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Figure 4.19 Polar NRZ (top), polar RZ, unipolar NRZ and unipolar RZ (bottom) i
from the binary data generators (Fig418.slx).
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time of Tsimudation ~
included for reference. Although a MATLAB Function pjp,

rates these lines codes, Simulink blocks provide adequat

eﬂe .ne i r Y
€ pUISe transmitted that represents an

: : data b, = | alternates between g, =
mpuf binary g 5 a;=+1 and a, =—] ,
' Extras implem -bi : - The J-K Flip-
il Stlint is rocessed bemSRt e Lot memory. The output of the :g Flop block from the Flip
plock data sourcz 'ffp Y a Rate Transition block from the Signal At andom Integer Generator
because of the different sampling periods of this block (I msec) and thtwaes, ik Bjdekset
(Tcimn!aﬁan =20 ].lSCC). € Pulse Gener ator block
Z
l——»J
| . D Q +
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Figure 4.20 AMI NRZ and RZ and split-phase RZ line code
binary data generators (Fig420.slx).

The output of the Rate Transition block as the data source is logically NANDed by the Logical
Simulink Blockset with the output of another Pulse

Operator block from the Logic and Bit Operations,
Generator block to provide the clock input of the J-K Flip-Flop block. The parameters of this Pulse
Generator block are an amplitude 4 =1V, a frequency f, = 1 kHz, a pulse width = 20 psec (the

simulation sample time, Tymu.arion) and 0° phase offset.
The J and K inputs J-K Flip-Flop block are provided by a Constant block set to 1 block to
Provide a logic 1. With these control signals the J-K Flip-Flop block toggles the output state on each
data source is ANDed with a clock

. 1. Since the binary
= | toggles the J-K Flip-Flop block.

E‘Ts’ti"e edge of the clock control signa
ynchronized to the bit rate r,»= 1 kb/sec, only input binary data by :
he Sum block from the Math Operations,

. The output of the J-K Flip-Flop block is inputted to t
g”“"ﬁ'jk Blockset where it is adfled tcf the output of the Constant block set to —0.5. The polar + 0.5 data
p:;[cllut is processed by the Gain block from the Math Operations, Simulink Blockset with a gain of 2 to
uce the polar + | AMI NRZ line code.

Ma(hThe Pulse Generator block from the Sources, Simulink Blockset and the Product block from the

Operations, Simulink Blockset converts the polar AMI NRZ line code to the polar AMI RZ line

Code. The pyy ; 1V iod of 1 msec which is
se G fan amplltUde Of , aper 0
enerator block has parameterstﬁe eriod or 7,72 = 0.5 msec an d a phase delay of 0°.

®qual s
Tt;:data 'blt time T, a pulse width of 50% of f .
Source ., SPlit phase line NRZ line code is obtained as the logical XOR (exclusive OR) of the data
©® With the output of another Pulse Generator block with the same parameters as that for the AMI
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RZ line code. The XOR is a Logical Operator block from the Logic and Bit Operations, Simuliny
Blockset.

Figure 4.21 AMINRZ (top), AMI RZ, unipolar NRZ and split-phase NRZ (bottom)
line codes from the binary data generators (Fig420.skx).
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Figure 4.22 Power spectral density of a 1 kb/se polar NRZ (top), polar RZ,
unipolar NRZ and unipolar RZ (bottom) line codes (Fig422.slx).
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e AMI RZ, the uni
p polar NRZ (for refi
_ generat ure 4.21, deri erence) and the split- ,
codes g:n;‘ﬂ ;”. ks iniFige 4r18 I, dt_?llved from the Simulink model Fi jgl;t P!lase et
ulse Gerner® ¢ n Figure 4. and Figure 4.20 are operated as sampl iz et Nefeithat the
o MATLAB and ?‘mm{{gﬁ, as described in Chapter 1. The param eté‘;sp ':':Etilsed I;Or ghe fixed-step
se width and the 50 kHz simulation rate and results ir; a ngﬁm;gtl:v;g 'ﬁ(zfm tf[;;
: riod, a

