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The DSP “Revolution”
• 1980s: Special-purpose DSP microprocessors int

• 1990s: Processing power of DSP (micro-)proces
by an order of magnitude, and price decreased.

• The (digital) reliability, repeatability, and programm
widely displaced analogue systems in both consu
markets.
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N
D vel of processing power. Data
w AC). More recently CD Audio
s d so on; however processing
re s the computer “fax-modem”
b al 2400 bits/sec to a standard
o ame copper wires that have
e crease in speed? The answer
is S (least mean squares). Via
a one channels were used with
v t by essentially using DSP to
c

D tion of DSL (digital subscriber
lo l telephone lines. In summary
D wire twisted pair (MHz) to be
u es were bandlimited between
3 is the reason that “voiceband”
m f a few kHz. The introduction
o per wire infrastructure.

T  teleconferencing (audio and
v nicator. Very high levels of
p lgorithms and for the DSP
c w data rates of up to 2Mbits/
s ). To achieve these high rates
a to process this speed of data
tr  be used. DSP strategies for
p on, will require very powerful
D d. 2002 is the roll-out year....
otes:
igital Audio: Early 1980s DSP systems such as CD-audio did not require high le
as mainly be read from the CD and output via a digital to analogue converter (D
ystems have been equipped with sound effects systems, recording capabilities an
quirements are still relatively low for such operations. The Modem: In the 1990

ecame ubiquitous and from 1990 the speed of modems increased from a nomin
f 57200 bits/sec by the end of the decade. This communication was over the s
xisted in the ground for some 50 or more years; so why the order of magnitude in
 again, DSP, or more specifically adaptive DSP algorithms in the form of the LM
daptive DSP enabled echo cancellation and data equalisation, bandlimited teleph
arious signalling methods to reach data speeds approaching the theoretical limi
orrect for any distortion that may have been present in the channel.

igital Subscriber Loops: The last couple of years of the 1990s saw the introduc
ops) which bring data rates of millions (M) bits/sec to the home over conventiona
SL is using DSP techniques to allow the high frequency portions of a copper 
tilised. Prior to the requirements for fast data communications, most telephone lin
00-3400Hz - sufficient for voice, but rather limiting for data communications - this 
odems have a clearly calculable limit based on the available teleco bandwidth o
f DSL equipment to telephone exchanges will bring a new lease of life to the cop

he application of mobile multimedia will allow consumers to communicate via
ideo), and transmit documents (email/fax) from a small hand held commu
rocessing power will be required for the audio/video coding/compression a
ommunications strategies. Third generation mobile communications (3G) will allo
ec to be available from hand held wireless devices (laptop/mobile communicator
 “chip” rate of some 5Mbits/sec to and from the basetation will be used. In order 
ansfer, a modulation scheme called CDMA (code division multiple access) will
ulse shaping, channel equalisation, echo control, speech compression and so 
SP devices capable of 1000’s millions of instructions per second will be require
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DSP in 2000’s - Towards Softwa
• The ideal DSP enabled Software Radio receiver dire

RF frequencies (typically GHz, (G = 109).

• Initial implementations will work with IF (mixed down
MHz) frequencies. 

ADC

DAC

DS

Linear RF Amplifier

fs 2fRF>

fs 2fRF>

RF Antenna @ GHz

Anti-
Alias



N
F and ADC sampling (so called
z  processing (echo cancelling,
s  processor.

F  be one that could operate in
th and so on by simply changed
th

T ndards is likely to be a major
b ltiband radios are available
(p z, although this is essentially
a rchitecture. 

F ss sampling, then more than
2 grating at a frequency range
e urrently such devices are not
a  18 bits, and input to a linear
R

S ple there is separate software
fo ay be a toolbox of algorithms
(s ers depending on the actual
s

T ownload required software to
th till a long time away.
otes:
or the received signal, all downconversion/demodulation is done after the wideb
ero-IF or homdyne receiver). As in current 2nd generation mobile, all baseband
peech coding, equalisation, despreading, channel decoding) is done in the DSP

or current mobile 2nd generation technologies, a desirable software radio would
e 800 to 900MHz spectrum and can adapt between AMPs, GSM, DAMPs, CT2 
e software on the DSP processor. 

he next generation of UMTS, although being driven by cooperating worldwide sta
eneficiary from the implementation of software radio strategies. Currently mu
articularly in the USA) that cover both GSM at 900MHz and DECT at 1300MH

ccomplished by having separate hardware rather than as a programmable SR a

or next generation CDMA with 5MHz bandwidth if the ADC used 4 times bandpa
0Msamples per second are required, with an analogue front end capable of inte
xtending as high as 2GHz. At least 18 bits of resolution is likely to be required. C
vailable. The DAC would require to produce more than 20Msamples/sec at up to
F amplifier.

ome of the ideas for software radio include algorithms toolbox’s, where for exam
r each standard stored within a handset or mobile terminal. Alternatively there m
uch as QPSK, equalisers etc) which can be called with appropriate paramet

tandard (GSM, W-CDMA etc) being used.

here is also the concept of over-air download whereby a mobile terminal can d
e generic hardware of the mobile terminal. This, however, is a concept that is s
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0 = 60)
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1 Volt 
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Amplification and Conditio
• The voltage from a signal sensor is very small in m

A microphone may produce voltages of the o
Similarly for ECG sensors, vibration sensors etc.

• Prior to recording the signal or reproducing with an a
should signal condition by linearly amplifying 
appropriate factor.

• The above amplifier adds 60dB of gain (20log10100

 therefore 

Amplifier x 1000time

V
ol

ta
ge

V
ol

ta
ge

VoutVin 10-3 Volts

60dB

Vout 1000Vin=
Vout
Vin

----------- 10=



N
A  and system transfer function 

In

O one sine wave, and if, at all
fr rmonics are produced), then
th

A on ratio ( ) given the
la

 decibels (dB)

T ilary an attenuation of a factor
o on! The placement of the -ve
s

time

t) x2 t( )+ ]

Pout Pin⁄

in)
otes:
 system is said to be linear if the output can formed as the convolution of the input

 general for a linear system , if, 

 then by superposition: 

ne of the simplest ways to test the linearity of a system is to input a pure t
equencies, the output is only a pure tone at the signal input frequency (i.e. no ha
e system is truely linear. 

mplification is often presented as a logarithmic measure of the power amplificati
rge linear dymanic range. Recall that , then:

herefore if an amplification , then the power amplification is 60 dB. Sim
f 1000, (or a gain of 0.001) corresponds to -60dB of gain, or 60dB of attenuati
ign needs some care given the antonymity of the words gain and attenuation.

x(t) y(t)Linear 
Systemtime

y t( ) f x t( )( )=

y1 t( ) f x1 t( )[ ]=

y2 t( ) f x2 t( )[ ]=
y1 t( ) y2 t( )+ f x1([=

P V2∝

AdB 10log10 Pout Pin⁄( ) 10log10 Vout Vin⁄( )2 20log10 Vout V⁄(= = =

A 1000=
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Amplifier Distortion
• An amplifier which introduces unwanted artifacts,

linear and is, of course, very undesirable as it
components of interest.

• The above amplifier is non-linear and actually outp
plus a 3rd order harmonic:

• Unlike noise it is essentially impossible to rem
distortion. Therefore we try to minimize the possib
using suitable components.

Amplifier x 1000time

V
ol

ta
ge

V
ol

ta
ge

VoutVin
10-3 Volts

60dB

Vout 1000 x Vin( ) 10 x Vin( )3+=



N
U lly known the true non-linear
e ss some of this non-linearity.
H mple, consider a system that
a

T here is not a unique solution.
(C

tion.

