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How to use the QEDesign/DSPworks demo
What is on the disk?

The demonstration disk contains a reduced but working copy of both tigEDesign and DSPworks software
packages.

Installing the demonstration:

The software on the disk isin a compressed form, and must be installed to run with MicrosoftWindows. The
installation will put the demonstration software in a directory of your specification, and install a Windows group and
iconsfor thedemo. Toinstall the demo, follow these steps:

< Insert the disk in the floppy disk drive (if applicable)
= Type:

drive:\path\setup

then press the enter or return key

The installation process is automatic, and will ask you to confirm the location for the demo files. Theinstallation
will not work if you have insufficient disk space (about 1.5Mbytesis required).

GINote: Thedemo installation procedurewill NOT changeyour AUTOEXEC.BAT file.
The QEDESsign/D SPworksDemo Windows group with th&QEDesign and D SPworksicons will then appear.

Starting the QEDesign demonstration:
To run the demo, simply point and double-click on th@EDesign or DSPworksicon

The appropriate winabw will open with menu titles appearing at the top of a blank workspace

QEDesign

QEDesign designs and analyzes digital filters. Some features @EDesign are not implemented on the
demonstration disk. Filters designed bQEDesign can be turned into assembly language code for various DSP
processors, by using an optional 'code generator'.

QEDesign can also be used to analyze the transfer functions of digital systems.
With this demonstration software you can:

0 design and analyzeFIR filters

0 design and analyze lIR filters

0 analyzethetransfer function of adigital system
A package for designing digital filters

The QEDesign software provides an easy to use, intuitive menu-driven system for designing and analyzing digital
filters. Thisdemo runs under Microsoft Windows although, aDOS version is also available. Benefitsinclude:

operation through simple menus witimouse control
design and analysis of FIR and IR filters, with an extensive selection of filters available

analysis of Z-domain and S-domain transfer functions

o o o o

design of arbitrary magnitude response filters
0 analysisof the effects of coefficiemuantization

With an optional code generatorQEDesign can generate highly efficient filter code in assembly language for most
DSP processors.
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Basic Principles

QEDesign works as a standard Microsofd Windows application. These instructions assume some familiarity with
Windows operations, but guide you through the operations step by step. If you are a complete Windows novice, you
would benefit from some practice with Windows before using the demo.

Main Menu bar and pull-down menus

The main menu bar consists of the following options:

File to load previously stored filter or system
analysis specifications

Window standard Windows operations to select
graphics presentation

Design to specify the desired filter
characteristics

Analysis to analyze the S-domain or S-domain

Options Various options

Start immediately starts the filter design and
displays the results

Selecting the plots for analysis

QEDesign allows you to choose the analysis plots to view during filter design. For all these examples we will
choose to view all plots. QEDesign will display only the plots that are relevant to the method of filter design
currently in use.

& Click on theWindow menu to choose the plot options
& Click on Select Plots to choose the plots for viewing

& Select al plots by clicking against the line until an X appears

Designing an FIR filter

In aFinite Impulse Response (FIR) filter, each output sampleis afunction only of the current and previous input
samples. Previous output samples do not affect the current output sample. Thereis no feedback, so FIR filtersare
aways stable. There are several design methods for FIR filterQEDesign supports the most useful - window
design andequiripple (also called ParksMcClellan) design.

FIR design with window method
Why are we doing this?

This example introduces some oQEDesign's features by designing FIR filters using the window metho@EDesign
provides alarge number of window functions from which to choose: each window has its own advantages and
disadvantages.

In this example, we will design dowpass filter using a Kaiser window. The Kaiser window designs an FIR filter
whose characteristics approximate those of an analoButterworth filter.

An Aside:

The window method of filter design is based upon the Fourier series. It is possible to represent a frequency function
as aFourier series, whose coefficients represent the coefficients of thefilter. Toform acausal filter, the Fourier
seriesistruncated and shifted. Truncating the Fourier series causes a phenomenon called ti@ibbs effect”; a spike
occurs wherever thereis adiscontinuity in the desired magnitude of the filter. To counteract this, the filter
coefficients areconvolved in the frequency domain with the spectrum of a 'window' function - thus smoothing the
edge transitions at any discontinuity. This convolution in the frequency domain is equivalent to multiplying the filter
coefficients with the window coefficients.
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Selecting the filter design method
& Click on theDesign menu to choose the filter design method
&  ChooseFIR Design (Windows)

ThissetsQEDesign to design FIR filters using the window method.