Sampling and Quantization

Al NRZ, tl

The AM M1
~d are shown in Fig

giver 75,
2 i al bit time: the pu
I;t ample pulse width and a delay of 0 or 1 samples.
s qormalized (R, =1 Q) power spectral density (PSD) of a 1
: " : - ; a l kb
lar NRZ and unipolar RZ line code is derived from the Simulink moﬁslclgoﬁlzer?Z’spo!ar o
Gt Stop Time 10 5.24288 sec results in 262 144 (2'%) samples at an 50 kasin 'S[x" effing 11e
F Specu-ai resolutl_on of appro.\'lmate!y 0.19 Hz and the PSD in dBm is shown in F igurezl?a;oﬂ rate and
The normallzed (R.=19Q) PSD of the &MI NRZ and RZ, split-phase NRZ and :m:polar NRZ
Simulink model Fig423.slx, are shown in Figure 4.23 in

(for reference) Iinlc_: cgd;;.Ddergv;ed frc;m the
The norma 1ze of these line codes are i .

ng[:zlg-ﬂ Processing Sinks, Signal I?rocessing Blockset. SHpIHe by e e Seapeblsek (010 -

From Equation 4.25. Equation 4.29, and Equation 4.33, the PSD of the polar NRZ and unipolar

- codes in Figure 4.22 and the AMI NRZ line code in Figure 4.23 show approximate speitral

1/T, = 1 kHz. The PSD of the unipolar NRZ line code shows the

de has a magnitude of 0 atf=

nulls at multiples of the data rate rp =
spectral impulse at/= 0 Hz (DC), while the PSD of the AMI NRZ line co
0 Hz.

The PSD of the unipolar RZ line code in Figure 4.22 shows spectral impulses not only at /=0 Hz
(DC), but 2 odd multiples (27 1)kHz,n=1,2,...) of the data rate 75 = 1/T5 = 1 kHz. The spectral
impulses at the even multiples (2n kHz, 7= |2, ...) of the data rate are uppressed becase s
of the sinc” term in Equation 4.36. These spectral impulses

spectral nulls at twice the data rate because
facilitate the synchronization of the received bit rate s in a receiver.

d Equation 4.37, the PSD of the polar RZ and unipolar RZ

ate spectral nulls at

From Equation 4.35, Equation 4.36, an
5 and the AMI RZ line code in Figure 4.23 show approxim
SD of the AMI RZ line codﬂe also

line codes in Figure 4.2
=2/T, = 2 kHz However, the P
| kHz because of the sin” term

multiples of twice the data rate 2rs
Itiples of the data raté I = 15 =
RZ PSD also shows approximate spectral nulls
0 Hz (DC).

shows additional spectral nulls at mu
in Equation 4.37. From Equation 4.34, the split-phase N
at multiples of twice the data rate 2rs = 2/T, =2 kHz but has a magnitude of 0 atf=

Pulse Code Modulation
log baseband signal as a

d and quantized ana
A PCM baseband system is shown
ed-step solver with a simulation

The simulation rate then is 1/

nts a sample
line codes [CarlsonOS].

Pulse code modulation (PCM) represe
| Fig424.slx, using a fix

sequence of encoded baseband pulses using
from the Simulink mode

in Figure 4.24, derived
sample time of muion - (e s psec, as described in CHPT
miaion = 640 kHz, which is an integer multiple of the PCM bit rate 7» = 64 kb/sec here.
. R d
a.bit ADC g-bit DAC Lowass Fitter Siiﬂggs
E ™| Compressor input  OutpLt - E
Srusortal Mu-Law
Sour Mu-
i Sinusoids C{J}:r‘;):‘eastor L
= = =
Figure 4.24 8-bit PCM paseband system (Fz’g424.slx).
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u-La\Ihce PCM basebanfi digital communication system in Figure 4.24 uses an NRZ line code w;
anslpg cg::fr;:tesso(rf)i-blt analog-to-digital converter (ADC) with serial data output, 8-bit digitallut] a