N e signal components.

It ver if the power levels of the
n urposes the amplifier can be
c ation). In the above example
w 1/25th of the power) of the
fu ms may often be classed as
“w

S tation of the above slide and
s  example.
otes:
nlike in the above example, it is of course very unlikely that you will ever actua
quation of an amplifier. If you do, then you might be in a position to remove/addre
owever even the simplest non-linearity can be very difficult to remove. As an exa
dds a 2nd order harmonic according to the equation:

ry to solve this equation for  as a function of . ....not easy, and in fact t
onsider even the a simple squared equation:

, then  which is a non-unique solu

on-linearities can cause serious problems in DSP by losing or masking desirabl

 is probably true to say that every amplifier is non-linear to some extent. Howe
on-linear signal components are very low, then for pragmatic implementation p
onsidered linear; (the definition of “very low” of course depends on your applic
here the non-linear second harmonic component has 1/5 of the voltage (
ndamental, this is very high and the amplifier is at best “very” non-linear. Syste
eakly non-linear”, “moderately non-linear”, or “strong non-linear”.

ee system c:\DSPedia\intro\non-linear_amplifer.svu for implemen
ee c:\DSPedia\intro\non-linear_amplifer_speech.svu for a speech

Vout Vin 0.001Vin
2+=

Vin Vout

Va Vb
2= Vb Va±=
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Signals and Noise
• Most acquired signals are corrupted by some level

cause information to be lost.

• Signal processing techniques are often used in an
or attenuate noise.

• Most noise can be considered as additive (linear su
can be address by linear filtering techniques.

time

time

Signal

Noise

Sign

V
ol

ta
ge

V
ol

ta
ge

V
ol

ta
ge

Microphone



N
O  of interest. There are some
s  the the signal and the noise
a , say, a low rumbling single
fr al of interest is very similar to
th roblem occurs is the “cocktail
p  extracting the desired signal
c we know some fundamental
c  levels etc.

W  is usually the name given to
a al processing techniques we
c using linear filtering or other
te and is caused by some non-
li  there is nothing that can be
d

A one which is corrupted by a
n is denoted . The simplest
fo e complex version of additive
n aps because of the acoustic
p
g re general form, the received
s

ic path from noise source to
re g, to “remove” this noise from

y t( )

t) s t( ) An t( ) Bn t t0–( )+ +=

y

y

otes:
ne of the key strategies for DSP is too remove/attenuate noise from a signal
ituations where it is very easy to remove the noise, for example in cases where
re very disimilar with respect to some signal feature. If speech is corrupted by
equency, then removal is straightforward. However in situations where the sign
e noise then things are less straightforward. One example where this type of p

arty” noise effect. If a speech signal is corrupted by other speech signals, then
an be very difficult. iIn general removing the noise from a signal requires that 
haracteristics about the signal and noise, i.e. the frequency range, typical power

e should try to be clear about the difference between noise and distortion. Noise
n interfering signal, and which is usually in most cases additive noise. Using sign
an address the effects of this noise and perhaps try and attenuate the noise 
chniques in order to improve the signal to noise ratio. Distortion on the other h

near process occuring in the signal acquisition or processing chain, and usually
one to address distortion after it has occured. 

dditive Noise: Consider an acoustic signal source  received by a microph
earby acoustic noise source . The composite signal recorded at the receiver 
rm of “additive noise” that could occur would be  A slightly mor

oise is  where the noise is attenuated by a factor of A perh
ropogation path. Even more realistically the additive noise may take the form 
iven that the noise may arrive at the receiver via a number of paths. And in its mo
ignal will take the form:

where  is the “impulse response” of the acoust
ceiver. Therefore although we may know exactly what the noise source is emittin

 also requires that we have “information” about the acoustic transfer path.

s t( )
n t( )

y t( ) s t( ) n t( )+=
y t( ) s t( ) An t( )+=

y(

t( ) s t( ) n t( )h t τ–( ) td
0

∞
∫+=

h t( )

t( )
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The Noise/Distortion Chai
• Consider the various levels of noise and distortio

mobile communications link: 

• DSP must minimize the amount of noise/distortion
and where possible attenuate other sources.

Environment noise 
(e.g. car engine)

Atmo
noise/
Dopp

u

Digital quant-
isation distortion

Digital compression
distortion/artifacts

Micro-
phone

Analogue to 
Digital Converter

DSP Speech 
Compression

DSP Speech 
Decompress

Digital to 
Analogue Conv.

Loud 
Speaker



N
E  be able to address the noise
a ring. At the receiver, linear or
a he signal to noise ratio.

Q analogue to digital converter
(A but as few bits as possible to
k  number of bits we may use
p

S we require to compress the
s lligibility but will accept some
le

M of noise and distortion due to
th

A itted general signal reflection
p refore it is desirable that the
d

otes:
nvironment Noise: Noise coming from vehicle engine, wind noise etc. We may
t the microphone using DSP algorithms and techniques for linear or adaptive filte
daptive filtering or perhaps active noise control could be introduced to improve t

uantisation Distortion: Quantisation distortion or noise is introduced by the 
DC). Ideally we use as many bits in the ADC converter as possible for quality, 

eep bandwidth requirements low. To attempt to improve quality for a given low
sychoacoustic quantisation noise shaping, or dithering techniques.

peech Coding/Compression Noise: To keep bandwidth requirements low 
ignal. By compressing the signal we aim to maintain the signal quality and inte
vel of distortion or loss of fidelity.

odulation: The modulation/demodulation process will introduce various levels 
e various stages of modulation and filtering that are required.

tmospheric/Multipath Noise: When the electromagnetic mobile signal is transm
roblems, interference from other users etc, will introduce a level of noise. The
igital coding scheme is as resistant to noise as possible.
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 noise power ratio
ecibels or dBs. 

More....

Psignal
Pnoise
---------------

al

e
---

0 Vnoise×

1000 Vnoise×=
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Signal to Noise Ratio
• Taking the logarithm of the linear signal power to

(SNR) and multiplying by 10 gives the measure of d

• Recalling that , then:

SNR = 10dB,  and 
Very low quality telephone line 

SNR = 60dB,  and 

Audio cassette deck

SNR 10 Signal Power( )
Noise Power( )

----------------------------------------log 10log= =

Power Volts2∝

SNR 10
V2

signal

V2
noise

------------------log 20
Vsign
Vnois
------------log= =

Psignal 10 Pnoise×= Vsignal 1=

Psignal 1000000 Pnoise×= Vsignal



N
N , it is often the case that the
m ticular there are a number of
d  Sound Pressure Level (SPL)
is

w ef is the reference intensity of
1 aring for a tone at 1000Hz.
A n be expressed as a ratio of
a  = 20 Pa:

 

In re is used for sound because
o n  and because of the
lo  sound pressure level is not
n e in intensity between 110dB
a 6dB. The threshold of pain is
a

It d the pressure exerted by a
v suring devices are measuring
e

m2 µ

1012
otes:
ote there are many forms of “decibel” and although all have specific definition
eaning of dB is implied rather than explicity stated. For acoustic signals in par
efinitions of dB A, dBm, dB SPL, or dB HL. One of the most common uses of dB is
 specified in decibels (dB) and is calculated as the logarithm of a ratio:

 

here I is the sound intensity measured in Watts per square meter (W/m2) and Ir
0-12W/m2 which is (or perhaps was!) the approximate lower threshold of he
lternatively (and more intuitively given the name sound “pressure” level) SPL ca
 measured sound pressure relative to a reference pressure, , of 

tensity is proportional to the squared pressure. i.e. . A logarithmic measu
f the very large dynamic range of the human has a linear scale of more tha
garithmic nature of hearing. Due to the nature of hearing, a 6dB increase in
ecessarily perceived as twice as loud in fact far from it. For example the differenc
nd 116dB seems much greater than the same difference between 40dB and 4
bout 120dB. (See entry for Sone.)

 is worth noting that standard atmospheric pressure is around 101300 N/m2 an
ery small insect’s legs is around 10 N/m2. Therefore the ear and other sound mea
xtremely small variations on pressure. 

