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Ssampling and quantization

The previous two chapters have reviewed and discussad the varions chamacteristics of =g-
nals along with method of describing and representing them. This chapter begins the
discnssion of ransmitting the sigrals or messagas uging a digital communication 2y ghem.
Though one can easily visalize messages produced by sources that are inherently digital
in natmge, witness text messaging via the keyboard or keypad, two of the most common
mesmags sourced, audio and videa, are aralog, e, they produce continuous time gnals
T make them amenable for digital traremission it ig Arst required to transform the analog
information source into digital symbols which are compatible with digital processing and
b 55 5000

The firat step in thia tranaformation process i8 © discretize the time axia, which involves
samnpling the continuons time signal at discrete values of Gme. The sampling process, pri-
marily how many samples per second are needed o exactly represent the sigred. practical
sampling schemes, and how o reconstmct. at the eceiver, the amalog meszage fom the
samnples is congidersd first. This iz followed by a brief discussion of three pulse modula-
ion techniques, a sort of half-way house between the analog modulation methoda of AM
and B and the various digital modulation—demodulation methods which are the focus of
ther reat of the text.

Though time has besn discretized by the sumpling process the sample values are il
analog. e, they are confinuous vanables. To represent the sample value by a digital
gyimibal chicaen from a Aodts set neceasitates the choice of a discrets set of amplinsdes to rep-
resent the continuous range of possible amplitudes. This process is known as quantization
and unlike discretization of the time axis, it fesultz ina distortion of the original signal since
it i3 a many-to-one mapping. The measare of this digorbon is commonly expressed by the
zsignal power to quantization nodse powed ratio, SMEg. Vanous approaches 1o quantization
and the realtant SNRq are the major focus of this chapter.

The final step iz to map (or encode) the quantized signal sample into a sinng of dig-
ital. typically bdmary, symbols, commonly known as pulse-code modulation (FCMy. The
complete process of analog-to-digital {AD) conversion is a special. tat important. case of
aoirce coding,.”

-35- Dr. Hussam A. A. -Obiady



s\
Department of Computer Engineering Communication f":ﬂ
and information Technology Third Class ;

4.1 Sampling of continuous-time signals
-

The first oparation in AT conversion is the sampling procass. Both the theomtical and
practical implamentations of this procass are studiad in this saction.

4.1.1 Ideal {or impulse) sampling

The sampling process coovarts an analog weveform into 8 saquanca of discreta samples
that are vsnally spaced waifrmly in tima. This procass can be mathematically described as
in Figura 4.1{a). Hem the snalog waveform s} is multiplied by a padodic train of unit
imipalre functions (i) to produced the sampled wavedorm ms(f). The expression for #(f) is

as follows:
P ) @1
Thus the sampled waveform m(f) can b:-u;md g
mig(f) = mii)s(f)
= i mind(f— nTg) = i minTs)&(t — nly). (4.3)

The parmmeater Ty in (4.1} and (4.2} is the perod of the impulss tmin, also efemed to as
the sampling period. The inversa of the sampling period, fr = 1Ty, is callad the sampling
fraquancy or sampling rake. Figures 4.1(b)—(d) graphically illustrate the idesl sampling
procass, It is inmitive that the highar the sampling rata is, the more accumts the represan-
tation of m(r) by mx(f) is. However, to achisve a high efficiency, it is desired to use as low
g sampling e a8 possible. Thus an impontant quastion is: what is the minimum sampling
mate for the sampled varsion ms(f} to exectly represent the originel analog sigoal mif?
Far tha family of bandlimited signals, this quastion iz anewemd by the saeepding theorem,
which is derivad next.

iConsider tha Fourier transform of the sampled wone fiorm mgl(i). Sinca my(f) is the product
of m(r) and s(f), the Fourar transform of m,(f) is the comwoliation of tha Fourisr trans-
forms of mif} and ). Recall thet the Fourier transform of an impulse train is another
impulea train, whera the values of the periods of the two trains are reciprocally related to
ona apother. The Fouriar ransform of £} iz given by

] =
EI;ﬂI=F Z 8 — ). (4.3)

W —— O

Also note that comvolution with an impulse function simply shifts te original function as
Follows:

() *8(f —fo) = X(f —fal. (4.4)
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4.1 Sampling of continuoustirme signals
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Ideal eampling process: {a) msthematical mode], (k) analog signal, (o) impulse train. {d) sampled vemsion
of the analog signal, (&) spectrum of bandlimited signal, (£} specirum of the impulse tmin, {g) specmam of
the smpled waveform.

From the above equations, the ransform of the sampled wayefiorm can be written a=

P — 10

I =]
My = M) 87 = Mif i |:f Ej SU‘—R_GJ]

I o
=4 ¥ Mif — nf. i4.5)

T

Equation (4.5) shows that the specirum of the sampled waveform consists of an infinite
mumber of scaled and shifted copies of the spectmam of the original signal min. More
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precizely, the spectnam M) isscaked by 1T, and pericdically repeated every 1. It should
be nobed that the relation in (4.5) holds for any contimious-ime signal s, even if it iz not
bandlimited. or of Anite enargy.

Hiowever, for the bandlimited waveform sy with bandwidth limited to W heriz a
generic Pourier transform of the sampled signalsin) is illusteated in Figure 4. (). The tri-
angular shape chosen for the magnitude spectrum of i) is ondy for ease of illustraticn. In
general, M) can be of arbirany shape. azs long &8 it is confined to [—W, W]. Since within
the original bandwidth {around e frequency) the spectrum of the sampled waveform is
the same as that of the original sigral (except for a scaling factor 17,0, it suggests that the
anginal waveform s can be completely recoverad from my i by an ideal lowpass Alter
(LPF) of tandwidth W as shown in Figuee 4. 10g). Howewver, a cloger investigation of Figure
A 1igh reveals that this 12 anly possible if the sampling rate £ is high enough that thereis oo
overlap among the copies of MU in the spectrum of a0, It is eagy to see that the condi-
ton for oo overlapping of the copies of M ds f = 2W, thevefore the minimum snpling
tabe i f; = 2W, When the samipling eate o = 2% (underzamipling), then the copies of M
overlap in the Frequency domain and it is oot possible to recover the original signad w0
by filtering. The distortion of the ecovered sigmal due to endersampling s referred to as
aliasing.