Choosing the filter type

The example filter is a Kaiser windowlowpass locpees [l

filter with an 800 kHz cutoff frequency, a
stopband from 1600 Hz and a 50 dB

attenuation. It isdesigned for asampling Passband Frequency  [g00
freguency of 8 kHz, ripple in thgassband

isallowed to be up to 1 dB. Stopband Frequency

Sampling Frequency 8000|

& Click on theDesign menu to choose All Frequencies are in

thefilter type.
Passband F.lilllmle lgBl R

]

#  Choose aL owpassfilter

Stopband Ripple 1dB1 50
A dataentry screen appears. for you to enter the [Mini Attenuation)
desired filter characteristics. Set these as shown =] [Accept_] [[Cancel |
on theright.

< Start thefilter design by clicking orstart

Choosing the window function

QEDesign supports awide selection of window functions. These are listed in a scrolling window after you click on
the Start button.

The available window functions include:
0 Rectangular

Hanning i

Blackman \ I

Harris Flat top A

3 term cosine

Minimum 3 term cosine

4 term cosine

Minimum 4 term cosine =

Kaiser

Dol ph-Tschebyscheff

Taylor

Gaussian

Triangular

Hamming e S T T

Exact Blackman @ L I ———

Good 4-termBlackman Harris

3 term cosine with continuous 3rd derivative

4 term cosine with continuous 5th derivative

11 1
A A

Ooooooooooooooooag

O

The Kaiser window is near the bottom of thelist.

< Scroll down thelist by clicking on the bottom of the vertical scroll bar

@ Select theKaiser window

QEDesign calculates thefilter coefficients and displays the characteristics in the plots we sel ected.

Each plot can be moved, resized and closed as normal for a MicroséftWindows application.
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Tiling and Cascading the display windows
& Open theWindowsmenu

&  SelectTileto seethetiled display

& OpentheWindowsmenu again

&  Select Cascadeto see the cascaded display

Each window can also be placed and sized manually.
FIR design with Equiripple method
Why are we doing this?

This exampleillustrates howQEDesign can design FIR filters using théequiripple method. This method has some
advantages (and some disadvantages) over the window method. It also demands very high numerical precision, so
QEDesign uses 64-bit double precision arithmetic for al calculations.

In this design we will design dandpass filter with theEquiripple method and analyze its response.
An Aside

The window design method starts with an infinite (in practice, very long) seriesthat is truncated to the desired length.
Coefficients beyond the truncation are simply ignored. The window removes even more information. The
Equiripple method optimizes the series for a given number of coefficients. The method, first programmed by Parks
and McClellan in FORTRAN, uses an optimization algorithm called thRemez exchange algorithm. Instead of
describing the coefficients by a Fourier series, they are described using a polynomial series. This design method
allows sharper transitions with bettestopband attenuation than the window method - but there isaripplein the
passband. Thistype of design normally producesquiripple designs, where the ripples in thpassbands and

stopbands are of equal height within any one band.

Selecting the filter design method

& Click on theDesign menu to choose the filter design method
&  SelectFIR Equiripple Design

This setsQEDesign to design FIR filters using théequiripple method.
Choosing the filter type

The example filter is abandpass filter with gpasshand from 900 Hz to 1100 Hz stopbands up to 800 Hz and above
1200 Hz, and a 45 dB attenuation. It is designed for a sampling frequency of 6 kHz. Ripplein tpassband is
alowedtobeupto1dB

& Click on theDesign menu to select

thefilter type Bandpass Filter
& Select aBandpassfiIter Sampling Frequency 6000

A data entry screen appears for you to

A . 7 Passband Frequency 900 1100

enter the desired filter characteristics. | | | |
Enter these as shown on the right Stopband Frequency  [000 | [1200 |
& Start thefilter design by clicking on Al Frequencies arc in [Herz___ [9]

Start

Passband Ripple [dBI |—]
Stooband Ripole (4B [pe—
[ Stan_] [_Accept | [_Cancel |
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Modifying theequiripple filter characteristics

QEDesign lets you specify the number of taps and choose functions for the shape of the transition bands. These
parameters will modify the basi€Equiripple characteristic. QEDesign can also designantisymmetric FIR filters.