SPL 10 I
Iref
-------- 
 dBlog=

Pref 2 10 5–×  N/

SPL 10 I
Iref
-------- 
 log 10 P2

Pref
2

----------
 
 
 

log 20 P
Pref
---------- dBlog= = =

I P2∝
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n analogue signal
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Generic Analogue I/O Signal Pro
• In general an analogue signal processing system c

system that senses a signal to produce an 
“process” this voltage, and reproduce the sig
analogue form.

• A public address system is an example of a
processing system:

Controls
... Blue Suede 
Shoes....

Amplifier Amplifier

ANALOGUE SIGNAL PROCESSING

TONE

BASS

VOLUME



N
A e availability of low cost, high
p nals and systems. The basic
li  and the differentiator. By the
ju s, analogue computers could
b nd the development of control
s

otes:
nalogue systems have more than just the flexibility to amplify and filter. Before th
erformance DSP processors, analogue computers were used for analysis of sig
near elements for analog computers were the summing amplifier, the integrator,
dicious use of resistor and capacitor values, and the input of appropriate signal
e used for solving differential equations, exponential and sine wave generation a
ystem transfer functions. 

Vin

C

R

+
-

Vout R– C
dVin

dt
------------=Vin

R

+
-

C

Vout
1–

RC
--------- Vindt

0

t
∫=

V3

Rf

+
-

V1

V2

R1

R2

R3
Vout

Rf
R1
-------V1

Rf
R2
-------V1

Rf
R3
-------V1+ +=

Integrator

Differentiator

Summer
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A Generic Input/Output DSP S
• A single input, single output DSP system 

components:

DSP 
Processor DAC

Anti- 
Alias 
Filter

Re
str
n F

ADC

INPUT O

fs

Signal Conditioning Signa

ATRANSDUCER

Digital AAnalogue

fs

Return



N
A t and output stages from and
to irements and specification of
th exity, i.e. oversampling type
s  in order that the “complexity”
o

D

T troduced to the DSP system.
T y noise is not present in the
o

In  voltage, to binary numerical
v lement (to allow +ve and -ve
n ices that only have two digits
c ents and so on are widely
a  high speed arithmetic. Every
D ed by most DSP processors
w es no overhead on arithmetic
o ing, e.g. for the 16 bit number.
otes:
nalogue components still play a very important part in DSP. In particular the inpu
 the real world are of course analogue. Where possible however the design requ
e analogue components is being simplified in favour of more digital compl

trategies. Many systems will now use much higher than necessary sampling rates
f the analogue components can be reduced.

SP systems can be classed as one of three general types:
(1) Real time Input/Output, e.g. a DSP enabled communications link;
(2) Real time Input only, e.g a speech recognition system;
(3) Real time Output only, e.g. a CD audio reproduction system.

he anti-alias filter is important in order to ensure that aliasing distortion is not in
he reconstruction filter is important to ensure that reconstruction high frequenc
utput signal. 

 a DSP system the analogue voltage is converted from a real world signal, to a
alues. DSP systems use binary numbers, or base 2 and usually with 2’s comp
umber representation.) Base 2 is used because it is easy to design electronic dev
orresponding to two voltage levels. Binary adders, multipliers, memory elem
vailable and together form the core element of every computer’s ability to perform
SP microprocessor/ASIC uses binary arithmetic. 2’s complement arithmetic us
hich allows a very convenient way of representing negative numbers, and impos
perations. In two’s complement the most significant bit is given a negative weight

1001 0000 0000 00012 -215 212 21+ +=

-32768 4096 1+ += -28671=
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Generic Analogue Communic
• For most baseband telecommunications a 

transmitted over a cable.

• A simple example is a telephone. The acoustic si
a voltage which is then directly transmitted over a t
to be received at a remote location.

... Blue Suede 
Shoes....

Line interface Line inte

BASEBAND ANALOGUE COMMUNICATION

Channel

Scotland



N
In is capable of converting the
a d from transmitter to receiver
(o tching).

G

F onvert from voltage to an
e

A lation to around 100MHz) or
fi speech channel.

... Blue Suede 
Shoes....
otes:
 a telephone system the line interface is some form of driver/amplifier that 

nalogue voltage of the speech into a signal with sufficient power to be transmitte
r transmitted to an intermediate point such as an exchange for subsequent swi

eneric Analogue Radio Communication

or radio based analogue communications a modulator is required to c
lectromagnetic radio frequency (RF) signal. 

n example of (one way) analogue communication is an FM radio station (modu
rst generation mobile telephones which had 30kHz of bandwidth available for a 

... Blue Suede 
Shoes....

Modulation Demodulation

RADIO ANALOGUE COMMUNICATIONS

Channel
Radio
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Digital Data Communicatio
• Modern communications systems require that di

transmitted and received. 

Scotland

USA

DAC Re-
const

Digital 

fspeech

Data In

ADC

DSP - coding 
& modulation

fchannel
Switch

ADC Anti-
Alias

fchannel

Digital 

fspeech

Data Out

DAC
Switch

DSP - decoding 
& demodulation



N
D lated to produce an analogue
s radio, then a transmitter and
re

T  translate into QPSK or other
Q  suitable for sending directly
o ) or centre of the baseband).
T yquist sampling criteria.

A d then converted to digital by
th

N ” sequence: analogue-digital-
a

w  sequence: digital-analogue-
d

e-
nst Analogue

annel

DSP 

Digital

DAC
otes:
ata communications requires that digital information (1’s and 0’s) is coded/modu
ignal that can be transmitted over a cable. If the information is to be sent over 
ceiver is also required.

he digital coding/modulation may compress or coded the data in some way, then
AM format. A final analogue signal is then produced by the DAC which is then
ver a cable, or it can be modulated by a carrier frequency (RF (radio frequency
he sampling rate  is at least twice the channel bandwidth to satisfy the N

t the receive side, the analogue signal is demodulated from RF, or otherwise, an
e ADC prior to the final stage of decoding/demodulation.

ote that with the generic input/output DSP system we have the signal “domain
nalogue: 

hereas with the DSP communications system we have the signal “domain”
igital: 

fchannel

DAC R
coDSP 

fs

ADC

fs

Anti-
Alias

Analogue

Digital

DAC Re-
constDSP 

fchannel

ADC

fch

Anti-
Alias

Digital Analogue

ADC



Top

A

 (ADC) 4.12

o a binary number,
.

nverted per second
he converter, fs Hz.

t

Binary
Output

1
0

1

0

1

0

1

1

fs
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Analogue to Digital Converter
• An ADC is a device that can convert a voltage t

according to its specific input-output characteristic

•The number of digital samples co
is defined by the sampling rate of t

21-1-2

00100000

01000000

01100000
01111111

32

64

96

127

-128

-96

-64

-32 11001000

11000000

10100000

10000000

Binary Output

Voltage

8 bi

ADC
Voltage
Input

 Input

Generic DSP



N
V eristic as “linear”. However a
q ition of a linear system from
b ove and below the maximum
a er of steps large, then we are
te

N ic. In telecoms for example a
d µ-law). Speech signals, for
e  a large amplitude, whereas
s me were used then although
th low the threshold of the LSB
a uantizers are used such that
th ls. A-law quantizers are often
im hemes are widely in use: the
A AC can have a non-linear
c

otes:
iewing the straighline portion of the device e are tempted to refer to the charact
uick consideration clearly shows that the device is non-linear (recall the defin
efore) as a result of the discrete (staircase) steps, and also that the device clips ab
nd minumum voltage swings. However if the step sizes are small and the numb
mpted to call the device “piecewise linear over its normal operating range”.

ote that the ADC does not necessarily have a linear (straight line) characterist
efined standard nonlinear quantizer characteristic is often used (A-law and 
xample, have a very wide dynamic range: Harsh “oh” and “b” type sounds have
ofter sounds such as “sh” have small amplitudes. If a uniform quantization sche
e loud sounds would be represented adequately the quieter sounds may fall be

nd therefore be quantized to zero and the information lost. Therefore non-linear q
e quantization level at low input levels is much smaller than for higher level signa
plemented by using a nonlinear circuit followed by a uniform quantizer. Two sc

-law in Europe, and the -law in the USA and Japan. Similarly for the D
haracteristic..