[t b besen shown using the frequency doadn that the eriginal continuous sigral @win
can be completely recoversd from the sampled sigral s, 00, Mext we wizh to ghow bow to
teconstruct the continnans signal san from its sampled valoes a0, e = 0,21, 22, ...
Too this end. wribe the Fourier trarsform of .06 as follows:

oo
M) = Flm,in} = E il UF (80 — ml)
A=—00
=1
= E minT, e P=9T, i4.6)
A=—00
Since MU = M:0F 6. for =W = F = W, one can write
(1]
Mifi= 1 ¥ mial e P _Waof< W i4.7)
Ta=—m

The signal mir) is the ioverss Fourker teanafoom of MO and it can be found as follows:

mifi = F-YMin} = fm Mif P df
-0

L
=}r = 3 minTye =Ty
~w i A=—0a
o

= 3 mty [ " gty

_'i'; =0

= i w.u,u]']i'ain['::Iir Wit —nTol]
it afelt — Ale
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= 2 n(%) W= e
= "
= ";t;mm [ﬁj ginc2 Wi — ), (4.9

where, to arrive at the last two equatiors, the minimom sampling rate fo = 2% has been
usad and aincir) = sinl=zx) (=X

Equation (4.9) provides an irferpolmtion formiale for the constnaction of the original sig-
nal mi#) from itz sampled values min2W). The sinc function ginc2 W) plays the role of
an isferpolating funciion (also known as the sampling function). In essence. each sam-
ple iz multiplied by a delayed version of the ioterpolating function and all the resolting
waveforms are addad up o cbtain the onginal sigral.

Mow the sampling theorem can be stated as follows.

Theorem 4.1 (sampling thearem) 4 sigral hovieg pe frequency comporenis
above W hertz (s completely described by specifing the wilues of the sigral ar periodic
Tige insian iy it are separeied by af most | S22W reconds.

The theorem stated in terms of the sampling rate, f; = 2W, is known as the Neguist
crifesion. The sampling rate f; = 2W iz called the Nyguist rade with the reciprocal called
the Myqeiist inferval.

The sampling process considersd so far is known as ideal sampling bacause it involves
ideal impulze functicna. Obwviousty, deal sampling is oot practical. In the pext two sec-
tions two practical methodsz of implementing aampling of continuous-time signals am
introd uced.

Example/ an analog signal f(t) = 1+ cos(40004t) is sample by fs = 5000

Hz draw the sampling signal spectrum. Calculate min. sampling frequency.

Sol/
H(f) A

\ 4

-2KHz 0 2KHz
-7TKHz -5KHz -3KHz 3KHz 5KHz 7KHz

f.min= 2*f,

fsmin=2* 2000=4000 Hz
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4.2 Pulse modulation

Becall that in analog (continuous-wave) modulation. some parammeter of @ sinnsoidal carrier
Apcos2xfor + @), such as the amplingde A, the frequency . or the phese 8, is varked
cortingeasly in accordance with the message signal mif. Similarly, in pulse modulation.
s parameter of @ palse rrade i2 varked in accordance with the aample values of amessage
signal

Pulse-amplitude modulation (PAR ) is the simplest and most basgic form of analog pulse
madulation. In PAM. the esplisades of regulady spaced pulses are vaned in propartion
to the corres ponding sampls values of a continnons messags sigral In general, the pulsas
can be of some appropriate shape. In the simplest case, when the pulse is rectangular,
then the PAM =ignal is identical to the sigral producsd by Aat-top sampling described in
Section 4.1.2.

[t shoaald be noted that PARM tranzmizsion does not improve the nolse performance over
baseband mcdulation (which iz the traremision of the onginal continnons signall. The
mwedn (pertiaps the only) advantage of PAM i8 that i allows muoltiplexing, ie, the staning
of the same tranamission media by different scorces (or nsers). This is becanze a PAM
signal anly coours in slots of hme, leaving the idle time for the wansmigsion of other PAR
signals. Hewever, this advantags comes at the experse of a langer ransmigsion band width,
a8 can be seen from Figames 4.50a) and 4.5(d).

[t iz well koown that in analog FM. bandwidth can be traded for noise perfod-
mence. As menbioned before, PAM signals require a larger bansmission  bandwideh
without any improvemnent in ooise performance. Thiz sugpests that there should be bet-
ter pul=e modulations than PAM in terms of noise performance. Two such forme of pulse
modulation ane:

& Pulse-wideh modulation (FW M in WM, the samples of the message signal ae nsed
to vary the widih of the individual pulses o the pulse teadn,

& Pulse-position modulation (PPM: in PPM. the position of a pulse relative 1o its criginal
time of cocurence iz vared in accordance with the sample values of the message.

Examples of F'WM and PPM waveforms are hown in Figure 4.6 for a sinusoidal message.

Mite that in PWM. long pulses (cormesponding to lage sanple values) expend coraid-
erable power, while bearing no additional information. In fact, if cnly fme ransiticns ae
preserved, then OB becomes PPM. Accordingly, PP iz a more power-efficient form of
pulss modulation than PWHL

Begarding the nodze performance of P'WH and PPM systems, since the ranzmitied infor-
meation {the sample values) is contained in the relative positicns of the medolated pulses,
the additive noise, which maindy introduces amplimde distorion, has much less effect. As
aconsaquence, both P M and PPM systems have betber noise performance than PAR.

Pulse modulation techniques, bowever, ae still analog modulation. For digital commu-
mications of an analog souice. one needs to procesd to the next step, ie., gquantization.
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Examples of FW A and PPM: {al a sinosoidal message, (b pulse carrier, (o FW A waveform, (d) PPM

wavefomm.

- PAM Modulator and Demodulator
The PAM modulator that satisfy the sampling condition have

transmitted bandwidth

1
BWPAM = ?
s

The modulator and

_________________________________

demodulator of PAM shown below

%

1
1
1
1
1
1
1
1
1
:
1
Pulse < Clock '
1
1
1
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1
1
1
1
1
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PAM Modulator

Clock
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The transmit LPF+ use to minimize the transmit signal when the receive

LPFr used to reconstruct the received signal. The analog modulator can by

AM, DSBSC, SSBSC, PM, or FM.

- Time Division Multiplexing (TDM)

-

One advantage of using pulse modulation i$that it permits the simultaneous transmission
of several signals on a time-sharing basis—time-division multiplexing (TDM). Because a
pulse-modulated signal occupies only a part of the channel time, we can transmit several pulse-
modulated signals on the same channel by interweaving them. Figure 6.9 shows the TDM of
two PAM signals. In this manner we can multiplex several signals on the same channel by
reducing pulse widths.

