4.38.

(a) If h = 1/2, find the peak frequency deviation from the carrier, where frequency deviation is

L ds()

fdev = E dr

(b) Sketch the phase tree and phase trellis for the binary source symbol sequence
X = (+1L+1, 41, -1, =1, +1,—1,-1)

4.17. A CPM signal is generated from a baseband signal with a half-sinusoid frequency shaping function A (f).

(a) If h = 1/2, find the peak frequency deviation from the carrier frequency, where frequency deviation is

I d¢()

fdevzﬂ dr

(b) Sketch the phase tree and phase trellis if the data symbol sequence is
x={+3,—-1,+1,+3,-3,+1,—1}.

4.18. Sketch the phase tree, the phase trellis, and phase state diagram for partial response CPM with 7 = 1/2 and

1
h(t) = H,MzT(f)
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4.19. Consider a partial response CPM signal

(a) Generate a frequency shaping function of duration 37 by convolving two rectangular shaping functions of duration 7
and 27.

(b) Define and sketch the three segments of the shaping function, i (), k = 0, 1, 2.

(c) Sketch the baseband signal if the symbol sequence is

x={+1,—1,4+1,—1,—1}.

4.20. What are the phase states and states for the following CPM signals:

(a) Full response binary CPFSK with either 2 = 2/3 or h = 3/4.
(b) Partial response L = 3 binary CPFSK with either h = 2/3 or h = 3/4.

4.21. Equation 4.142 defines the transfer function H(f) of the Gaussian low pass filter that is used to generate the GMSK
waveform.

(a) Obtain the impulse response A(f) and show that it satisfies the properties of a probability density function (pdf).
(b) Expanding on the interpretation of A(¢) as a pdf, determine the variance of the distribution. What is the significance of
this interpretation?

4.22. Design a Gaussian pulse-shaping filter with BT = 0.5 for a symbol rate of 19.2 kbps. Write expressions for and plot
(i) the impulse response and frequency response of the filter and (ii) the frequency shaping pulse A¢(f). Repeat for the case
of BT = 0.2 and BT = 0.75.

4.23. Consider TFM with the frequency shaping pulse

b4

_ nfT 2
B = 4h sin(wfT) cos” (/1.

Suppose that this pulse is obtained by exciting a filter h(f) with a gate function rect(z/T). Find and sketch the impulse
response of the filter /(7).

4.24. Prove the identity
T —j2rfmT _ S ( _ ﬁ) .
2=y

4.25. Consider the case of uncorrelated data symbols.

(a) Show that if the symbols are equiprobable, then

E[1B¢.50F | - [E B¢ 0] |

1 M M 2
= 537 2o 2|0 =]

i=1 k=1
(b) Compute the value of part (a) for M = 2.

4.26. Consider the complex low-pass binary modulated signal
() = A xyha(t = nT),
where x,, € {—1, +1}. The data sequence {x,} is correlated such that

1 * n
$uc(n) = EE[xkxk+n] = pl"l.

Compute the power density spectrum of 5(¢).
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4.27. Suppose that a binary data sequence {x,}, x; € {—1, +1} is correlated such that P(x, = x,+1) = 3/4, i.e., adjacent
data bits are the same with probability 3/4 and different with probability 1/4.

(a) Compute the autocorrelation function ¢, (m) for this data sequence.
(b) Compute the power spectrum Sy, (f).

4.28. Suppose that an uncorrelated binary data sequence is transmitted by using binary PAM with a root-Gaussian amplitude
shaping pulse

1/2
Ho(f) = (ze™07")

(a) What is the transmitted power density spectrum?

(b) Find the value of 7 so that the power density spectrum is 20 dB below its peak value at frequency 1/7T, where T is the
baud duration.

(c) What is the corresponding time domain pulse A,(f)?

4.29. Consider the M-ary orthogonal FSK waveform defined by (4.71) and (4.72). Assuming equally likely messages,
determine the psd of the transmitted complex envelope S (f).

4.30. Consider a system that uses a set of M = 16 bi-orthogonal signals that are derived from the Hadamard matrix Hg in
(4.76). The set of 16 signals is constructed according to

AN hicho(t — kT.) k=1,...,8

5i(t) = z
SO=1 50, k=9,...,16

, (4.287)

where T = 8T, is the baud period. Note that 4 bits are transmitted per baud. Assume an uncorrelated data sequence and
assume that all 16 waveforms are used with equal probability.

(a) If hc(t) = ur (1), find the psd of the transmitted complex envelope Sz (f).
(b) Plot the power spectrum S;(f) against the normalized frequency fT},, where T, = T /4 is the bit duration.
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