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B 3.6 Intersymbol interference

what is intersymbol interference and what
cause ISI

1. The absolute bandwidth of rectangular multilevel
pulses Is infinite. The channels bandwidth is
limited.

2. The channels property is not plat. Pulses are
filtered improperly as they through channel, they
will spread In time.
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Intersymbol interference

N : received waveform
Input waveform w, (t) individual impulse response W,,(t) (pulse response sum)
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Intersymbol interference

problem

How can we restrict the bandwidth and still
not introduce ISI?

Nyquist discovered three different methods
for pulse shaping that could be used to
eliminate ISI.
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Intersymbol interference

The digital signaling system :

w,(t) | Send Tilter

he(t)
Hy( )

channel(filter)

he(t)
He(T)

(1)

receiver filte

he(1)
He(T)

1

WOUt(t)

The equivalent impulse response is

he®=h(t)*h:()*hc(®)*hg ()

The equivalent system transfer function :

He(T)=H(T) H(t) Hc(T) He(T)

recovered rounded pulse

(to sample and decode
circuit)
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B Nyquist’s First Method (zero ISI)

If the equivalent system impulse response satisfies
the condition

C, k=0
h(kTs+ 7)=
0 , k0

It will eliminating ISI

Where : C iIsa nonzero constant,
K Is an integer,
T, Is the symbol (sample ) clocking period,
7S the offset in the receiver sampling clock times,

compared with the clock times of the input symbols.
6 Giinu+g
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B Nyquist’s First Method (zero ISI)

If we choose a (sinx)/x function for h (t), the impulse

response satisfies Nyquist’s first criterion for zero
1SI.
sin 7f t

X

h, (t) =
where f, =1/T,

sin zf .t
h (t) = s
(1 At
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B Nyquist’s First Method (zero ISI)

o If the transmit and receive filters are
designed so that the overall transfer

function is 1 ¢
He( f) — f_H (f_j

There will be no 1SI, furthermore, the
absolute bandwidth of this transfer function

is B=f/2

S S

il L)
1 f
- ()

[ L
oH ( f) is difficult to approximate because of the steep
skirts in the filter transfer function

®The synchronization of the clock in the decoding
sampling circuit has to be almost perfect.

Difficulties:
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B Nyquist’s First Method (zero ISI)

<+ Because of these difficulties, we are forced to
consider other pulse shapes

**» The idea is to find pulse shapes that go
through zero at adjacent sampling points, and
yet have an envelope that decays much faster
than 1/x , so that clock jitter in the sampling
times does not cause appreciable 1SI

Solution: Raised cosine-rolloff Nyquist filter
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B Raised cosine-rolloff Nyquist filter

* The raised cosine-rolloff Nyquist filter
has the transfer function

1, f|< f,
He(f):<£{1+cos{ﬂ(m_fl) } , fi<|f|<B

2 A

0, f|>B

Where B is the absolute bandwidth
f,=B-f,, f="f-f,,
f, is 6dB bandwidth of the filter Nt

The rolloff factor is defined:
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B Raised cosine-rolloff Nyquist filter

The corresponding impulse response is:

g 3 sin 2zf,t || cos 2xf,t
he(t):F [He(f)]—ZfOE 27Z'f0t j{l_mut)z}

Frequency and time response for
different rolloff factor

As the absolute bandwidth is
increased (r=0.5 or 1):

1. The filtering requirements are
relaxed.

2. The clock timing requirements
are also relaxed.
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B Raised cosine-rolloff Nyquist filter

T,=1/2f) =5 D=1/T,=2f, => f,=DI/2

® The 6-dB bandwidth of the raised cosine-rolloff
filter f, is designed to be half the symbol (baud)
rate.

+* The baud rate that the raised cosine-rolloff
system can support without ISI

r="F /f B 2B
A 0 :> .I:O:_ :> D:_
f =B-f, 1+7r 1+7r
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B Raised cosine-rolloff Nyquist filter

Example 3-1

Assume that a binary digital signal, with Polar
NRZ signaling, is pass through a communication
system with a raised cosine-rolloff filtering
charcteristic.

Let the rolloff factor be 0.25. the bit rate of the
digital signal is 64 kbit/s.

Determine the absolute bandwidth of the filtered
digital signal.
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B Raised cosine-rolloff Nyquist filter

®The raised cosine-rolloff filter is only one
of a more general class of filters that satisfy
Nyquist’s first criterion

®The general class of filters that satisfy
Nyquist’s first criterion---- Nyquist filter.
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A filter Is said to be a Nyquist filter If the
effective transfer function is

-

f
B

0, f elsewhere

\

where Y( f) is a real function that is even symmetric about f =0
Y(-f)=Y(F), |f|<2f,
And Y( ) is odd symmetric about f = f,
Y(-T+1,)=-Y(T+T,) [T]<T,

Then there will be no ISI at the system output if the symbol
rate is D=f =2f
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’ (f):<H(Fj+Y(f), f|< 2f,

0, f elsewhere
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Nyquist second and third methods

for control of I1SI

* Nyquist’s second method (1SI1 control)

= Allows some ISI to be introduced in a controlled
way, so that it can be canceled out the receiver
and the data can be recovered without error if no
noise is present.