40]
N

Ts : sampling time

Tx : TDM sampling time

Ts

n

n: number of multiplexed channels. The bandwidth and the number of
sample transmitted by sec for the TDM transmit signal are

1
BWTDM = F (HZ)
X

Ty =

Sampling Rate = Ti (Sample/sec)

X

The TDM modulator and demodulator shown in figure below
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fi(t)

A

Commentator
fo(t \,'Q" Analog Transmit
) \\ y Sampler > LPPy » Modulator | > signal

S fout =BWrppm
/ ~--c 7'y
fn(t) Pulse < Clock
Generator fetook =1/Tx

—————————————————————————————————————

Commentator
LPFr
RN fot =W
. Analog ! K
Received ——»| Wb S&H — )
signal . .t
LPFr
Clock | Pulse fou =W
ook =1/ Tx Generator
LPFq
__________________________ fcut =W

Example / Ten low-pass signal each band limited to 4KHz
multiplex in Time by sampling frequency 10KHz . calculate
SOL/

1- min clock frequency of TDM system

f.ox =10x10000 =100KHz

clock

fi(t)

fa(t)

fa(t)

are to be
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2- what is the min cutoff frequency of the transmitted LPF+

1 n f
fcut—off m = BWTDM = _2.|. = 5 :
10x10000
fCut—off m = T = 50KHz

3- what is the min and max. (Range) cutoff frequency of the received
LPFg
feutoft ymn =W = 4KHz
fCut—off(R)Max = f, /2 =5KHz

4- What is the total system pulse rate

Rate:i:n f
T

X

Rate =10 x10000 =100 KPulse/sec

S

Sheet 3
Q1) 30 low-pass signal each band limited to 3.3 KHz are to be multiplex in
Time by sampling frequency 10KHz . calculate min clock frequency of

TDM system, total system pulse rate and Bandwidth.

Q2) 10 low-pass signal each band limited to W KHz are to be multiplex in
Time by min. sampling frequency if the transmitted ideal LPF cut-off is
100 KHz calculate W.

Q3) The three signal f,(t), f,(t), and f3(t) is sampled by f;= 4 Hz draw
the TDM signal from 0 sec to 1.5 sec. Then design TDM modulator and
demodulator.(Hint assume the pulse duration neglected)

f (t)=-2t 0<t<1
f,(t)=3 0<t<?2
f(t)y=e™ 0<t
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4.3 Quantization

In all the sampling processes described in the previous section, the sampled signals ae
discrete in time but still continuons in amplitude. To obtain a fully digital representation
of acontinuous gignal. two farther operations ane needed: gumitizaiion of the amplitude of
the aampled signal and encoding of the quantzed valnes, as illustrated in Figuse 4.7, This
gection discusses quantization.
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—=] Samplker | ruantizer = Encoder ————=

m Cluantization and encoding operations.

Conlinous samples Cuantized samples
—_— Cuaniizes —
(T A ez
T | T . Ti . .
1 - - 1 & 1 2= AL,
oy d'I oy, Dy
AT,

m Description of & memaryless quantizer:

By definiticn. amplitnde quantization iz the process of ransforming the sample ampli-
mde malrly) of a mesaage signal miH at time = &7 oo a discrete amplitnde #aluTy)
taken fiom a fndee sat of possible amplitndes, Clearly, if the Gnite set of amplimdes i=
chosen such that the spacing betwesn two adjacent amplitude levels is sufficiently amall,
then the approximated (or quantizedd signal, @i{rely). can be made practically indistin-
guishable from the continuous aampled signal. minT; ). Mevertheless, unlike the sampling
process, there is always a koas of information asseciated with the quantization proceas, oo
meatter howe finely one meay chooss the Godbe set of the amplimdes for quantization. This
implies that it is oot poasible o complerely recover the sampled zignal from the quantizad
gignal

[n this saction. we shall assume that the quantization process s semorplers and fasfen-
faneows. meaming that the quantization of sampls value at time ¢ = AT iz independant of
exarlier or later samplea. With this assumption, the guantization process can be describsed
a8 in Figuie 4.8, Let the amplinde rangs of the continuousz signal be partitioned into L
imtervala, where the Ith interral. denoted by T, is determined by the decision levels (alao
called the dheeshold levels) Oy and Diy

TjZI_DJ -:.'H;!.EH.]_I. i=1..., L id.18)

Then the quantizes represants all the signal amplimdes in the interval Tp by some amplinde
Ty = Ty referred to as the farger bevel (alao known sa the represenfaiion level or reconsinic-
Hom devel). The spacing between two adjacent decision kewels i called the srep-rize. If the
gtap-gize i8 the same for each ioterval, then the quantizer iz called a aniform gueamriper,
atherwize the guantwer iz pomuniform. The uniform quantizer is the simplest and most
practical cne. Besides having equal decision intervals, the arget kvel is chosen to lie in
theer mriddle of the inberval.
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4.3.1 Uniform quantizer

From the description of the quantizer, it follows that the input—outpuat characteristc of the
quantizer (of guaizer characfenisnic] is a staircase function. Figures 4.9(a) and 4.9(k)
display two andform quantizer characteristica, called mddiread and mddrise. Az can be
seen from these Agures. the classifcation whether a charactenstic is midtread or midrize

depends on whether the origin lies in the middle of a tread, or a rise of the staircase char-
acterigic. Por both characteristics, the decision krvels are equally spaced and the fth target
lewel is the midpodnt of the ith interval, 1e.,

_ Dy+ Dy

T 2

(4. 190

Crotpul Jevel
AAT,]
A

T

Tnput level
= ;AT

=
o
L
B
qIIE:I__
bl

Input kvl

Two types of miform quantization: (@) midiread and (b)) midriss.
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Az an example, Figure 4.10 plots the iopat and cutput waveforms of a midrise uniform
quantized.

Az mentiopsd before, the quantizaion process always introduces an error. The pes-
formance of a quantizer 1= usually evaluated in terms of itz SMR. In what follows, this
parameter 18 desived for the uniform quantizes

Since we concentrabe oaly on memoryleas quantization, we can ignoe the time index
and simply write s and & irstead of mindy) and &inTy) for the inpot and cutpat of the
quantizes respectively. Trpdcally, the input of the quantizer can be modeled a2 @ Zero-mean
random variable m with some pdf fmim). Parthecmore, assume that the amplitude range
of m i8 —Mipm = M = Mmea. thet the wniform quankizer is of midrise type, and that the
numiber of quantization levels iz L. Then the quantization step-sime 12 given by

i4.X0

Let q = m — h be the error introduced by the gquantizer, then —A /2 =g = A /2 If the
step-gize A ia sufficiently small (iz.. the number of quantzation intervals L is sufficiently
large), then it ia measomable to asume that the quantization eood q i8 & s@adform fan-
dom variable over the range [—A /2, A 2], The pdf of the random variable g is therefore
given by

Amplinde (V)

——____._'__ i \
Target leve] ———”—'-.A“_L_ Air
-
1
2
0o

Vx|

4 _m

. An example of the inpt and outpol of & midrise uniform quantizer
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Moke that with this assumption, the mean of the quantization error s 2ero, while its variance
can be caleulated as follows:

X ap A2 7 1
= “Igl :lj = —_— |:|
" Jlr_a_.':q Tl ,[n,-‘z |{ r.‘l..]l i
_alomiy .
=17 =3 (4.22)
where the last equality follows from (4,20,