µ

Voltage Input

Binary Output
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mbers to voltages,
. 

8 bit

DAC
Voltage
Output

fs

Generic DSP
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Digital to Analogue Converter
• A DAC is a device that can convert binary nu

according to its specific input-output characteristic

2

1

-1

-2

00100000

01000000

01100000
01111111

32 64 96

127

-128

-96

-64

-32
11001000
11000000

10100000

10000000

Binary 

Voltage Output

Input

Input
Binary

1
0

1

0

1

0

1

1



N

T

A

S ge

D ken for capacitor to charge is
c

F

S

D

M age via summing amplifier.

S

In will use them as functional
c

B  noise shaping), later in the
c

otes:

ype of ADCs and DACs

DCs (Quantizer):

uccessive Approximation ADC - Uses a DAC and comparator to determine volta

ual Slope ADC - Uses a capacitor connected to a reference voltage, and time ta
ounted by a digital counter.

lash ADC - Accurately trimmed ladder of resistors.

igma-Delta - Oversampling single bit converter

ACs:

ultiplying DACs, accurately trimmed resistor is used to generate the output volt

igma-Delta DAC - Single bit oversampled data

 this course we will specifically study different type of ADC or DAC. We 
omponents.

ecause of the DSP processing within sigma delta devices (oversampling and
ourse we will look at sigma delta in more detail.
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an amplifier will be
 ADC is used - this

utput of 2 volts we
 a similar range: 

r, an amplifier, or at
ired.

time
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Signal Conditioning
• Note that prior to a signal being input to an ADC, 

required to ensure that the full voltage range of the
is referred to as signal conditioning.

• For the above ADC with a maximum input and o
would require that the input signal to the ADC has

•Depending on the output actuato
least a buffer amplifier will be requ

Amplifiertime
x 2000

Volts

1
2

-1
-2

Volts

0.0005
0.001

-0.0005
-0.001

Generic DSP



N
A f an ADC chip, will be clipped.
A frequently occur in amplifiers
w r rail voltages. 

T ot in general occur.

time
otes:
n analog signal with a magnitude larger than the upper and lower bounds o
ny voltage above  will be clipped and the information lost. Clipping effects 
hen the amplification of the input signal results in a value greater than the powe

he DSP designer must ensure that for the particular application, clipping does n

Vmax±
Vmax

time

Vmax

-Vmax

Vin

Digital Output

Vmax-Vmax

ADC
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 period, :

cond, or simply as

s of the application.

nds. 
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Sampling
• The speed at which an ADC generates binary nu

sampling rate or sampling frequency, .

• The time between samples is called the sampling

• Sampling frequency is quoted in samples per se
Hertz (Hz).

• The actual sampling rate will depend on parameter
This may vary from:

10’s of Hz for control systems,
100’s of Hz for biomedical, 
1000’s of Hz for audio applications, 
1,000,000’s of Hz for digital radio front e

fs

ts
1
fs
----=



N
N an ADC/quantizer could have
a ad and the mid-riser:

N oes have a zero output level
b  feature of two’s complement
a

F d and mid-rise quantizer may
b ple if a very small sine wave
o would always be zero, 000.
H ave of levels 000 and 111 at
th f the input signal, but the mid-
ri

Voltage3q 4q

010

011
otes:
ote that the ADC may or may not have a zero output voltage level. For example 
 mid-tread or a mid-rise characteristic. Consider a 3 bit converter for the mid-tre

ote that the mid-riser does not have a zero output level, whereas the mid-tread d
ut there are more levels above the zero level than there are below, this being a
rithmetic.

or an ADC with a very low number of bits, the differences between the mid-trea
e noticeable, particularly in terms of the perceived quantisation noise. For exam
f amplitude q/10 was input to the above mid-rise quantiser, then the output 
owever inputting the same waveform to the midtread would produce a square w
e same frequency as the sine wave. Hence the mid-tread registers something o

se has not!

Voltage

Binary

0 q 2q 3q 4q-4q -3q -2q -q

Binary

0 q 2q-4q -3q -2q -q

Mid-riseMid-tread

111

010

001

000

110

101

100

011

111

001

000

110

101

100
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ce binary number

. of discrete levels
each sample.

it ADC is used, then
 x 16 = 1 volt.

time

s
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Sampling an Analogue Sig
• After signal conditioning the ADC can produ

equivalents of the input voltage.

• If the ADC has finite precision due to a limited no
then there may be a “small” error associated with 

• The quantisation step size is 0.0625 volts. If an 5 b
the max/min voltage input is approx 0.0625

Voltage

0.125

0.25

-0.125

-0.25

0

time

Binary

1
2
3
4

-1
-2
-3
-4

0ADC

Value
fs t

Generic DSP



N
F tion and maximum/minimum
v

olts Voltage 
Input
otes:
or example purposes, we can assume our ADC or quantiser has 5 bits of resolu
oltage swing of +1 and -1 volts. The input/output characteristic is shown below: 

B
in

ar
y 

O
ut

pu
t

0.0625 volts

Vmax = 1 v

01111 (+15)

10000 (-16)

Vmin = -1 volts
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Reproducing an Analogue S
• Using a DAC at an appropriate sampling rate, we

analogue signal:

• Note that the output is a little “steppy” caused by 
(step reconstruction); 
....this artifact can however be removed with a rec

time

Voltage

0.125

0.25

-0.125

-0.25

0

Binary

1
2
3
4

-1
-2
-3
-4

0 DAC

Value
ts fs



N
F tion and maximum/minimum
v elow: 

Binary Input
otes:
or example purposes, we can assume our DAC or quantiser has 5 bits of resolu
oltage output swing of +1 and -1 volts. The input/output characteristic is shown b

0.0625 volts

Vmax = 1 volts

V
ol

ta
ge

 O
ut

01111 (+15)

10000 (-16)

Vmin = -1 volts
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 in the DAC. Here
pproximated by a

te” reproduction of
a circuit to perform
ecessary.

time
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First Order Hold
• Alternatively a first order hold could be attempted

the voltage between two discrete samples is a
straight line. 

• A first order apparently produces a “more accura
the analogue signal. However implementation of 
interpolation is not trivial and turns out not to be n

time

ts ts

Zero Order Hold First Order

Analogue voltage



N
A put voltage is held (almost!)
c  build and implement. 