* Nyquist’s third method (I1S1 control)

= The effect of ISI is eliminated by choosing h_(t):
the area under h_ (t) pulse within the desired
symbol interval, Ts, is not zero, but the areas
under h_ (t) in adjacent symbol intervals are zero.

olILL s,
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3.7 Differential pulse code
modulation
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B Differential pulse code modulation

The reason of we use DPCM
®There is a lot of redundancy in the signal samples.

® The bandwidth and the dynamic range of a PCM system
are wasted

Solution

To transmit the difference in adjacent sample values. That
IS, to use Differential pulse code modulation (DPCM)

Method ’
To use prediction filter Xn = Z C
=1

i $ L M+ 3
£ t - 1
19 Your site here O P —



B Differential pulse code modulation

Prediction filter may be realized by using a tapped delay
line to form a transversal filter

Y(nT,) Delay Delay Delay
T, T, T,

The output samples are zg
K

z(nT,) = Z a,y(nT, —IT,) 2(nTy)
=1

K
In simplified notation: Z, = Za. Yo

-té ﬁﬁ,}- 3
20 Your site here 0
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B Differential pulse code modulation

he first configuration

= using prediction from samples of input
signal

Quantized
DPAM

Chaanti l

= gy] Encoder

i |.'|'\- !

. nel  [r—
MNolsy DPCM : - 4
I M H

: .-Kl:.ll-.-'r‘:

— e ———— — , Output

R DPCM | | PAM Fa PAN Recon on : '.!":rl.ll
—- ||‘_|.”J|_|r | l fic i ——

i o

Figure 3-29 DPCM., using prediction from samples of input signal. j $3id K & 5
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B Differential pulse code modulation

The second configuration

= using prediction from quantized differential

signal

{ DPCM transmitter

Analog input Bandlimited | Flat-topped Quantized
. , ans n g all an
Bl Low-pass i Mgml,' Sl - Sarhble AN, . DPAM _ | Quantizer DEAM L DPCM
——— et ot pler e S = M levels 5 “ncoder
filter : _/ e, evels :
- I | :
: |
1 ¥n = :
Predictor e :
1
: 2! :
I I
I 1
________________________________________________________________________
Channel -
[ L S - - 0 ) S e N o L P O P e g L S T 0 S S O S O A9 . S S 590, . e iy . ol . i e
! DPCM receiver ]
I 1
i " Analog
! | output
] < e DPCM DPAM * PAM Reconstruction | !  signal
M. Rtgf?nfﬂ“_‘i“”" == Decoder e @ > filter I
| circui N j (low pass) i
| + |
1 ]
i I
I ]
! Predictor |-= ;
| : _
g - Bed B e wg TR S RG] e B RAE SN R St £ g
A\ A | [ i 8 3 A3 - - e
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DPCM -- Effects of noise

DPCM, like PCM, follows the 6-dB rule

(ij = 0.02n + &«
N dB

Unlike companded PCM, the a for DPCM varies over
a wide range, depending on the Properties of the
input analog signal. for DPCM speech: -3<a <15

The DPCM performance may be compared with that for PCM

For the same SNR, DPCM could require 3 or 4
fewer bits per sample than companded PCM.

OLinury
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B DPCM standard

“ A 32-Kbits’s DPCM CCITT standard:

¢ To use 4-bit guantization at an 8-
Ksample-s rate for encoding 3.2-KHz
bandwidth VF signals.

<+ A 64-Kbits’s DPCM CCITT standard:

¢ To use 4-bit quantization and 16-
Ksample-s for encoding audio signals
that have a 7-KHz bandwidth.

tiaxy
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3.8 Delta modulation
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B Delta modulation

* DM—Delta Modulation. It is a special

case of DPCM.

Characteristics:

€ There are only two
guantizing levels

€ Only one bit is
transmitted per sample.