QEDesign can create FIR filters that are symmetric oantisymmetric. Forbandpass filters, the shape of the
transition bands can be specified to be araised cosine, or aroot raised cosine.

A choice of transition band is only allowed fdoandpass filters.
In this example we accepQEDesign's suggestions which are:
093 taps
OSymmetric FIR filter
OUnconstrained transition band
[J0 dB stopbandsidel obe attenuation
An Aside

AlthoughQEDesign alows you to designantisymmetric filters for all filter types, in practice the only usable
antisymmetric filters arebandpass and even ordehighpass filters: for example, dowpassantisymmetric filter design
will have a magnitude of zero at DC.

& Click on theOK button to start thefilter design.
QEDesign calculates thefilter coefficients and displays the chosen analysis plots.
An Aside

The equiripple design method uses an optimization algorithm and so may fail to meet specifications in some cases.
Typicaly, the gain will exceed 1.0 even though this was specified asthe maximum gain. The magnitude and log
magnitude plots will show how far from the desired value theresult is.

Common causes for failure to meet specifications are:

O Too narrow transition =] QEDesign - Digital Filter Design H!
band Flle Window Design Analysis Opfions Start Codegen
a og Magnitude(dB M =| Impulse Response oe

O  Very narrowpassbands

&

O  Very narrowstopbands

-20dB;

4314E-

O  Non-symmetric pass and

stopbands i

) 0 V]

o ! U

o T ST .
i 4312 Y

dB| :

T I N S S S NN S N IT 2 R U : U '
0 600 1200 1800 2400 3000 0 3.067 6.133 9.2 12.21 15.33
FREQUENCY[HERTZ) TIME [MILLISECONDS)
=‘ Step Response M =| Magnitude v|s
2.00, 1

1.50

1.00

il i 1 1 1 1 1 i 0001 | | 1 i i j
U%.@ﬂ 19.93 299 39.87 49.83 1 600 1200 1800 2400 3000

TIME (MILLISECONDS) FREQUENCY[HERTZ)
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IR filter design
Why are we doing this?

This example shows howQEDesign is used to design | IR filters. QEDesign provides five analog filter prototypes
and three methods for transforming them from the anal og to the digital domai@EDesign also provides anallpass
filter where the group delay can be specified as an arbitrary function: thisfilter isdesigned directly in the digital
domain. In thisexample, we will design &andpass filter by taking a classic analog filterButterworth) and mapping
thisinto the digital domain.

An Aside

In an Infinite Impulse Response (11 R) filter, each output sampleis afunction of previous output samples, aswell as
of the current and previous input samples. The transfer function for such afilter has both poles and zeros. For the
filter to be stable, the poles must be inside the unit circle. IR filters can be designed in the analog domain (s-plane)
using analog filter prototypes and then mapped into the digital domain (the z-plane); or they can be designed directly
inthedigital domain.

Selecting the filter design method.
& Click on theDesign menu to choose the filter design method
& Choosel IR Design

This setsQEDesign to design I IR filters

Choosing the filter type

The example filter is aBandpass filter, with gpassband from 900 Hz to 1100 Hzstopbands up to 700 Hz and above
1300 Hz, and a 25 dB attenuation. It isdesigned for a sampling frequency of 6 kHz. Ripplein thassbandis
alowed to be up to 3dB. Sincewe are going to design Butterworth filter, and thepassband of aButterworth filter
isby definition flat, the 3 dB should be taken to specify the maximum attenuation of the edges of flassband as the
filter startsto roll off.