0 er C) with serial data input, p-L derand al i
Communication channel is i e AT B e 8 OWPEter (LPF). The digita]

a direct co i i i i
AWGN, nnection between the baseband transmitter and receiver Withoyt

The s'{mulated sinusoidal source Simulink Subsystem is the sum of three sinuoids With par
of an amplitude and fre iy

: quency of + 1 V at 500 Hz, + 0.5 V at 1.5 kHz and + 0.2 V 5t 2.5 kHz
peak amplitude of approximately 1.15 V, as shown in Figure 4.2. The y-Law Compressor blockand ;
H-Law Expander block, both from the Source Coding, Communication Blockset, have paramet =
= 255 and a peak signal magnitude Vmax = 1.28 V, as given by Equation 4.10. VR R
_The output of the u-Law Compressor block is inputted to the 8-bit ADC Simulink sy,
provides quantized analog data at a sampling rate f; = 8 kHz as binary NRZ serial data outp A

8 bits x 8 kHz = 64 kb/sec, as shown in Figure 4.25. The 8-bit ADC consists of a Samplleltc:zghflr'bl:
block from the Signal Operations, Signal Processing Blockset, the 8-bit Uniform Encoder block frg d
the Quantizers, Signal Processing Blockset, an Integer to Bit Converter from the Utility Blocl:sn
Communication Blockset and a MATLAB Function Block. ) ’

HH ++
JML‘l - =

Sample SH Encoder
o )
n SH > _l_r'_:) 010 —» '“tcegx;ge?“ >l SampleData <k SerialOutputt—»(T)
Input i fcn Output
8-bit Encoder Vector of Bisto
Serial Bit Output

Figure 4.25 8-bit ADC Simulink Subsystem of the 8-bit PCM system
in Figure 4.24.

The 8-bit ADC Simulink Subsystem sample clock is provided by the Pulse Generator block to the
Sample and Hold block with parameters of an amplitude of 1 V, a period of 125 psec (f; = 8 kHz), a
nominal pulse width of 10% of the period and 0 sec phase delay. The 8-bit Uniform Encoder p[ock
converts the simulated analog baseband signal to a binary number with parameters of 8 bits of
resolution, unsigned integer output, a maximum positive input voltage Vpay, = 1.27 V and a maximum
negative input voltage Vipam=-1.28 V. . e

The output of the 8-bit Uniform Encoder block is a MATLAB and Simulink vector integer e
type in the range 0 to 255 which is converted to a vector of 8 binary bits by the Inreger to &
Converter block from the Utility Blocks, Communication Blockset. The output of the Integer io 2
Converter block is inputted to a MATLAB Function Block which converts the 8-bit vector of bits to

ial binary NRZ output, as shown in Figure 4.26. ) t
i The l?ziseband PtEM digital communication system does not feature a channel with A“;gg;nb;
rather is directly connected to the serial binary NRZ input 8-bit DAC Simu{ink Subsym”:,’n?;[imenm
Figure 4.24. The direct link between the NRZ line coded baseband transmitter aﬂd_thf: }(;aptel' 2 olber
receiver structure can be broken and an AWGN channel inserted, as described In - qulation a1
baseband line codes could be utilized, as de§cribed in this Chapter, or bandpass
demodulation methods employed, as described in Chapter 3. e 47, consists of 8

The 8-bit DAC Simulink Subsystem of the PCM system, as shown in Fl7u;?[a;;ag;ﬂ’9" : signal
MATLAB Function Block, a Data Type Conversion block frqm th'e Stgng  or block from
Attributes blockset from the DSP System Toolbox and an .8-b|t Uzrforn:ensect‘he <erial binary
Quantizers, Signal Processing Blockset. The MATLAB Function Block con

input to an 8-bit unsigned integer output, as shown in Figure 4.28.
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1a Type Conversion block then provides the requisite data ty
:ned 8-Dit integer. Thf: Umform'Decode;. block converts the inp
a uns!t%rs of 8 bits of resolution, a maximum positive ou