Flat-topped

PAM, w,, +:‘ :
2

26

A
+v, Cn=1
Cn=0 V.
Quantized
DPAM Quantizer DEAM
i s
e M levels
n
Zn Yn +
Predictor e sncsine s
3
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B DM system waveforms

Start-up interval

$

P_'“'_\

Band limited analog input, w(r)

Slope overload noise

T

¥

Accumulator output, z(r)

l ] == o l I ] | | S X P ] (el S N . %] PR Y |
Granular noise [t
(a) Analog Input and Accumulator Output Waveforms
y(t)
e b
] | l | e | i i ) )
o
I e

(b) Delta Modulation Waveform

i M & 5
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B Granular noise & slope

a - a (] ale -
-

Slope overload :
P <:> Granular noise

noise
wish @) I wish § 1
Slope overload Granular noise will
noise will decrease decrease as &
as 0 increase. decrease.

tiaxy

1111111111

28 Your site here



Granular noise &
slope overload
noise

Signal-to-noise ratio (dB) —

Slope overload Granular noise
dominates dominates
1 Step size, § =
SEREE T
29 Your site here T ——
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@camp[e 3-5: Design of a DM system.

problem: find the step size d required to prevent
slope overload noise for the case when the input
signal Is a sine wave.

+ W(t) = Asin w.t

NN
I \/ &

tiaxy
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B SNR for the DM system

the granular noise power in the analog output
signhal band:

5°B
3 f

N=<n2>=(" p,(f)df =

S

From eq.(3-84),with equality:

Ar?A°f°B
N = a
3f°
S
The signal power is (for a sine-wave test signal)
A2
S=<wW?(t)>="-
g Your site here O“rﬂﬂ*a
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B SNR for the DM system

The resulting average signal-to-
guantizing noise ratio:

RS
N out 872'2 faZB

fo-—- the DM sampling frequency

f ---the frequency of the sinusoidal input

a
B ---the bandwidth of the receiving system

Attention: This Eq. is valid only for sinusoidal-type
signal

tiaxy
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Adaptive Delta modulation and continuously

ariable slope Delta modulation

Adaptive Delta modulation ADM :

the step size vary as a function of
time as the input waveform changes.

When signal I . > 0 t

When signal 1 | > 0 1

tiaxy
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Adaptive Delta modulation and continuously

ariable slope Delta modulation

Method 1

*The step size may be adapted by
examining the DM pulses at the
transmitter output.

“*When the DM pulses consists of a string
of pulses with the same polarity, the
step size iIs increased until the DM
pulses begin to alternate in polarity,
then the step size Is decreased, and so

~ o 14
on. 34 Your site here Ll
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Adaptive Delta modulation and continuously

ariable slope Delta modulation

step-size Algorithm:

Number of Step-size
Data Sequence Successive Binary Algorithm
1’'sorQ’s f(d)
X x 0 1 1 )
x 0 1 1 2 o)
0 1 1 1 3 25
1 1 1 1 4 4 5

X: don’t care

OLinury
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B contlnuously variable slope delta

Method 2
2 CVSD Is another variation of ADM

*An integrator (instead of accumulator)
IS used, so that z(t) Is made
continuously variable

+* Product
B The Motorola MC34115
B The Motorola MC3418

tiaxy

AESEETRER

36 Your site here



-

*Question
&\\Which i1s better, PCM or DM?

“*The answer depends on the criterion used for
comparison and the type of message.

¢ To have a relatively simple, low-cost system,
DM may be the best

¢ To have a high output SNR, PCM probably
the best

¢ TO Interface existing equipment,
compatibility, PCM has the advantage.

tiaxy
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3.9 Time-Division Multiplexing
(TDM)
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B Time-Division Multiplexing (TDM)

Why we must use TDM?

<+ AiIms: to make use of the channel bandwidth
to achieve high spectral efficiency

What is the TDM?

*TDM (Time-division multiplexing) is the time
interleaving of samples from several sources
so that the information form these sources can
be transmitted serially over a single
communication channel.

tiaxy
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B Time-Division Multiplexing (TDM)

ree analog sources are multiplexed over a

Analog :inpu1 :.ignu.ll.'

TDM

signal

: L] { | L} L E L S S S S S SR R T R e e 1
Channel 1 i - I : : : I i I Transmitier
(from source 1) " | ! r
11 1
Wit I i ud)a
i i
'f',.l—-- | | —_—
1 _-I‘| '] ] 1 1 [ ] I [ljht ‘
Channel2 1 1 1A 1 1 1M | !
: o | L i ] I .
(from source 2) T | ! | Cuantizer
b A T | ] : - and
encoder
i
I
I
|
I
i

__d_h
] 5

Received
TDM PCM
plus noise

Channel

= Synchronization

I
i
|
|
|
I
|
|
|
|
I PCM
|
1
|
|
|
|
|
I
|
|

|
!
|

Recever

= [Decoder

TDM
PAM

S-u.rnp]crl

== Channel |

== hannpel 2

R e £

\

= Channel 3 '3'
Dutput analog signals



B Time-Division Multiplexing (TDM)

The pulse width of the

TDM PAM:
T 1

S

3 3f,

The pulse width of
the TDM PCM:

T 1

S

3n 3nf,

TDM PAM ?

41
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B Frame synchronization.