A ser to the original in a mean
s a linearly increasing voltage
b

H the zero order hold (i.e the
s n and a sinx/x compensating
fi
otes:
 zero order circuit is essentially a form of capacitive element whereby the in
onstant for one sampling period. This is a straightforward and low cost circuit to

 first order hold voltage reconstruction does in fact produce a signal that is clo
quared error sense. However building an electronic circuit that will generate 
etween two arbitrary input voltages is not trivial.

ence we favour zero order hold. We can further note that the “problem” of 
quareness of the output voltage) can be corrected for later using a reconstructio
lter.
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ic Range

DAC will always be
on may be floating

48 dB≈
6 96 dB≈
4 154 dB≈
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Binary Data Wordlength
• Data wordlengths for DSP applications, typically:

Fixed Point Wordlengths:  Dynam

•  8 bits −128 to +127 

• 16 bits −32768 to +32767

• 24 bits −8388608 to +8388607

Floating Point Wordlengths (for arithmetic only):

• 32 bits (−1038 to +1038)
(24 bit mantissa, 8 bit exponent)

• Note that data input from an ADC, or output to a 
fixed point, although the internal DSP computati
point.

20 28log

20 21log

20 22log



N
N  applications such as digital
c s, and thereafter use DSP
p

D microcontroller), 16, 24 or 32
b

It C can be increased by using
o  to produce a sampled signal
th e course.

In neral purpose processors. In
a , 32 bit floating point, 64 bit
fl . Although various arithmetic
m it is the MSB (most significant
b ich has an integer numerical
ra tion 15 is , i.e.

B

1 to 0.9999–
otes:
ot all applications will use ADCs or DACs that are 8, 16, or 24 bits. Some
ommunications typically use between 10 and 12 bits linear quantising ADC
rocessors that use 16 bit wordlengths.

SP processors used to process the data will use data wordlengths of 8 (more a 
its. 32 bits is usually floating point, 24 bit mantissa, 8 bit exponent.

 is worth pointing out at this stage that the no. of bits resolution of an ADC or DA
versampling techniques. For example a 3 bit converter, could be “oversampled”
at has resolution of 8 bits! Oversampling techniques will be discussed later in th

 general the arithmetic “modes” of DSP processors are straightforward unlike ge
 general purpose processor, arithmetic modes of 16 bit integer, 32 bit integer
oating point etc are likely to be available. This is not the case for DSP processors
odes could be programmed, in general the mode is fixed point, where the sign b
it) and a binary point is placed after the MSB. Therefore for a 16 bit processor wh
nge of , the numerical range with the binary point at posi

.

inary data formats are discussed later in the course.

ADC

10 bits

DSP 
Processor

16 bits

DAC

10 bits

32768–  to 32767
1.000 0000 0000 0000 to 0.111 1111 1111 1111



Top

A

4.20

er first a pure sine

ation in the signal
tion) 

time

Amplitude

ut

Generic DSP
ugust 2005, For Academic Use Only, All Rights Reserved

Sampling - How Fast? 
• To intuitively derive the sampling theorem, consid

wave of frequency 100Hz: 

• In order to ensure that we retain all of the inform
what sampling rate should be used? (no quantisa

V
ol

ta
ge

period = 1/100

0.01 0.02 0.03
Phase

Sampler
Voltage In Voltage O



N
N ignal. We are assuming the
e

In ation regarding the signal’s
a gnal.

A

v
o
d

If
re
a
w

In
e
a
it
o
fr
th
is  single sinusoidal wave, and
e

freq/Hz2300

“Sine wave amplitude spectra

freq/Hz3000

“A few sine waves””

20001000

freq/Hz3000

“Continuous Spectrum””

20001000

y

otes:
ote that the sampling being performed in this slide does not quantise the s
xistence of a sampler only at this stage.

 sampling this signal, we are clearly trying to ensure that we retain the inform
mplitude, frequency and phase, the three components which characterise the si

s an alternative to representing a sine wave as an equation, e.g.
 for a 2300 Hz sine wave of amplitude 10

olts and phase  we can use a simple frequency domain representation
f a (sine wave amplitude) spectrum. (Note that this simple spectrum
oes not represent phase information.) 

 a signal is composed of a “few sine waves” then the spectrum may be
presented as illustrated, and if the signal is somewhat more aperiodic

nd we can only identify the “average” or typical frequency content, then
e may use a continuous type spectrum 

 effect the sine wave is the simplest type of time varying signal that
xists, and ANY real signal can be produced from a sum of suitable sine
nd cosine waves. Later in the course when we discuss Fourier analysis
 will be shown that any periodic signal can be decomposed into a sum
f sine waves of suitable frequencies, amplitudes and phases. These
equency components actually form a mathematical basis for describing
e periodic signal. Hence in attempting to derive a sampling theorem it
 entirely appropriate that we start by finding a suitable rate for a fundamental
xtend the theorem from this point.

A
m

pl
itu

de
A

m
pl

itu
de

A
m

pl
itu

de

t( ) 10 2π2300t θ+( )sin=
θ
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Sampling - Too Fast?
• Sampling at fs = 800Hz, i.e. 8 samples per period:

Appears to be a “reasonable” sampling rate.

• Sampling at fs = 3000Hz, i.e. 30 samples per perio

Perhaps higher than necessary sampling rate?

V
ol

ta
ge

0.01 0.02 0.03

V
ol

ta
ge

0.01 0.02 0.03



N

4.22

 period:

time

time
otes:

Sampling - Too Slow?
• Sampling at fs = 100Hz, i.e. 1 sample per period:

Signal interpreted as DC!

• Sampling at fs = 80Hz, i.e. 1 sample every 0.8 of a

Most of the signal features are “missed”.

V
ol

ta
ge

0.01 0.02 0.03

V
ol

ta
ge

0.01 0.02 0.03
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ate;

ary;

rrectly sample the
information;

g rate to retain all

nt of a baseband,
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“Suitable” Sampling Rat
• From inspection of the above 100Hz digital wav

different sample rates:

• fs = 800Hz seems a reasonable sampling r

• fs = 3000Hz is perhaps higher than necess

• fs = 100Hz is too low and fails to co
waveform, and loses the signal parameter 

• fs = 80Hz is too low and fails completely

• From mathematical theory the minimum samplin
information is: 

greater than 2 x fmax

where fmax is the maximum frequency compone
bandlimited signal. 



N
If ch as sampling a 100Hz sine
w oks clearly like a sine wave.  

H  then this is high enough
to y be present from 0 to 100Hz
(a ary look correct...... but it is.

sample,k

4Hz

ple,k
otes:
 we sample at a rate that is much higher than the signal frequency/bandwidth, su
ave at 1600Hz, then the signal that can be viewed by simply joining the samples lo

owever when we sample the 100Hz sine wave at just above Nyquist, i.e. 
 mathematically retain all information about ALL sine wave components that ma
ctually 102 = ). But observing the join the samples view, it does not necess

A
m

pl
itu

de

N 15=

0 1 2 ...

Ts

Ts
1

1600
------------=

1
100
---------th sec

fs 20=

fs 2⁄

1
204
---------sec

sam

A
m

pl
itu

de

N 15=

0 1 2 ...