& Click on theDesign menu to
choose the filter design method

&  Select aBandpassfilter

A data entry screen appears for you to
enter the desired filter characteristics. Bandpass Filter
Enter these as shown on the right

@ Start the filter design by clicking Sampling Frequency 6000

on Start
Passband Frequency ‘gnn | |11|]|] ‘
Stopband Frequency ‘BI]I] | |12|]|] ‘
All Frequencies are in E
Passband Ripple [dB]

[Maximum Attenuation)
Stopband Ripole [dB) ’45—‘
[Minimum Attenuation)
| Start I | Accept | | Cancel |
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Choosing the analog filter prototype
QEDesign lets you choose the analog filter prototype. Y ou can also specify afilter order if you wish.

The analog prototypesfor IR filters are:

O Butterworth 0 Bessel
0 Tschebyscheff O InverseTschebyscheff
O Elliptic

In this case we will select aButterworth filter, and acceptQEDesign's suggestion for the filter order.
@ Click on theButterworthfilter line to choose aButterworth filter

& Click on theOK button to start the design

QEDesign calculates thefilter coefficients and displays the chosen analysis plots.

For an IR filter the Pole/Zero plot is of interest.

An aside

The Butterworth filter is maximally flat, and shows a linear phase response in tiassband.

Note that QEDesign allows you to choose between the bilinear transformation and the impulse invariant
transformation methods for transforming from the analog filter prototype to the digital domain. The transformation
method and some other useful options, are selected from tl@ptionsmenu.

QEDesign - Digital Filter Design
File Yindow Design Analysis Options Start Codegen

Log Magnitude([dB)

=| Step Response

0dB,

-20dB-

-40dB;-

-60dB;- 19.93 29.9 39.87 49.

7.330E-2

[1] 600 1200 1800 2400 3000 3.665E-2|

FREQUENCY[HERTZ) FREQUENCY[HERTZ)

0|

=| Group Delay =| Poles and Zeros

-3.665E-2

-7.330E-2

1.24E-2;-

8.26E-3;-

A13E-3;-

600 1200 1800 2400 3000
FREQUENCY[HERTZ)

1200 1800 2400 3000
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Checking the effects of Quantization
Why are doing this?

This example shows howQEDesign enables the user to analyze the effects of finite word length when afilter is
implemented on a particular processor. We will analyze the effects ghiantization for a 16-bit processor, on the
Butterworth filter we just designed.

QEDesign lets you choose between a floating point or fixed point realization.

In floating pointquantization, all the coefficients will have the same number of bitsto represent their fractional part.
This represents the best possible implementation on a processor of given word length. In fixed pojurntization, the
number of bits representing the smaller coefficients isless than the number of bits representing the larger coefficients.
Thisisthe moretypical case for implementation on afixed point processor, with no attempt to simulate floating point
or block floating point arithmetic.

An Aside

If afilter isto be implemented using a particular processor, the coefficients will have to baantized' to the word
length of that processor. Quantization perturbs the location of the poles and zeros. There are also effects from
limited precision arithmetic, and a need to scale the coefficients to avoid overflow.

In this example, we will choose to simulate the effects afuantization using a 16-bit fixed point processor realization
of thefilter.

& Click on theOptionsmenu to choosequantization options

& Click on theQuantized coefficientsto selectquantization

Wewill investigate the effects of implementing this filter on a 16-bit processor.

< Onthe Number of Significant Bitsline, entell6 to specify the word length

& Click onFixed Point Fractional Quantizationto choose afixed point implementation
Selecting the practical implementation

QEDesign lets you choose from various methods for the practical implementation of the filter. We will choose to
simulate the filter asa'Direct
Form I' implementation (thisisthe

transpose of Direct Form, henceits - IIR Quantization Analysis

nameinQEDesign. Input Noise Power [dB) -155.28621

@  Click onCascade Transposed Output Noise Power [dB] -135.30814
Second Order Sectionsto choose Moize Power Std Deviation 1.7162997e-07
the implementation method Mumber Of Significant Bits 21

SHR before Signal Scaling [dB]126.4326

@ Click onOK to select the SNR after Signal Scaling [dB] 111.32088

quantization options

% Click ontheStart button

QEDesign calculates the effects of
quantization and displays the chosen
analysis plot. For thisexamplethelIR
Quantization Analysis plot is of interest.
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Digital Signal Analysis
Why are we doing this?