** Aims of the frame sync. : To make the received
multiplexed data can be sorted and directed to
the appropriate output channel at the TDM
receiver.

The frame sync. Signal can be provided to the
receiver demultiplexer by:

€ Sending a frame sync signal over a separate channel

@ Deriving the frame sync from the TDM signal itself

tifusxs
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B Frame synchronization.

Frame synchronization word:
A segmented bits data stream which obeys some
rules. Usually, it should be unique in the data
stream, or at least, the appear probability is very

small.

.- | 1

S2 | «us

sk

Ch. 1
data

Ch. 2
data

Ch. N
data

s1

S2 |sex [ SK| au-

43
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B Time-Division Multiplexing (TDM)

*Example 3.6

= Design a time-division multiplexer that will
accommodate 11 sources, assume that the
sources have the following specifications:

= Source 1. analog, 2-kHz bandwidth
= Source 2. analog, 4-kHz bandwidth
= Source 3. analog, 2-kHz bandwidth

= Sources 4-11. digital, synchronous at 7200
bits/s.

44 OLinury
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B Time-Division Multiplexing (TDM)

Example

From source |

TDM

TDM

PAM signal
il

16 ksamples/sec

4 bt
A

PCM signal

64 kh/sec

fi =4 kHz

B khisec

2 kHz, analog

From source 2 |"r Fi

4 kHz, analog R\

Froun sounce 3

2 kHz, analog

From source 4 Dol

7.2 kb/'sec, digital stuffing

From source 5 Poicn

7.2 kb/sec, digital stuffing

From source 1 1 Pulse
stuffing

1.2 kbvsec, digntal

B khfsec

TDM PCM
Output signal

|28 kbfsec

fo= 8 kHz




B Time-Division Multiplexing (TDM)

* The preceding example illustrates the main
advantage of TDM:

It can easily accommodate both analog and
digital sources.

Unfortunately, when analog signals
are converted to digital signals
without redundancy reduction, they
consume a great deal of digital system
capacity.

tifusxs
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TDM hierarchy

Two categories:

s DM used In digital computer
system

The output rate has been standardized to 1.2, 2.4,
3.6,4.8,7.2,9.6, 14.4, 19.2, 28.8 kb/s. and to 10 and
100 to 1000Mb/s, 10Gb/s.

s DM used by common carrier
®North American digital TDM hierarchy

®Europe digital TDM hierarchy (CCITT TDM)

tiaxy

!!!!!!!!!!

47 Your site here



TDM hierarchy

-
D5-1 Ds-2 DS-3 D5-4
] output output output | output
Ii'l I
I DS ! et 5 FY D5-5
inputs, : Ist-level 2nd-level = 3rd-level | 4th-level Sth-level | e i
s fimes maeh - T 5 y * : e o
r’lllb“\hr":‘l:lr‘l-ljz-lr 8 multiplexer | o—i| multiplexer ; ) i z multiplexer *L . 5 | multiplexer M : multiplexer 560,160 Mb/sec
Al 24 4 I 5 2 =
R ] | L _.__,! J Ark i | | A (8064 VF)
Four DS-1 1n|?'u[x. Seven DS-2 inputs Six DS-3 inputs Two DS-4 inputs
DS-1 line DS-2 line DS-3 line D5-4 line
1.544 Mb/sec 6.312 Mb/sec 44.736 Mb/sec 274.176 Mb/sec
(24 VF) (96 VF) (672 VF) (4032 VF)

f:_d_rﬂlist-'%'
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TDM hierarchy

% 24-VF analog telephone signals are converted to a DS-1

(1.544 Mbit/s) data stream

“* The sampling rate used on each of the 24-VF analog

signals is 8 kHz

< Each analog sample is encoded into an 8-bit PCM word

** There are 8*24=192 bits of data, plus one bit is added
for frame synchronization, yielding a total of 193 bits

per fram. :
125 usec
0.6477 usec 1l
Channel 1 Channel 2 Channel 24
PCM word e PCM word PCM word -
e L g . L T [ O R
Ll * 3 4 5 6 TR 2008 85 | 6%T 8 /\/ ] "2 3 4 5 6T 5E

Framing bit

193 bits




TDM hierarchy

Europe digital TDM hierarchy:
(CCITT TDM standard)

el
30 digital -
inputs,
6 kbvsec each 0
S

1 st-level
multiplexer

Four /

2.148-Mb/'s
inputs

2.048 Mh/sec

(30 VF)

bbbt

|
2
2nd-level == 3rd-level
multiplexer _2_ multiplexer
4
Four Four
B.448-Mb/s 34.368-Mb/s
inpiuts inputs
8448 Mb/sec 34.368 Mb/sec
(120 VF) (480 VF)
50

dth-level
multiplexer

.

Four
139.264-Mb/s
inputs

139.264 Mb/sec

(1920 VF)
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