ELEN E4810: Digital Signal Processing
Topic 11:
Continuous Signals

Sampling and Reconstruction
Quantization
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1. Sampling & Reconstruction
= DSP must interact with an analog world:
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Sampling: Frequency Domain

= Sampling: CT signal = DT signal by
recording values at ‘sampling instants’
Discrete  g[n|=g,(nT) Continuous

Sampling period T
— samp.freq. Q) = 27/T rad/sec

= \What is the relationship of the spectra?
p () in rad/second

= i.e. relate G, (jQ)= Iiga(t)e‘jﬂtdt CTET

and - Ge'™) =3 glne ™ OTFT

w In rad/sample

Dan Ellis 2013-12-04 3



Sampling

= DT signals have same ‘content’ as
CT signals gated by an |mpulse train:

4
/\gd() ;@ —» T“r 1
, t

8,(t)

! I
CT delta fn_\ pt(t)nTH\T\HHHI

REERRA

'sampled’ signal:

still continuous
- but discrete
values

n g (1) = ga(t)p(t) Is a CT signal with the
same information as DT sequence g[n]
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Spectra of sampled signals
= Given CT g,(t) = »  ga(nT)-6(t —nT)

n=——~oo

= CTFT Spectrum by linearity
Gp(iQ) = Fgp(t) } = Zga (nT)F{o(t —nT)}

:>G ]Q Zga nT —jQnT
= Compare to DTFT G(&%) Z gln]e—dwn

/\w ~ /T

5 je.G(e) = G(i0)ar—w T = Q)2

i
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Spectra of sampled signals

= Also, note that p( Z 5(t—nT
IS periodic, thus has Fourler Series:

1 T/2
l e, = J‘ T/2 e JZﬂkt/Tdt_
Z@ & 0
k_—oo T
= But F{ ]Qot (t)} — X(](Q _QO )) frégggtekncy

0 G,(jQ)=12.,G(i(Q-+,,,))

- scaled sum of replicas of G (j§?)
Shifted by multiples of sampling frequency ()

samp,
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CT and DT Spectra

= So: G(e”)= G(]Q)\ =1 VkGa(j( —k27))
DTFT G JTQ ( Q Q.. ) CTFT

— Nk

Vk
g (1) Is bandllmlted

2,(1) > G,(jQ) }%\/ @y

pyeP(je) L b ] ‘

- . o . o T s jsgmpsca ed copies
g, ()G, (jQ) TN\ N N,
g[n](—)G(ejw) NN /\ }/_\ /_\

27

AQQ —'
' T

: have w = QT = 27
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Avoiding aliasing

= Sampled analog signal has spectrum:

G () G ,(j)) “a!ias” of “baseband’
P : : s :
_Qsamp / _QM QM \ Qsamp
—{) mmp+ 52M Q\'amp_ §2M

=g (D)is pandlimited to + (), rad/sec

= \When sampling frequency ()

— no overlap between aliases
— can recover g (¢) from g,(7)
by low-pass filtering
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Aliasing & The Nyquist Limit

= If bandlimit €2,, is too large, or sampling
rate (). Is too small, aliases will overlap:

samp

G NAT TN

/ QmeMQZ_/QQ o

= Spectral effect cannot be flltered out
— cannot recover g (7) Sampling theorum

= Avoidby: Q. -Q >Q =Q >20

samp M M samp

= i.e. bandlimitg,(nat < Q,,

) frequency
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Anti-Alias Filter

= To understand speech, need ~ 3.4 kHz

— 8 kHz sampling rate (i.e. up to 4 kHz)
= [ imit of hearing ~20 kHz

— 44 .1 kHz sampling rate for CDs

= Must remove energy above Nyquist with
LPF before sampling: “Anti-alias” filter
AtoD

[N " ADC

Anti-alias Sample
filter & hold

Dan Ellis 2013-12-04 10



Sampling Bandpass Signals

= Signal is not always in ‘baseband’
around €2 = 0 ... may be at higher (:

A S

= |f aliases from sampling don't overlap,
no aliasing dlstortlon can still recover:

___________________ AT T T T T
—Q) p Q mp/ZQ o 202 samp
= Basic limit: > bandwidth
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Reconstruction

= [oturn g[n]
back to g’ (7):
= make a continuous
impulse train g (?)

= lowpass filter to
extract baseband

— g (1)

il ﬁ?g[n] ;

Tt‘%g”(t)

- \§a(t>

= |deal reconstruction filter is brickwall
" j.e. - not realizable (especially analog!)
= use something with finite transition band...
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Quantization

= Course so far has been about
discrete-time i.e. quantization of time

= Computer representation of signals also
quantizes level (e.g. 16 bit integer word)

= | evel quantization introduces an error
between ideal & actual signal —

= Resolution (# bits) affects data size
— quantization critical for

= smallest data < coarsest quantization
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Quantization

= Quantization is performed in A-to-D:

{ap = 1 MTTTH

t (LJ) : n
D 9#8
. T
= Quantization has simple transfer curve:
Q{X}gi s Quantized signal
2] S 8
_(1) VAVAVA[ A\/A\/AVAA e=x-Q{x} X Q {X}
2 _ﬁr | Quantization error
:;;-r:-s-z-1o1234é e:x_ja
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Quantization noise

= Can usually model quantization as

additive white noise: i.e. uncorrelated
with self or signal x

_— bits ‘cut off’ by
quantization;

hard amplitude limit
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Quantization SNR

= Common measure of noise is
Signal-to-Noise ratio (SNR) in dB:
2

SNR =10 -log,, G—; dB
o

€

= When |x| >> 1 LSB, quantization noise

has ~ uniform distribution:
t P(e[n])

2
&

2 >
—> 0, = — €/  tE/
e 2 2
12
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Quantization SNR

= Now, 0 2is limited by dynamic range of
converter (to avoid clipping)
= e.g. b+1 bit resolution (including sign)

output levels vary -26-¢ .. (26-1)¢

_ Res RFS—g where full-scale range

o2 Rpg

Rig Og
22(b+1).12
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Coefficient Quantization

= Quantization affects not just signal
but filter constants too
= .. depending on implementation
= .. may have different resolution

= Some coefficients )
are very sensitive .,
to small changes /\ _
= e.g. poles near K/
unit circle .
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12/9 Project Presentations

Arthur Argall: Genomic Signal Processing

Yue Hou, Dongxue Liu:
Blind Signal Separation

Nathan Lin:
Spectral Domain Phase Microscopy

Minda Yang, Yitong Li:
Reconstruction from Neural Measurements

Yinan Wu: Mixed Channel Music

Maja Rudolph, Preston Conley:
Walking Pace Extraction from Video

Alan Zambeli-Ljepovi¢, Tanya Shah, Sophie Wang:
Lung Sounds Analysis
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