1
100
---------th sec
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 is identified as
t in a signal.

 around 0 Hz: 

:

fn

/Hz

fn 2fb=

f fh<

/Hz

fn 2fh=
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Signal Frequency Range Term
• Nyquist frequency/rate: The Nyquist frequency, 

twice the maximum frequency component presen

• Baseband: The lowest signal frequency present is

• Bandlimited: For all frequencies in the signal 

frequency
M

ag
ni

tu
de

 ⇒

fb0

fb bandwidth=

fl <

frequency

M
ag

ni
tu

de

fl fh

 ⇒

0

fl lowest freq=

fh highest freq=
fb fh fl–=



N
M led at greater than twice the
m red from the sample values
u mpled signal):

II s), hence as we will see later
w riginal signal.

time
otes:
ore precisely the Nyquist sampling theorem says that if a signal  was samp
aximum frequency component present, then the signal can be exactly recove
sing the interpolation rule (or convolving a (non-causal) sinc function with the sa

n practice true sinc interpolation is not possible to do (due to temporal contrant
e usually perform zero order hold followed by low pass filtering to recover the o

x t( )

x t( ) x kts( )h t kts–( )

k ∞–=

∞

∑= h t( )
πt ts⁄( )sin

πt ts⁄
---------------------------=

voltage
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Nyquist Sampling Rate
• If a baseband, bandlimited signal is composed of

a frequency  Hz, then

Nyquist frequency, 

• In we require to sample this signal and retain all in
sampling rate,  must be chosen as:

• This frequency is often refered to as the Nyqu
(distinct from the Nyquist frequency!).

fb

fn 2fb=

frequency/Hz

M
ag

ni
tu

de

fb

fs

fs fn   i.e.   fs 2fb>>



N
If
w
(a

H
to
s
b
b
- 
in

T  then sampling. Hence it is
a an be  rather than
th 0Hz (Note in this example for
s  signal and bandwidth to be
in pling rate will be greater than

dulation is implicitly done by
a

T DSP” activity at present with
re etic signal of interest (e.g. a
m cy of around 1 MHz and then
s  to point out however that the
s equivalent to  given that
th

freq/Hz1000000 1010000

fbw

f

freq/Hz

“Demodulated Signal”

fs 2fbw=

2

fmax
otes:
 a signal bandwidth is from 1,000,000 Hz to 1,010,000 Hz:
e might be tempted to suggest that the sampling frequency
ccording to the Nyquist criteria) is

. 

owever if we realise that we could “demodulate” this signal
 baseband and then sample, it would seem that we can find

ome mathematical justification that the direct sampling rate
e only . Because the signal is
andlimited, if we sample at 20000 kHz then the signal from 1
1.01 MHz will alias down to baseband and all signal
formation retained.

herefore we are effectively downsampling the signal by a factor of 50 and
ppropriate to state that the sampling frequency required to sample any signal c
at predicted by the Nyquist criteria. The above signal could be sampled at 2000

implicity we have carefully chosen the maximum frequency in the bandlimited
teger multiples of each other, in practice when this is not true the required sam

 in cases where demodulation to baseband is NOT performed, i.e. the demo
liasing.) 

his general process is called undersampling and is an area of considerable “
spect to “software radio” for communication systems where the electromagn
obile phone in the high 100’s MHz’s) is demodulated to an intermediate frequen

ampled at a frequency rate of the order of  rather than . It is important
ampler required to accomplish undersampling, requires a bandwidth capability 
e obtained sample is essentially an integration over . 

M
ag

ni
tu

de

s 2fbw 2 020 000 Hz, ,= =

M
ag

ni
tu

de

10 000,

fbw

fs 2fbw 20 000 Hz,= =

fbw

2fbw 2fmax

1 fmax⁄
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Aliasing
• When a (baseband) signal is sampled at a fre

Nyquist rate, then we “lose” the signal frequen
aliasing is said to have occured.

• Aliasing can be illustrated by sampling a sine 
Nyquist rate and then “reconstructing”. We note t
sine wave of a lower frequency 
(aliasing - cf. impersonating).

• Consider again sampling the 100Hz sine wave at 

Reconstructed signal has a freq. of fs - fsignal = 20H

V
ol

ta
ge

0.01 0.02 0.03



N
C l occur. Aliasing will manifest
a stem (without anti-alias and
re s a 4000Hz tone. Clearly this
is tem at a particular frequency
is en the system is NOT linear.)

C

C m illustrates that when we
re  shifted, and is now 180o out
o

F  the frequency of the aliased
c two slides.

time/s

0.001
otes:
learly if a signal has frequency components greater than  then aliasing wil
s distortion of a signal; for example if a 6000 Hz tone is input to a DSP sy
construction filters) and sampled at 10000Hz, the sampled signal is interpreted a
 non-linear behavior! (One of the simplest ways of testing the linearity of any sys
 to input a pure tone. If the output is not a pure tone (it may contain harmonics) th

onsider the following figure where we sample a 9000Hz tone at : 

learly this is above  and the 9000Hz will alias. The diagra
construct this signal we get a 1000Hz sine wave. Note that the phase has also

f phase, compared to the phase of the input at 9000Hz.

rom a knowledge of  and the input frequencies it is straightforward to establish
omponents for any input components above . This is presented in the next 

fs 2⁄

fs 10000Hz=

A
m

pl
itu

de

1
10000
---------------s

1
1000
------------sec

0.0001 0.005

0

1
9000
------------s

9000Hz sine wave

Aliased 1000Hz sine wave

fs 2⁄ 5000Hz=

fs
fs 2⁄
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ms: 

e Out 100Hz +
250Hz +
400Hz

e Out 100Hz +
250Hz +
400Hz

e Out
100Hz +
250Hz +
400Hz

o (t)

o (t)

o (t)
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Aliasing Examples
• Consider the output from the following three syste

Sampler

Voltage In Voltag

fs 1000Hz=

“Reconst”
100Hz +
250Hz +
400Hz

Sampler

Voltage In Voltag

fs 1000Hz=

“Reconst”
900Hz +
750Hz +
600Hz

Sampler

Voltage In Voltag

fs 1000Hz=

“Reconst”
1100Hz +
1250Hz +
1400Hz

w(t)

x(t)

y(t)

w

x

y



N
If tion you cannot be sure what
th

C input signals with frequencies
b

O  are aiming to demodulate a
s nconversion could be used
to ly 20000 samples per second
(a interval that is commensurate
w

If same “shape” at baseband
fr

freq/Hz70

z

freq/Hz70
otes:
 you are viewing the output signal only, after sampling then a suitable reconstruc
e input signal given that aliasing may have occured.

learly the above system sampling at 1000Hz would be best limited to only have 
elow 500Hz.

f course sometimes aliasing can be exploited in situations where perhaps we
ignal. As we will discuss in the Software Radio section of notes, direct digital dow
 “demodulate” (or alias down) from between 60 and 70kHz to 10kHz by taking on
lthough the front end of the ADC must still be capable on integrating over a time 
ith the signal bandwidth). 

 this signal is appropriately bandlimited, the output signal will alias to the 
equencies:

A
m

pl
itu

de

fs/2 fs

10 20 30 40 50 60

10kH

A
m

pl
itu

de fs/2 fs

10 20 30 40 50 60

10kHz
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25 2π400tsin

25– 2π600tsin

25 2π1400tsin+

O ALIASING

ALIASING

ALIASING
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Aliased Spectra

freq/Hz

M
ag

ni
tu

de

fs = 1000

wo t( ) 100 2π100tsin 50 2π250tsin+ +=

freq/Hz

M
ag

ni
tu

de

xo t( ) 100– 2π900tsin 50– 2π750tsin +=

freq/Hz

M
ag

ni
tu

de

yo t( ) 100 2π1100tsin 50 2π1250tsin+=

Aliased spectrum

Aliased spectrum

Signal spectrum

N

Signal spectrum

Signal spectrum

Sampling frequency, fs = 1000Hz

fs = 1000

fs = 1000



N
If

c
s
s

O

6
c
w
4

S
s
a
n
a
c

W

freq/Hz
2π250t 25 2π400tsin+

freq/Hz
2π750t 25 2π600tsin+

freq/Hz
2π1250tn 25 2π1400tsin+

ignal spectrum

Signal spectrum

w

x

otes:
 we sample a sum of a few sine waves signal,

 at 1000 Hz we adhere to the Nyquist
riteria. We can represent the signal to be
ampled as a simple (sine wave amplitude)
pectrum: 

f course if we had sampled the the signal
 (i.e. sine waves at 900Hz, 750Hz and

00Hz at 1000 Hz), then because Nyquist
riteria is not preserved, all of these sine
aves will alias respectively to 100, 250 and
00 Hz components. 