rame

e output voltage Vian = —1.28 V, which is inputted to the

o P€ manipulation anqg outputs

ut integer to 5 number with

tput voltage Vi =127 v and a maximum

o H-Law Expander block as shown in

Figur;,:é oiltpllt of the u-Law Expander block is in

or Designs, Signal Processing Blockset which provides the lowpass filter (LP%’; lt)cl;os(;:;;‘::}? .
FJI-'EV o1 the analog Slgnal,-as shown in figure 4.24. The parameters of the LPF are selected to b .
;eclo Buﬂerworfh filter v-uth a.cutoff frequency ﬁ.,,,,,jf of 3.75 kHz. The maximum frequenc ienatl?h
Ei?nfllaied analog signal input is 2.5 kHz and the Nyquist frequency is £i/2 = 4 :

\Y ign 4 kHz here. The 8-bj
M Y t t n a“alog S]bﬂ al output in the ﬁ]lal lange of ~1.28 V to 1627 \]Jt
r the reco ered sinusoids. |

putted to an Analog Filter peg;

fo
¢ | 8-bit ADC/Vector of Bits toSerial it Output 32| 4 |
1 [lfunction Serialoutput = fcn (SampleData)
2 %¥Fcodegen
3i = persistent SmpNum
4
iz if isempty(Srr.pZ‘-!'-.m)
6 — SmpHum = 1;
7 end
g
8 — SerialCutput = SampleData (SmpMum) ;
i0 - SpNum = SmpNum + 1:
11 — if (SmpNum == 9)
12 - SmplNum = 1;
13 end
14
15 -end
Figure 4.26 8-bit vector of bits input to NRZ serial bit output for the
MATLAB Function Block in Figure 4.25.
2 —(
C—»|seriatnput 4 SampleDatal——»|  Convert Z 010"‘_>_rrr %&
Input fcn — - -
;i Serial Bitsto ' DataType 8-bit Decoder
Data Qutput Conversion > |
Decoder
i tem
Figure 4.27 8-bit DAC Simulink Subsystem of the 8-bit PCM sys
in Figure 4.24.
A d the output of the u-Law
o The simulated analog signal input is shown in Flgur?c tﬁéinr;oder block of the 8-bit ADC
fC.O”'Pressor block is shown in Figure 4.17 (top). The output ©

block of the 8-bit DAC
"Mulink Subsystem in the range from 0 to 255 and the c‘)utl?ut“?: ::‘;giig‘fg 5
Miulink Subsystem in the range from —1.28 V to 1.27 V is sho g
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The 8-bit DAC Simulink Subsystem output reproduces the quantized data that js
#-Law Compressor block and the 8-bit ADC in Figure 4.24. The similarity of theg, i
demonstrates that the 8-bit parallel data at 8 ksamples/sec is transmitted correctly as a serig| 64 éﬁ?als
NRZ signal from the ADC to the DAC in Figure 4.24. -

Note that most of the quantization levels in the 8-bit DAC output data ar
approaching ¥, = 1.28 V here and are due to the effect of the u-Law Compressor b]
Equation 4.10 and shown in Figure 4.15. The output of the u-Law Expander block
essential detail of the analog signal input at these amplitudes, as shown in Figure 4.29,

PTOCCSSed by the

¢ at Amplitydeg
ock, as given by
then Testores the

[ 8-bit DAC/Serial Bits toData Output 3¢ L + 1

1 [l function SampleData = fcn(SerialInput) =
2 $F#codegen

3

4 - persistent SmpDat SmpNum SmpDatOld
5

6; = if isempty(SmpNum)

7= SppHum = Q;

g8 - SmpDat = 0;

9 - SrpDatQld = 0;

i0 - SampleData = 0; %#ok<NASGU>

11 end

12

13. = SompMum = SmpMum + 1;

14 - if (SmpNum == 9)

15 - Smplum = 1;

lé - SampleData = SmpDat;