Each target level at the output of a quantizer is typically encoded (or representad) in
binary form, Le., a bicary string. For convemence, the oumber of quantization levels is
usually chosen to be a power of 2, ie. L =28 where R iz the oumber of bits needed
to represent esch target level. Substimting L = 2% jnto (4.22) ope obtains the following
expression for the variance of the quantzation ermor:

mlli::ll.'l: L
R (423
Since the mesaage sample m is 4 zero-mean andom variable whose pdf s G, (e, the
average power of the mesage is equal to the variance of m, e, o = [Tn=  ar fmim)de.
Therefone, the SNRq can be expressed as,

g =

SHR, = 3"5’)23‘ 424

R, L - (4.24)
AR

=_F,_“f _ (425)

The parametar F in (4.25) 12 callsd the crest facior of the messaga, defined as

Fe peak value of the signal — Mimax
"~ RMS valie of the sigial ~ om

Equation {(4.25) shews that the SNRy of a uniform quantizer increases exponentially with
the number of bits per sample B and decresses with the square of the message’s crest
factor. The message’s crest factor ig an inherent property of the signal sounce, while R is a
techinical specificaticn, i.e.. under an engineer’s contml.

Expressed in decibels, the SMNE, is given by

(4.26)

-

1010y SNRq = 6028 + 10 kogyg (':f ) +4.77 (47T
(1 il
= G028 — 20dogg F4+ 4.77. (4.28)

The above equation, called the ¢ decibel rule, points out a significant performance charac-
teristic of a uniform quantizer: an acditone! & decibel improvement in SNBRy = oblained
for each bit added fo represent e conlinions sigral sample.
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4.4 Pulse-code modulation (PCM)

The last block in Figure 4.7 to be discussed is the escoder. A PCM signal iz obtained
frorn the quantized PAM zignal by encoding esch quantized sample to a digital codle-
word, If the PAM signals are quantized using L target levels, then in binary POM
each quantized sample is digitally encoded into an R-bit binary codeword, where R =
[log, L] + L. The quantzing and enceding operations are usually peformed in the same
circuit known as an AJD converter, The advantage of having a PCM sigral over a
quantized PAM sigral i8 that the binary digitz of a PCM signal can be tramemitted
uging mamy efficient modulation achemes compared to the transmizsien of a PAM sig-
nal. The topics of baseband and pesstand modulation of birary digite e covered in
Chapters 6 and 7.

There are several ways to establish a one-to-one correspondence between target levels
and the codeword. A comvenient method. known as nahural binary coding (NBC). i8 to
express the ordinal number of the taget level as a binary number as descrited in Fig-
ure 419, Another popular mapping method i8 called Gray mapping. Gray mapping is
important in the demedulation of e signal becanse the most likely errors cansed by nodse
imvodve the emonecus selection of a tanget level that i adjacent to the tranamitted ta-
get level, 501l another mapping. called foldover binary coding (FRC), iz also sometimes
encoubared.

1 1 1 r 1 T+ 1 1 1 r 1 | m
T ————— % —
INNRBEERE

pdoal: 0 L 2 1 E 5 [ 7

BBRC: (i1} o] LN [0 ol 100 Lal L1g Lil

Gy oan (1] a1l (T)]8} 110 111 Lol [ 8]

FBC: all ][5} [LE] [LLE} 10 1] LIg L1l

Encoding of quantized Jewe ks imo PCM codewonds, L = 8.
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- The PCM Bandwidth and Bit Rate

The sampling time Ts is divided into equal space call T, bit time in
this space the bit represented by an electrical shape

R : number of bit/sample

The transmitted bandwidth and it rate are
1

BW > — Hz
PCM 2-|-b
Log, (L)
BW,o, > 2T25

Bit Rate :_I_i =R f; bit /sec

b

Example/

Common inpat wltage ranges for commercial AD converters (i.e., quantimers) are
+1 wolt. £5 volts, 210 volts. Take an AJD converter with a 1 wolt ranges and
compute the number of levels and the step gize if it ia (a) B-bit, (b) 12-bit, and
() 16-bit.

SOL/
2 mmax
A:
) L
m *
= ™= :E:Z level L=2%
1- A Inl(L) 2-  m,, =1volt
R =log,(L)=——2=1 bit _ _
g,(L) In2) R=8 L =256
*
A=

5 =0.0078125 volt

This solution repeated for other case
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Example/

(PCM represeniarion) Your USE drive has a capacity of 10 bytes (1 gigabyte). You
wish to gtore a digital representation of an information sonrce on the drive. Using a
straightforward PCM representation, determine the maximum recording duration for
each of the following soufcas:
i(a) 4 kiloheriz speech signal with edght bdits per sample.
(by 22 kilobertz stereo audio signal, with 16 bits per sample in each atereo chamel.
(c) 3 megshertz video sigoal. with 12 bits per sample. and combined with the audio

gigmal in (b
(dy Digital surveillance video signal, with 1024 x T68 pizels per frame, eight bite

per pixel, and one frame per second.
Sol/

a) f,=2f,

fs =8000 Hz

bit Rate = R fq

bit Rate = 8*8000=64000 bit/sec

MAX. recording Time= total memory size/bit rate

MAX. recording Time=10°*8/64000 = 125000 sec

= 2083 min and 20sec

= 34 Hour, 43 min, and 20 sec

b) f,=2f,
fs = 44000 Hz
bit Rate = R fg
bit Rate = 16*44000=704000 bit/sec
MAX. recording Time= total memory size/bit rate
MAX. recording Time=10°*8/704000 = 11363.6 sec
= 189 min and 23.6 sec

= 3 Hour, 9 min, and 23.6 sec
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c) f,=2f,

f, =10 MHz

bit Rate = R fq

bit Rate = 12*10*10°=120 Mbit/sec ( Video)

bit Rate = 16*44000=704000 bit/sec  (Sound)

total bit/sec= 120*10°+0.704*10°=120.704*10° bit/sec
MAX. recording Time= total memory size/bit rate
MAX. recording Time=10**8/(120.704*10° )= 66.28 sec

= 1 min, and 6.28 sec
pixel . bit . fram
fram pixel sec
d) Rate =1024*768*(8)*1
Rate = 786432 bit/sec

Rate =

MAX. recording Time=10°*8/(786432 )= 10172.53 sec

Example/ The PCM modulator have resolution +1% used to transmit
binary data the analog signal have max, frequency 3 kHz and sampling

frequency is 2.5 time the analog frequency. Calculate PCM modulator

parameters
SOL/
. Binary
Analog Sample Quantizer Coder
3KHz ——» fs » L, SNRq » R "BWhsew
Bit Rate

fs=25f,
fs=7.5KHz

L = 1/(resolution)

L=1/.02 = 50 level
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R=log,(L) =In(L)/In(2) = 5.648 bit
R = 6 bit/sample

Let the input is sin or cos then F _ L

V2
SNR, (dB) = 6.02*R -20*log(F) +4.77= 43.9 dB

1
BW,, =—  Hz
PCM 2Tb
Rf, g+
BW, ., — 9L R T 677500 o) grpy
2T, 2
Bit Rate:_ri: R fg =45 Kbit/sec
b

6.2 Baseband signaling schemes
- |

Monreturn-to-zero (WEZ) code The NRE code can be regardsd as the mest basic
baseband =zignaling scheme, zince it appears “naturaily” in gynchronous digial cicudts,
[n MRE code. the signal alternabes batween the too valtage levelz anly when the cumrent
bit differs from the previons one.