imilarly if we sampled the signal  (i.e.
ine waves at 1100Hz, 1250Hz and 1400Hz)
t 1000 Hz, then because Nyquist criteria is
ot preserved, all of these sine waves will
lias respectively to 100, 250 and 400 Hz
omponents. 

e can then of course note the “pattern” of spectrum aliasing as shown below: 
A

m
pl

itu
de

1000
w t( ) 100 2π100tsin 50sin+=

A
m

pl
itu

de

1000

x t( ) 100 2π900tsin 50sin+=

A
m

pl
itu

de

1000
y t( ) 100 2π1100tsin 50si+=

Aliased spectrum

Aliased spectrum

S

t( )

t( )

y t( )

freq/Hz

A
m

pl
itu

de Baseband spectrum

fsfs 2⁄
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 frequencies above
 lower frequencies,
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P
 

P
rocessor

requency

ADC

fs
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Anti-Alias Filter
• Prior to the analogue to digital converter (ADC) all

fs/2 must be blocked or they will be interpreted as
i.e aliasing.

• The anti-alias filter is analogue (ideally a brick w
just before fs/2 Hz.

Analogue 
input voltage

Analogue 
Anti-Alias Filter

frequency

M
ag

ni
tu

de

fs/2 f

M
ag

ni
tu

de

fs/2freqfs/2

+
−

etc....
A

tte
nu

at
io

n



N
C esigner must compromise to
p o ideally have linear phase.
T

0 nd therefore .

-4 .

on

cy 

Vout Vin=

0.01Vin
otes:
learly brick wall filters cannot be implemented, and therefore the analog filter d
roduce a filter “enough” roll-off, attenuation etc. The filter designed should als
herefore the work of the anti-alias designed is less than trivial!  

dB corresponds to an attenunation of 1, i.e., if , then  a

0dB corresponds to , then  and therefore 

0 -3dB cut off

fc
3dB cut off frequency

Roll off rate in dB/decade or dB/octave

Stopband attenuati

frequen

A
tte

nu
at

io
n 

(d
B

)

-40

20
Vout
Vin

------------log 0=
Vout
Vin

------------ 1=

20
Vout
Vin

------------log 40–=
Vout
Vin

------------ 0.01= Vout =
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econstruction filter 
removes the high 
frequency signal 
components. .

freq2
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Reconstruction Filter
• The analogue reconstruction filter at the output of a

baseband image high frequencies present in the s
steps between the discrete levels).  

y(t)

time

Voltage

“Steppy/staircase” 
output ananlogue 

voltage from DAC

R

freqfs/2 fs/

Analogue 
Reconstruction 

Filter

freqA
tte

nu
at

io
n

fs/2M
ag

ni
tu

de

M
ag

ni
tu

de

+
−

etc....



N
N lter is in fact a sinc function

N
p

w
th

fc

Roll off rate = ∞

frequency

time
otes:
ote that the (time) impulse response (discussed later) of the perfect brick wall fi

ote that the (time) impulse response (discussed later) of the
erfect brick wall filter is in fact a sinc function:

hich starts at  and ends at . Hence the existence of
e sinc interpolation process.

0dB

A
tte

nu
at

io
n

πt ts⁄( )sin
πt ts⁄

---------------------------

t ∞–= t ∞=

ts0-ts

1

2ts-2ts
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n: 

” near fs/2.

time

freq5fs

 ZOH circuit
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Zero Order Hold (ZOH) “Fil
• Note that the operation of zero order hold can b

simple “reconstructing” frequency filtering operatio

• The step reconstruction therefore causes a “droop

time

Voltage

0.01

0.02

-0.01

-0.02

0

Binary

1
2
3
4

-1
-2
-3
-4

0 ZOH

Value
ts fs

fs 2fs 3fs 4fsfs /2

Frequency shaping characteristic of

A
tte

nu
at

io
n

1

2/π

HZOH f( )
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T t the impulse response is:

a urier transform;

H requency  by a factor of:

T
li
c
v
w

In ossible a close to ideal brick
w duce a digital filter before the
D lly in the modern DSP world,
o

πftsin
πfts

----------------e j– πfts

fs 2⁄

frequency

Frequency response of 

fs 2⁄

ideal reconstruction filter.
otes:
he frequency response of the ZOH circuit can be calculated by simply noting tha

nd finding the frequency response (as shown in diagram in above slide) via a Fo

ence the ideal reconstruction filter should compensate for the “sinx/x” “droop” at f

. 

herefore the magnitude response for “perfect” reconstruction (a
near phase response is also ideally required) is a filter that
ompensates at  with a gain of 1/0.637 = 1.569; above this
alue, all frequency components should be attenuated (in a brick
all fashion!). 

 practice of course such an analogue filter will not be produced, and as far as p
all filter will be used. In order to compenstate for the droop, we can actually intro
AC to amplify the signal with the above inverse droop characteristic! And fina
versampling will be used to reduce the analogue complexity (see later....)

1

time

Impulse response of ZOH pulse

hZOH t( )

ts

HZOH f( ) 1.e j– 2πft td
0

ts
∫

1
j2πfts
--------------- 1 e j– 2πfts–[ ] ejπfts e j– πfts–

2j πfts( )
------------------------------------ e j– πfts

s
--= = = =

2 π⁄ 0.637= 20 0.637log≡ 3.92 dB–=

1
HZOH f( )

fs 2⁄
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t frequency fs/2. In
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many applications,
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Anti-alias and Reconstruct
• Anti-alias and reconstructions filters are analogu

resistors, capacitors, amplifiers, even inductors.

• Ideally they are both very sharp cut off filters a
practice the roll off will be between 6dB/octave (a 
capacitor) to 96dB/octave (a 16th order filter). 

• Steeper roll-off is more expensive, but clearly for 
good analogue filters are essential.

• In a DSP system the accurately trimmed ana
actually be more costly than the other DSP com
processor, ADC, DAC, memory etc.

freq
M

ag
ni

tu
deG(f)

Filter gain roll-off

Cut-off frequency

Pass
band



N
O  introduction of oversampling
(a duce the cost of the analog
c  With the reduction in cost of
re se oversampling ADCs and
D

otes:
ne of the key changes in signal processing over the last few years has been the
nd sigma delta) DSP systems. The key strategy behind oversampling is to re

omponents at the expense of more DSP processing and higher sampling rates.
liable easy to fabricate DSP systems, more modern DSP implementations u
ACs. Oversampling is discussed later in the multirate section of the course.
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Perfect Nyquist Samplin
• The Nyquist sampling theorem states that a (base

sampled at greater than twice the maximum fre
present in the signal:

• The sampled signal can then be perfectly reconstr
analogue signal with no added noise or distortion.

fs 2 fmax×>

V
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time, t
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0
Volts

fs

to Real 
Number

s(t) v(n)

v n( ) s nts( )=   for n, 0 1 2 …, , ,=



N
In  voltage of 1.10233 is output
a m is: 

C

Voltage 
Input
otes:
 the above example the “converter” produces a real number value, i.e an input

s the real number 1.10233. Therefore the input/output characteristic of this syste

learly such real number “converters” do not exist.