17— SmpDat0ld = 3mphat;

i ~ SmpDat = Seriallnput:

19 else

20 - SampleData = SmpDatCld;

21 = SmpDat = SmpDat + Seriallnput®2” (Smplum-1):
22 end

23

24 -end

Figure 4.28 NRZ serial bit input to data output for the
MATLAB Function Block in Figure 4.27

The 9-pole Butterworth LPF removes the quantized steps in the output of the u-law Expander
block, as shown in Figure 4.29 (bottom). The restored simulated analog signal displays a phase delg
of approximately 0.4 msec. The PCM data transmission delay in sampling and acquisition is 2/, = 0-
msec. The LPF is responsible for the remainder of the delay of approximately 0.15 msec. d

After an initial overshoot, there is also a slight degradation in the peak amplitude of the restore A
analog signal due to the 8-bit resolution, companding and LPF of the PCM digital commumcatio
system. A comparison of the original analog signal, as shown in F igure 4.2, and the recovered and 05
signal, as shown in Figure 4.29 (bottom), shows a slight distortion in the waveform.
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Figure 4 put (top), Decoder block output, u-Law Expander block

29 Encoder block out :
i : and LPF output (bottom) of the 8-bit PCM system (Fig424.slx).
L
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Differential Pulse Code Modulation

Differential pulse code modulation (DPCM) is an ex.tension of baseband dfelta modulation (DM),
as described in Chapter 2. If an analog baseband signal is sampled at a rate higher than th'e Nyquist
sampling rate (f; > 2 fmax Where fra is the highest sngmﬁcant_ frequency content in the signal) the
sampled signal has a high degree of correlation between adjacent samples. This high degree of
correlation implies that the signal does not substantially vary from one sz}mple to the next and the
difference between adjacent samples can be used to encode the transmitted signal at a reduced data rate
which lowers the transmission bandwidth [Carlson08]. _

The correlation of the sampled signal allows the prediction of fu@re values‘ of the sxgna} from the
past behavior. The analog baseband signal m(?) then is sampled with a continuous amplitude (not
quantized) at the rate f; = fopcm = 1/T; Hz. The next sample m(r + T;) can be predicted exactly from the
Taylor series expansion for this signal (assuming that m(¢f) has continuous derivatives), as given by
Equation 4.38.

3 3
dm(t) T d’m(@) T, d m3(t) +.. (433
dt 21 d#? 3! dt

m(t+T)=m(t) + T,

The exact prediction of m(t + T;) from the Taylor series expansion can be approximated by using
only the first two terms of Equation 4.38, as given by Equation 4.39.

m(+T,)=m(t) + Zig-}“—) (4.39)

Equation 4.39 can be rendered as a discrete sequence with ¢ = k7, and the kth continuous (not
quantized) sample as m[4] is given by Equation 4.40.

mlk] - mlk 1]
T

s

mlk +1]= m[k] + 7;_[ ]=2m[k] -mlk-1] (440)

This is the first order linear predictor for the current continuous sample m[k+1] which uses the
two prior samples m([k] and m[k—1] [Lathi09]. The difference d between the current continuous sample
m{k+1] and the continuous first order linear prediction is given by Equation 4.41.

dlk+1]=mlk+1]- 2mk]-m[k-1]) (4.41)
DPCM transmits the quantized difference dy[k+1], as given by Equation 4.42.
d [k +1]=[(dlk+1])]. =[mlk +11~ (2m[k)— m{k - )], @42

The function [ ], is the i i i : . ‘ssion of the
i X q near quantizer w misston 0
quantized difference d q ith »n bits of resolution. The trans

. 4[k] can be accomplished by any baseband or band dulation method. 11
\ pass modula :

DPCl\_/I Lece;wer then reconstructs an estimate of the continuous sample m,[k+1] from the receive

quantized difference ,[k] and the prediction generated from past estimates, as given by Equation 443.

mk+1]=r,[k+1]+2 mJk]-m,[k-1] (4.43)
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