Figura &.1(a) represents an example of MREZ waveform. where Tp i3 the bit doration.
Miste that there iz ondy one polacicy in the waveform, hence it iz alzo known as unipolar WRE
waveform. This da the simpleat verzion of MRZ and can easgily be generated. However, the
DC component of a long random saquence of ones and zeres i3 nonzero. More precizely,
the DC component iz VIP[17] + 0F{0¢] = VP2 + 0P = ViP2. For the common caze of
equally likely s, the DT component i3 one-half of the positve voltage, ie., 051 (vode),
Therefome it 12 common o pass the MRE waveform theough a kevel shifter. The resul ot
waveform then alternates between +V and —V as shown in Figure 6 1k Tt is called
the polar MRE or NWRE-L wavefonm, whose DO component iz V[ -]+ —Vu{0;] =
Vil — Py Obvionzly, the DC component of the NRZ-L waveform 12 mero if the two bits
are equally likely.

Oihserye that the MEZ-L code produces a transition whenever the cucrent bit in the doput
gequence differs from the previons one. These ransiticns can be used for synchronization
purposes ot the receiver Howewer, if the trammmitted data contain long strings of simi-
lar bita, then the timing information iz sparse, and egenecation of the cleck zignal at the
receiver can be wery difficult

Feturn-to-zero (RL) code  The BE code i similar o the MEE cods except that the
information is contained in the first half of the bdt interyal, while the zecond half iz always
at lewel “zea0.” An example of an BE waveform iz hown in Figure 6. 1(c) Onoe again the
code has a DO component, which is (05 1] + 0M[07] = (0.5V0 I Yy = Py =005,
then the [ component iz one-fourth of the posiive volbgs, Le, 0251 (volisi. Figue 6.2
atiewa that the B code is generated by gating the basic MRE signal with the wransmitter
clock
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£l [=] Time=
(411 [=]
o (1] [
i [=] ] —l ] | ]

=1

i [=]
- — — |
v
- s 1] |
L
(4] [=]
-

¥arious hinary signaling fomuais: (a) WREE: (b WMRE-L; () BF: (diRE-L; (el Big, (0 Bid-L; (@) Miller;
i Bl der-L

MRTE & —“\I
ArMD A o

Clock o————————————]

BE emcodern

[n order to compare B2 faidy with the NRZ-L code in terms of efror probability, we
abell consider the RE-L (or bipolar BZ) code where the two levels are +V and —V rather
thean ¥ and 0. The cormesponding waveform of P2Z2-L code is shown in Figure 6. 1(d). The
DC component of BZ-L waveform 18 =V, which is =05V (valiz) if Py =P =035
Tz the code atill has & nommer [ component.

Pegarding timing information, note that as apposed to NREZ, with B2 a long string of ©1”
bits results in trarsitions from which a clock at the receiver can be regenerated. A string of
U bits, owever, does not have any transitions just as with the NRE code. For this resson
and the fact that it has poor spectral properties and inferior error performance, RZ coding
ig not used except in some very elementary anamiting and recording equipment.
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Blphase (Bla) or Manchester code  To overcoms the poor synchronization capabil-
ity of MEE and B2 codes, Biphase (Bid) coding has been developed. [tencodes information
in terme of Jevel tranziions in the middle of a bit interval. Mot that this conver=ion of bits
to electrical waveforms is in @ gharp contrast o what done in NRE and RBE codes, where
the information bits are cormvertad o woltage levels. The biphase comersion o mappang.
o encoding ) nales are as followsa:

= Bit 717 s encoded e a trarsition froam a high kvel o a low level cccurming in e middlbe
of the bdt interval.

= Bit 70" i= encoded as a tranaition froam a low leved to a high level occnrring in the middle
of the bit interval.

= Ansdditional “idle” tranzition may have b be added at the beginning of each bdt dnberyval
to establizh the propser starting level for the information carmying ransition.

Examples of Big and Big-L waveforms are shown in Figures & 1de) and &, 10F), respec-
ively. The DIC component of the By signal iz evalaated sa (05 17] + 005V 0x] =
O3V + M ] = 05V, while the DC compoment of the Big-1L fignal ia oteciously 0. Mobe
theat thee aborve resmules for the DT component hold regardisss of the a pries probabilities of
the bits, Thersfore the Big- L code does not have a D0 component. Fignre 6.3 abows that
the bi-phasze oode can be genembtad with an XO0R logike whose inputs are the basic MEE
gignal and the ransmitber clock.

The Bigs signal, bowever, accupees a wider frequency tand than the MEE sigral. This =
dus b0 the fact that for alternating bite there i3 one transibon per bit dioterval while for e
identical conssculive bdta_ two trangiions oocur per bitinterval. On the other hand. becan.sa
there is a predictable ransition during every bit interval, the receiver can syochronize on

u—“l."._
et o—— |

Bid encoder:

MRE — A N
L |

@ Lewzl Mller-L.

E = shifter signal

o delay of T, s2conds
Switch: up Tor ibe first half of the clock pericd,
doran for the s=oond half.

™

MillerdL. ancoder.

that tranzition. The Big code iz thus known as a self-synchroniming code. Tt iz commonly
usad in local area networks (LAN=). axh as the Ethernet

M ler code  Thizs code iz an alternative to the Big code. It has at least one transition
every two-bit interval and thers are never more than two transitiors every two-bit interval

[t thuz provvides good spnchron@ation capabiliies, whike requiring leaz bandwidrh thean the
Big sigreal. The encoding miles are:
= Bit "1™ iz encoded by a trangition in the middle of the bit interval Depending on the
previons bit this transition meay ba aither wpward or doworsand.
= Bit 07 iz encoded by a trangiton at the baginning of the bit dioterval if the previous it
iz “07, If the previous bt iz “ 1.7 then there is 0o ransitdon.
The waveforms for Miller and Millerlevel (Miller-Ly codes are illuswared in Fig-
urea & 1igh and & 1{h), respecively. The Miller-L signal can be generated from the MBEZE
gignal by the circuit shown in Figore &.4.
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6.3 Error performance

T determine the probabdlity of bit error for esch of the line codes we ghall congider that
the tranamitbed signals are cormapted by 2ero-mean ANWGH noise of spectral srength MN,72
{wattatheriz) and thai the two bats, "0 and © 1.7 ae e qeanlly Hike v, As ghown in the previous
chapter. the ecror probability of each line code i3 readily determined by identifying the
elementary signals ussd for bis “07 and “1™ and representing them in the signal space
disgram. In all cases. the orthonormal basgis set for the signal space can be determined
simiply by ingpection. For each signaling acheme, a voltags swing from —1 oV ovolts iz
alzo assumed.