R
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lN
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ut
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t

16
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led data values are
ice they are not, as

pled data value is
e:

ror.

sample, n

ts

2 …,
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ADC Sampling “Error”
• Perfect signal reconstruction assumes that samp

exact (i.e. infinite precision real numbers). In pract
an ADC will have a number of discrete levels.

• The ADC samples at the Nyquist rate, and the sam
the closest (discrete) ADC level to the actual valu

• Hence every sample has a “small” quantisation er
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0.25
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time
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ADC

fs

V
ol

ta
ge

B
in

ar
y 

va
lu

e

v(n)^

v̂ n( ) Quantise s nts( ){ }=   for n, 0 1, ,=



N
F tion and maximum/minimum
v

In , however our ADC quantises
to

olts Voltage 
Input
otes:
or example purposes, we can assume our ADC or quantiser has 5 bits of resolu
oltage swing of +1 and -1 volts. The input/output characteristic is shown below: 

 the above slide figure, the second sample, the true sample value is 1.589998...
 a value of 2.

B
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O
ut
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t

0.125 volts

Vmax = 1 v

01111 (+15)

10000 (-16)

Vmin = 1 volts
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Quantisation Error
• If the smallest step size of a linear ADC is q volt

any one sample is at worst q/2 volts.

B
in

ar
y 

O
ut

pu
t

q volts

Vm-Vmax

01111 (+15)

10000 (-16)
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T

w

T

T

B  approximately 48 dB.
otes:
he quantisation error is straightforward to calculate from:

here N is the number of bits in the converter.

he dynamic range of an  bit converter is often quoted in dBs:

herefore an 8 bit converter has a range of

inary 10000000 to 01111111, or in decimal -128 to 127 has a dynamic range of

q
Vmax
2N 1–
--------------=

N

Dynamic Range 20log102N 20Nlog102 6.02N= = =
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Quantisation Error in a Sig
• The ADC output, , can therefore be modell

sampled signal, , plus a quantisation error sig
v̂ n( )

v n( )

1

2

-1

-2

0

v(n)

e(n)

v(n)

q/2

-q/2

^

v̂ n( ) v n( ) e n( )+=



N
T

T  quantiser as a linear additive
n

W here  and
r the actual quantiser it is not

p t/output. (Later in the course
(D ssumption is not actually
g

nary

v̂ n( )
mples out

mples out

v̂ n( )

ary

v̂ n( ) v n( ) e n( )+=
e

otes:
he actual ADC can be represented by a sampler and a quantiser:

he quantisation error of each sample is in the range  and we can model the
oise source.

e can therefore use this as a simple linear equation model of our quantiser w
 is a white noise source uncorrelated with the input signal . Note that fo

ossible to write a simple set of mathematical equations to describe/define its inpu
ithering) we will see that the “uncorrelated white quantisation noise” a

enerally true.....but thats for later and is a reasonable assumption for now.)

Voltage In

s t( )
Analogue to Digital Converter

Sampler BiQuantiser

v n( )
Voltage out Sa

q 2⁄±

Sampler
Voltage In SaVoltage out 

Analogue to Digital Converter

e n( )

s t( ) v n( )

Bin
Voltage out 

n( ) v n( )
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Quantisation Error PDF
• Assuming the ADC rounds to the nearest digital l

error of any one sample is q/2 volts.

• If we assume that the probability of the error being 
between +q/2 and -q/2 is equally likely then the
function (pdf) for the error is flat.

(In practice the quantisation error will be somewhat correlate
particularly for low level periodic signals. This will be discussed a
dithering section).

p e( )

q/2-q/2 e

1/q
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B f the output values to confirm
th

F ted over the range -1 to 1 and
w serving, say 10000 samples
th

T  have been in the range 0 to
0 m noise source, then as we
re mber, the pdf is as shown in
th

U

(.)
otes:
y taking a uniformly distributed random variable, we can produce a histogram o
e probability density function (pdf). 

or example, if a signal source outputs a random variable that is uniformly distribu
e take outputs and plot a histogram for ranges of 0.2, we may note that after ob
e histogram of output values is: 

he histogram is straightforward to interpret, e.g. in the last 10,000 samples, 983
.2. In the limit if the signal is truely generated by a uniformly distributed rando
duce the interval width to 0, and increase the no. of samples to an infinite (!) nu
e slide.

se SystemView to calculate the PDF of a Gaussian noise generator.

x-0.2-0.4-0.6-0.8-1.0 0 0.2 0.4 0.6 0.8 1.0

Frequency of occurence of x(.)
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500
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 resistor for a 1Hz
:

equency range 0 to
nterest that is being

q– 2⁄

q 2⁄ q2

12
------=

equency (Hz)

(f)
uantisation Noise

theoretical only)
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Quantisation Error Power (Sta

• Consider the noise power or variance (in a 1 ohm
sampling rate) of the quantisation error signal from

• The quantisation error, , will extend over the fr
fs /2. , i.e. the full baseband. If  is the signal of i
quantised, then: 

nadc e2p e( ) ed
∞–

∞

∫ e2p e( ) ed
q– 2⁄

q 2⁄

∫
1

3q
------e3= = =
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ELow level signals 
may be masked by 
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----------------
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V̂ f( ) V f( )  += E f( )
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Return
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T ngeably within DSP. Strictly
s  its true value. Extending this
w e error samples - this signal
d es. Collectively we then often
re ise signal”. Arguably the term
n able to remove by filtering.
Q nal has been quantised there
is

Q erage)

T l average. Taking  samples
(w

N

arge N

sample

sample

q2/12
Average
otes:
he terms “quantisation power” and “quantisation error” are often used intercha
peaking the quantisation error is the error between one quantised sample, and
e have the quantisation error signal which is a time versus voltage signal of th
oes, of course, not actually exist and is only one that we use for analysis purpos
fer to the quantisation error signal as the “quantisation noise”, or “quantisation no

oise is usually restricted to a signal “noise”, which we might expect to be 
uantisation “noise” is more correctly termed quantisation “distortion” - once a sig
 NO inverse process.

uantisation Noise Power (Time Average - compare to above Statistical Av

he noise power can also be calculated from a time average rather than a statistica
here  is large) of the quantisation error, the average power is simply:N
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ntised signal spectrum

E f( )+
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Quantisation Spectra
• After quantisation the signal spectrum will be:

 [ recall 

• The quantisation noise will therefore obscur
components of interest in the true signal spectrum

• Compare to previous spectrum on .
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F  of the quantiser: 

T ted as:

A r the above ADC with voltage
in  i.e. a sine wave of amplitude
1 . Therefore the maximum
S

F

2
N

------

4.77 dB

2⁄

3
2
--- 6.02N 1.76+  dB=
otes:
or an N-bit signal, there are  levels from the maximum to the minimum value

herefore the mean square value of the quantisation noise power can be calcula

nother useful measurement is the signal to quantisation noise ratio (SQNR). Fo
put levels between -1 and +1 volts, if the input signal is the maximum possible,
 volt, then the average input signal power is: 
QNR is: 

or a perfect 16 bit ADC the maximum SQNR can be calcuated to be 98.08 dB.
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some “jitter” on the
 error.

ffset, and therefore
ill be in error.

ing Clock Jitter

ing Clock Jitter
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Timing Jitter Error I
• Note that when a signal is sampled there may be 

sampling clock which will cause additional sample

• With jitter each sampling instant may be slightly o
the sample value obtained and sent to the DSP w

time
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time
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No Sampl

With Sampl
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Conclusions

• This session has introduced them fundamental con

• Sampling Theorem;

• Quantisation error and noise model;

• Aliasing and Reconstruction;

• The Generic DSP System 
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