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Temporal and frequency relationships

involved with

conversion from continuous - time to samp led - time signals
and

analog - digital coversion



sampling: Turning Signals into Numbers

We want tostorea music file on our computer:

The music 1s 1000 seconds (16 minutes, 40 seconds) long,
Let us approximate our range of hearing as DC-20kHz
(good ears :~ 20Hz-20kHz).

How many #s must westoreon our hard drive ?



class notes, M. Rodwell, copyrighted 2013

Remember the Fourier Sine/Gosine Series:
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Our waveformis 10° seconds long.

Our signal : sine wavesat OHz,1-10°Hz,2-10Hz, ..., 20kHz
Our signal : cosine wavesat OHz,1-10°Hz,2-107Hz, ..., 20kHz
— We need (20kHz/10°Hz) = 2-107 sinsoidal coefficients (a, )

— We also need 2-107 cosinsoidal coefficients (b,)

We need 4-10" numbers (coefficients) to describe our music file.
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Nyquist's Sampling Theorem: 15t viewpoint

If we have a signal of time duration 7.
If its bandwidth 1s limited between DCand f,, .

Then weneed N

sample

=2 f,s] mumbers (measurements)

to describe the signal

~So -
If we have a signal
whose bandwidth is limited between DCand f,,,,.

Then weneed f,,,,.. = 2 f,,,, sSamples per unit time

ample

to describe the signal

Fora DC-20 kHzsignal, we must sample at 40KHz;samples every 25s.

Nyquist’s theorem proven by counting Fourier comp onents.



We start withsome analog continuous - time signal V()

VC(Z‘)/ \

We then sampleit witha sample-hold gate, producing signal Vs  (¢)
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This is an 1dealized sample- hold gate
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Tolearn about this: senior -level IC design sequence



Real vs ldeal Sampling (1)

Real Sampling : square pulses

i
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Ideal Sampling : impulses (makes the math easier)
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How do we relate these ?

!



Real vs ldeal Sampling (2)

Supposewe have a filter /(z),

whosemmpulse responseis a square pulseof duration 7
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Impulseresponse: A(t) =—rect(¢/7)

.
Transfer Function:
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http://en.wikipedia.org/wiki/File:Si_sinc.svg

Filter converts impulses into square pulses.
sin(wz /2)
(w7 /2)

Filter has frequency reponse
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Real vs ldeal Sampling (4)

Vst

V((r)}/\—/ ma K o t

t Vir(®

Vot Vsolt) /Vial®
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V.imp(t) /
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We first multiply signal against sequence of impulses: v ;(¢) =v.(2)-v,,, () /V,
We then filter the sampled signal : V ,(jo) =V ;(jo) - H(jw)



sSpectrum of the impuise train (1)
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Because v, (¢) is periodic with period 7, we can write this as a Fourier series :

— n=+ Jnagt .
Vimp () = Zn:_w c,e wherew, =27 /1

where
1 p/2 . 1 pe/2 . Vo .

c, = —I Yy ()" = —I Vir-S(t)e "™ = L0 =
T —7/2 T —7/2 T

So :

n=+o0 . . . . .
_ jnwgt —Jj 2wt —jopt +jwyt +Jj 2wyt
vl.mp(t)—VOZn:_oo e =...+V,e +V,e +V,+V,e +V,e



Spectrum of the impuise train (2]

V(1) = Veesl(t) Vanlll

X —h(t) ——0
vaﬂ? (t)\r

Vol ’ e

EEEEREERENEEERREEREEEN

0

T

Vi () = VT S(O)+ V7 - S5(t = 1) + V7 5(t = 27) + ...
— AV N Ve TN 4V, 4 Ve T 4 Ve

This is a spectrumwith tones at ...,—3®,, — 20,, — ®,, DC, 0,, 20,, 30,,...
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Spectrum of the Sampled Signal (1)

V(1 Vst Vsr(®
C() /)(\ S,0 i h(t) ,

V

The Fourier transform of the sampled signal is therefore
the convolution of the spectrumof theinput

and spectrumof the impulse train

ves(t) = Vc(t)'vimp(t)/Vo

. V.(jo)*V,, (jo) convolutionof V. (jw)andV, (jw)
V5,5 (] a)) - ) -
7V, 27V,

1
27V,

[V.Ge)7,,(jo- jo)d(je)
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Spectrum of the Sampled Signal (2]

Vs (o) = convolution of 2V 7[( ;a)) andV,, (jow) V(1) 2 Vs(® " V(@
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The signal V. (¢#) must have bandwidth @y, less than @, /2 if thespectraare not tooverlap

W, = O

sample

>2 Dy OF [t > 2 Jrign 1T thespectraare not tooverlap.

ample

This 1s, again, the Nyquistsamp ling criterion
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Musthave f, .>2 f,.,1f thespectraare not tooverlap.

This 1s, again, the Nyquistsamp ling criterion



sequence of

V(1) Vs Vaulll digital numbers
C : A
(X) ht) | ASD - 01011011
T it
ViV 01011101

Samp ling is then followed by analog - digital coversion.

This generates an N - bit binary representation of each sample.

M orebits : greater precision