MRI-L code The elementary signals are shown in Figure 6.50a), where each signal
has energy Expra = V'Tb (joules). The single hasis function and signal space plot

L] 3411
“Feno” e
¥
T
E ' ¢
(5] i T
-
it [N
3
"
]."I‘vulrr" Chooss Oy = | == Chooss 1y
IS 40T
- - >t - I ;i
E
N — : N
ihj (Ve

BEEL code: fab slemeniory signal; (B hasis funcdon; &) signal space and dacision regions.

are given in Figures & 50h) and &.50c), Applying (5. 105, the probabdlity of bdt error is=
given by

Hemorkgzry =@ |:1.-" EE:;EE.L.-’-F"'-];I . (L=

rRefarionship barween Qix ) and erfcfx ) Besides the Q-function, anocther Funcion widehy
uzzd in emor probabilicy calodation is the compdemean fovy arror fncfon, denoted by erfcl ).
The erfc fundion is dehined as folloees:

T
erfolx) — %1{ e ey (5.106)

- 1 — erfix). (5. 107)

By change of wanables, it is not hard to show that the edc fonchion and the & funcbion ars
related by

QUx) — lzerﬁ: {:I'E] (5.108)
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RZ-L code Figure 6.6 shows the elementary sigoals, the basis functioms, the signal space
together with the optimum decision regions of FEZ-L signaling. Each signal hes energy
Epry = V2T = Exgz (joules) and the error probability is given as

Plernxlpzy = O |i-,|,"I.E|;|1.|_h,".|"|"|:|:|. 6.2)

7.2 Binary amplitude-shift keying {BASK)
e

[n BASK asinusoidal carrier is simply gated on and off by the bit sequence to be trarsmit-
ted. A typical tranamitted waveform would be that ghown in Figuare 7. 10c), cormesponding

to the information saquence of Figure 7. 10a). The transmitted zigral can be writen as
S = mi e, (7.1

whefe #if) i3 the modulating =zignal (the beseband signal, an NRZ signal) and c(fi =
Vieoa 2= ia the sinnaoidal carmer The ogic ™17 and “07 are represented during any
bit ioberval. Ty, by the following signal set:

nin=10n, if =0

F2ifh = Veoai 2xfery, 717" 7 =izl (7.
PR I A U BT
" Z I II"II IIl irll inl ! iI"! iIFI! lllll! | irI. iIII'IIIIFI! ilfl! | I|'I| |||FI| I|FI| | |ﬂ| | :
SO AT TR (ERTATAHAFRVATA (AR (R
B USRS il LA .
IS 11 T A A A A

Binarg pausband madulation techniqoes (a) hinary data; (B modolating signal ae(f); (2] BASE signal; (d)
BPZE signal; (=) BFEK signal.
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where the camer frequency i2 usually chosen such that there dig an integer oumber of
cycles over the bdt duration T, el & =T, # an ioeger The enengy in 5,00 is
EFpazkg = V2 T /2 joules.

The received signal is rif) = 508 + wird, where i = 1 or 2 depending on the trarsmied
aignal, and Wi i o serc-mean Gausgian foige process with two-sided PED Mg 2. Only
one orthornommal besis unction, ¢ (8 = S5 000 Egan- 18 meaded 0 represent the signal
get. The sigral space plot is ghown in Figure 7 20a). The cptimum receiver. i@, the ona
with the minimm error peobakbdtity, i2 gshown in Fignee 7200 in the form of a oorrelation
meceiver. The threshodd, Ty, in Figuare 7. 2000 48 given by

Ty

.|~I'- p F, -
[ [: 1 ]| + -.-EBASh_ (7.3)

= —————1ln | —
2./ Enask Py 2

For 7 = P2, the decizion regiore are depicted in Figure 7 2ic). The ermor probabalicy for
thiz casa iz
I.E -
Flarmxlpase = 2 {1!:%} (743

LT L] ERTiy]
—+ - i
w
1]
N =
K

r FETp==1n

T;
¥
iy I:_-_n:'l' —cl?-:‘* - Comparmbor ———
o T‘ Ty Tl

F L]
,.,___-'-'L..,[;L L A
2 Egame < =

ihi
Choaoae Oy e | - Chcecae Ly
L] 141%
—* i - -f‘n'r_.a-,rnn'
o
N

o

BASK sipnaling schems: (a) signal space plot; (B optionom recefver implementation: (o) decizion regicns.

 Spanclf)

II I|
FavAWE RWAV. NI

L
o = V. A
.;Il. T.:' --"‘?-t

FED of BASE.
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7.3 Binary phase-shift keying (BP5SK)
|

A BPSK signal i8 generated by amplitude modulating the sinnsoadal carrier with a MEZ-L
signal of amplitude £1. The ransmitted signal is 500 = miHelh (where s is a MREZ-L
signal) with a resultant phase that is eitber O or xr radians. The waveforms are plotied in
Figure 7. 1idy. The signal set iz given by

i = =¥ l:l:lﬂl_::'l.'_i":-.'_l_ jf"l:l.l..“ 0wt<T a6
0 = +Vemi2xfn, 71777 =L ¥ ]
n o LT =
— = l - [2
: N I - B il 'l||?'t s 27K

e -

Sipnal space plot of BPSE.

where fr = n,/Te for some integer . Each signal has energy Eppac = V=Tp,/2. The signal
gpace plot i shown in Figure 7.4, where 6,01 = 500/ Eqpg = 271 c0s( 2= f 1)

The minimum-error-probability (optimum ) recedver progects the recedved signal rif onto
dlf — ik — 13T}, zamples the output of the piojection at f = ETp and compares it to the
threshold, which in the special case of P = Pz is equal to zero. The ermor probabdlity for
Py = Py s given by

f——
| 2Eppsk

Hemor]eps = {'H'IJ"-'_UJ ; (7.7

7.4 Binary frequency-shift keying (BFSK)
I
The miost basic methiod of generating BESK i2 to gate peo ascillatoms with the mcdulating

gignal, az illuswrated in Figure 7.5(a).
The elementary zigrals ane

Fin = Veoos 2= f+ 60, df 077

il = Veos2afar+ f.d, i “1¢7 7 0<i=Tp (7.5)

Oscillabr Lify) ——a 2
LY

)
Oscillator 2 { 5} f—o !'"I.'
[§1]
P p— oo I
L=}
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The two carmer frequencies are chosen to be integer multiples of 1, Th, while the two phases
& and & need oot be the same. Purthermore, the frequencies i and f are chosan so that
£ and 208 are orthegonal over the interval [0, Te]. i,

Tk
Jlr slitisnds =0, (7. 100
q

Tir ses2 what this implies about the two frequencies assume, without loss of generality, that
J2 = fi. Subatitute for £;00), 200 10 (7.10) and integrate to obtain

sin[2a (2 + fi)Te + (82 + )] — sinld + )

2 +A)
+ sin[2xifz — f1)Ts + (62 - Bul] — sinifh — &) _ .11
i —fil
Equation (7.1 1) gives the following conditions on f and j5:
(i3 If the two phases are the same, e, 7 = . then
f-fi=— m=12.... (7.12)
;T_I:l

The mindrmam frequency separation (s — i) for orthogonality cocuns when s = 1 and
is given by
1
(affga™ = o (7.13)
Iin this case the two sinusxidal carriers ae zaid to be coberently athogomal (coherent

becanse the two phases are the same).
(i) If the two phases are different, 1e. & # &, then

f-fi= ;,—” m=12.... (7.14)
o

The minimum frequency separation for this case, callsd soscobeerr orthogonality
{noncoherent becanse there is no relatiorsbip between the two phases), is

1
(afbancnleEal E' (7.15)
The above shows that relaxing phase synchromization of the two carriers requires a
doubling of their minimam spacing in oider to madntain the othogonality of the two
CAfTiers.
[t ig also possible to express the signal st in a different way:

50 = Vooala(fe — fgur
500 = Veos 2e(fe + falf

where . 8 the caier frequency and 5y 18 the freguency deviafion. From this viewpodint
the transmitted signal is generated by frequency modulating a voltage-controdled ascillator

0w = b, i7.18)

[
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BFEK iz a frequency modulation, ve. a nonlinear modulation, and one would axpect
that ita PR, az in the analog P simation. = more difficult o determine. However, (5. 147

applies 1o BFEE under the provizion that the signals are stacisvicaily independent from bdt
imberval bo bit interval. The PSD of BPSE iz therefore given by (again. jgnoring the croas

product berm)

=y Pl Cecision boundary
[d'-':l.l’l—d'-'p.l'.lll-':-.l'i =" when Po= Py
.
) [ Egrse )]

SRR dyi(F

L

Zignal space plot and decision regions of BFEEL

£

(VOO0 weith the random binany ssquence, s, This i illuatrated in Figuee 7.50b1 Tt can

b verified that the orthogonal condilion requires that

Je = /4T, (71T
fy= AT Ccoherent orthogenality 7183
47 | m/2T.  inoncoherent orthogonality '

whene @ and o are pogitive integera, and & 5 s

With either coherent or nonccherent arthogonality, the ensigy in each zignal of BFSEK
iz given by Egpskg = VoTh/2 (jouks). Two orihogonal basis functions ae required to

represent the signal sat. amely

gin= 20 =28 (7150
i r— JERF3K

The signal zpace plot iz shown in Figure 7.6, The oplimum fecaiver projects the received
gignal along the [¢=00 — @ (1],/+2 axis and compares the projection o a threshold. For
the cage of P = Pz, this threshold iz 0 and the decision region is geomerically shown din

Figure 7.6 The ermor probability i given by

Bandwidih B =( f; —F 1+ 3T,

¥ =
T3 P2
[ i

Fl Y '

|
| i .
a4 YA BN
LY ;'-: 5 .:"I"'%t i A2 .i".z"'?t

4

s -'"'"El'i_

Bandwidih approximation for BFEE.

(7.2
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7.5 Performance comparison of BASK, BPSK, and BFSK

Tocompare the ermor performance of the three signaling scheimes, it i nacessary 0 expreas
thee errod probabilities in terme of the averags energy per Bir, or E,. With aqually likely
infarmation bits 07 and “1" ope hes the following relationships for different signaling

schemes: Ep = Egpsk. Er = Epasg /2. and Ep = Egpgi. Thus the erpor performances of
different modulation schemes are as follows:

Lir!

Lir*

L

Hornor |

L

Lir*

m“n

E:.lllll;: I_E-.l

Error performance of binary passhand modulation technigues.

Plerrorlgesy. = @ (1'%) - 022
(Ey
Plemrorlpasg = Plemor]grsg = (IH'I E) . (7.2%

The above shows that BPSK iz 3 dB more efficient than BEFSK, which haz the same
performance as BASE. This is shown graphically in Fignee 7.8,

[n terms of handwidth. BESK ocoupies a larger bandwidth than BPSK and BASK (recall
that BPSE and BASK cocupy the same bandwidth). BEach of the three modulation tech-
niques has a spectrum that decays as 1/ for frequencies away from the carrer. reflecting
the fact that for each modulaton the transmitted signal has discontinuities In the next
section, other modulation techniques are intreduced which are moe spectrally efficient.
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7.6.1 Quadrature phase-shift keying (QPSK)

The tasic idea tehind QPSE exploits the fact that cos 2 0 and sind 2= 0 ae orthogonal
over the dnterval [0, Ty] when fo = /T, Einteger. Just a8 in analog modulation, this can be
nzad to transmit two different messages over the zame frequency tand. To accomplish this
the bit streaun is taken two bite at & time and mapped into signals asg shown in Table 7.1,
An example QPSK sigmal i2 shown in Figure 7.9, Since each bit occupies T, seconds,
the signals comesponding to the “digits” (or symbola), 00, 01, 11, 10, last for a syebol
duration of Te = 2T seconds The symbod gignaling rate o what i2 commenly called the
biid rafe dg therefore o = 1T = 1021 = rp/2 (gymbaolafsecond), ie., halved. Since
the bandwidth requirement (e PED will te derived later) 18 proporticnal o ey, it can also
be reduced by half for a given bit mate ra. Conversely, for a fixed bandwidth the bit rate ra
can be doubled.

Though the bit rate has been increased without a coresponding increase in bandwidth
it i alzo necessary to look at what bappers to the bit ermod probabdlity. To accomplish this
the zignals 500, F:00, 82000, and 5400 are represented, az usual, by an orthonormal basis
gel. As mentoned. the signals aatisfy the following:

oo 12
L sidr = —T, =T, =E, (7.24)
i
'ﬂ Va2 0V coa2a Odr = 0. (7.25)
Ly
p2"
E
5yl LA
20y : S
54T
Signal space plot of JPSK modulation.

Therafors only two arthonoomal functions are needed to repaesent the four signals, naumely,

Lk _ 5l

f=—. 7.26
et} = = (7.26)

|;=l|l_,'_l =

&

o
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For a fair comparison with the arror performance of barary modulation schemes con
sidered previously, again it i3 necessary to express (7440 in termz of Ep. the overage
energy per Bl Since each signal of QPSE carries two bits and the enaigy of each sig-
nal ia E; = V2 Th, the average energy per bit is Ep = Ey/2 = VTh /2. Therefore the bit
affor probability of QPSE with a Gray mapping is

e
Pibit eeror] = ¢ (222 (746)
IHIJ"I'I]

which is exactly the same as that of BPSE. This clearly demorstrates the advantage of
QPSKE aver BPSK. With OPSK modulation, the bit rate can be dowbled without requining
any additicnal traremission bandwidth or sacrificing the error performance. Interpreted
differently, to deliver the same traremision rate at the same bit error peformance, using
QPSK reduces the tranamission bandwidth to half of that required by BPSE.

Example/ The low pass signal of max. frequency 3.3KHz sampled 8 KHz
and code by eight bit/ sample transmit by QPSK with E,/N, =6dB.
Calculate
1- total transmit bit rate
Transmit bit rate = (R*fs)/2
Transmit bit rate = (8*8000)/2=32 Kbit/sec
2- probability of error P.= Q((2E,/N,)>°)
Eu/No (dB)=10 Log(En/No)
Eo/No = 10%19=3.9811
P.= Q(2.2817)
P.=(1/2)*erfc(2.2817/2°°)= 0.0113
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7.6.2 An alternative representation of QPSK

[n this representation. the information bdit stream i Arst converted to an MESZ-L. waveform
aifl with £1 levelz. The waveform @(f) iz then demuliiplexed inbo even, arif), and odd.
a1}, bit streams (waveforms) where I and  are moemonics for inphases and quadrature,
mezpectively, The individual bitz in each stieam oocupy T = 2T, seconds and modulaie
thex inphiase carried. Vo cos( 2= 0. and quesd ramre carmer. Vaini2 o0 0, respactively. A& block
disgram of sach a QPSE modulator is illastraced in Figore 7,15 and examples of warious

waveforms are shown in Figuare 7. 16,
The traremitied signalis

A = gV cosi2a i 6 + dglnVemn(2afon. R

¥ oosi2E f4)

Gl E ;

ai )
——| Demukiplexes
A FET;
Vs 2rL
A different block disgram of a QFS K modularor
G & 0 &y 0y & & Gy 0
Ell saquene | 0 1 L 0 0 1 o 1
1
T 5] 1 1 i
o| 7 wd an4n|  snen| | AT en
-1 — L
dy dy d, i )
1
mir K] } } } } } } —
ol T, m anan| e W, T, 9
-1
a4 a3 iy &y
L
i#.l"l |:| L L L L L L |.r
0 T, T AT, 4T,| 5T, &r, W, ET| T,
-1

Examples of a;if) and agif in QPSE modulation.
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which can be rewritten as
R— ) 1 aglt)
st = Jagif + a0V cos 'I_E’”" ~ tan”" ( @yl ))
= u-"jl"tﬂ-ﬂzﬂ'frr_ Bif)]. T

where the phase (1) is determined as follows:

/4, ifar = +l.ap =+ (bits are 1 1)
—x/d, ifay = +l.ap = —1 (bits are 10)
3xfd, ifay=—l.ag =+ (bisae(l)

=3xid, ifar=—1.ap = —1 (bits age 00)

syl Voos{2ei)

& = i7.44

T I'| PN AN
D J| II || |I || II |I |I |I II |I II II I|:|I I| || 'l I| || ||I | ||| II I|| |I I|| || I|I '| I|'ﬂlII II| III I|
B |I | Iul | IIIIJII I||||I Idl |,||,II | I|.| l.". Lll

gl fiVsin{ 2eA)

TAAN |i| ||' '||' r'|I |I'|I l'lI II'lI II'II II'II 1 Tl

IJr|ILI lllllhlllll“'d_".l 'ull'ull'll

Q H:- Ty &I} T 107,

Jm;r;-&'tﬂWF_r‘fﬁﬁﬁl_m"slnflrfﬂ
' ||||'|| |ﬂ| ” |I |I ||’|| |’I I1I| |||n| ||’II ||’I|
uraTaht I\ Il ||||'||| ||||I|||I|||I|I ”l'l'l'l
""lullullh'.U'.".'th"L";'J . uluh

3 aT, AT, &T, :art 1,
t

An example of a JPSK signal, viewed as asum of inphase and quadrature componants.
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6.6 Differential modulation

The basic concept tehind differential modulation or coding® is that the signal trarsmitted
in ome bit interval i2 relative to the one taremitted in the previons dnterval The schal
transmitied signal thos depends on the present infermation bit and the previously ransmit-
ted bit. A= aooncrebs example, take MRZ-L. Rather than mapping “17 to level +7 and =0
to level —V dmrespective of the previous signal. we changs the modulation mile o

« If the present bitis a “ 1" then traremit a level that is opposite o that of the previous
iriterval.
« If the present bit iz a “0." then stay ai the same level,

Put zimnply. @ 717 means a level changs, a "0 no change. The tranamited sigral in any
interval i relative to that of the previcus interval. Bore importantly, if there iz a polarity
seversal this relativity is gill preserved. e, two corgecutive signals at the same level imply
a 07" and achange of level implies a “1."

Thiough described at the modulatar cuepat keved, the mcdulation roke can be irnplemented
by frst differentially encoding the information bits, followed by an MEZ-L modulaticn.
This i= abowen in Figams 6.2 1.

If B = | then dy = de— 1. implying a kevel change, and if & = 0.then & = de_1. which
meang a0 level changs. Mote that becanse of the memaory one must initislize the shift
regiser circudl, aay with a logdc 0,

To derncedulzbe the received signal cne firs determines dg with mininmm eiror prob-
ability. Call this estimate dr. To recover an estimate of b, which is the bit of interest.

jm——————— ————
Exzlusive- OF 1
Yoy o I ke = T 20 Transrmitizd
i '_l'{ I * moaulater * cignal £pifi
| L !
1 L I
I Celay |
! [
TDiffererdal ancoder
Diiffaranrial MEE-L modulation
i' _____________ 1
T f=ET ! | Erclushve.CR |
F s m Epd 1 4 Wil s £ . I3 zclus | 5
Il.'.l'ﬂ' R“ - tlj I & -_{} H .
] rg=4% & - 1 r I
I ] I
- H |
I gy |
! Dizlay i
T b
Criffereniial decodar
r
[

o T

Demoduolation of differential NEZE-L modulation.

note that dg = b &8 de— 1 and sdding modulo-2 g to both zides resulis in gy & de g =
b B dp_ & deg—y = by since gy B ag—y = 0 and b & 0 = bg. This i3 what is done at
the receiver, except we do ot have de_; but the next bast thing. dx_;. A block diagram of
the demoduliaticn is shown in Figure .22,
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