This example shows howQEDesign can be used to analyze the transfer function of adigital systemQEDesign can
calculate the phase and frequency response; the impulse and step response; the pole/zero locations; and the group
delay. Inthisexample, we will analyze a system transfer function which is specified as an FIR filter.

Selecting Z or Sdomain

QEDesign can accept transfer functions specified in the S-domain (analog transfer functions), or in the Z-domain
(digital transfer functions). If the transfer function is specified in the S-domain, it isfirst digitized. In thisexample,
we will analyze atransfer function which is specified in the Z-domain. For the sake of simplicity, we will choose to
analyze a transfer function which is specified as a symmetric FIR filter. Thisalso lets us enter aminimum of datato
specify the transfer function.

& Click on theAnalysismenu to select S or Z domain analysis

& Click onZ Domain to choose Z domain input
Choosing how the transfer function will be specified

The transfer function can be specified in anumber of ways. If the transfer function is specified in the Z-domain, then
it can beinput as:

& Ratio of polynomials &  Symmetric FIR Filter

&  Polesand Zeros & Antisymmetric FIR filter

@ Product of second order sections

& Click on theAnalysismenu to select how the transfer function will be entered
& Click onSymmetric FIR Filter to choose the transfer function specified as an FIR filter

In this example, the FIR transfer function is specified for a sample rate of 8 kHz, and consists of 16 coefficients.

& Click on theAccept button to
confirm the entered parameters Z Domain Analysis

FIR Filter - Symmetric Input
O Each of the different methods for

spe_cifying the transfer function has Sampling Frequency 20T
their own data entry screen.
Entering the transfer function Sampling Frequency is in

Since this transfer function is specified as an FIR filter, Number of Taps
QEDesign provides a screen to enter thefilter coefficients.
For asymmetric FIR filter, we only need enter
half the coefficients (another reason we chose this
example).

QEDesign - Digital Filter Design - [Log Magnitude(dB)]
| File_Window Design _Analysis _Options _Start _Codegen

The coefficients for this example are
entered as follows:

H( 1) = .1495361328E-01 = H( 16)
H( 2) = -.4577636719E-02 = H( 15) \
) = .3570556641E-01 = H( 14) \
I

H( 4) = - 4891967773E-01 = H( 13)
H( 5) = -.1205444336E-01 = H( 12)
H(6)= .8135986328E-01 = H( 11) oY
H( 7) = .1974792480E+00 = H( 10) | ” U
H(8) = .2779846191E+00 = H( 9) T

1004
T

500 600 2400 3200 000

& Click on theAccept button

FREQUENCY(HERTZ)

QEDesign calculates the characteristics of the el e

system and displays the chosen analysis plots. Stoam Coaf Froquney_ 600,00 Nurber oftape: 17
Sampling Frequency 8000.00 QEDesign 1000
Quaniation 24 it Fecd Poin Fracianal bopenur Doty Svvin
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This section will demonstrate how to interactively move the poles and zeros of an | IR design. For convenience, we
will design a standardBandpass filter and then copy these poles and zeros and move them to change the design.

& Under theDesign menu, selectlIR design.

&  SelectLoad Filter Specificationgunder theFile menu.

& Select theBandpassfilter and click onStart to initiate the design.

@ Click OK on thefilter order screen

The plot for thebandpass filter will display at this point
& Under theDesign menu, selectPole/ZeroDesign
& The panels displayed on this page will then appear

& Select Polar on the Pole/Zero Toolbox to display
the Pole/Zero diagram in polar coordinates

& Click the Copy button on the toolbox to copy the
bandpass design onto the Pole/Zero diagram

& The operation modeis currently in "move" mode. A
Pole or zero can be selected by placing the cursor over
the desired Pole or Zero and pushing the left button
down, hold the left button down to move, upon
releasing the left button, the responses will be
automatically recomputed.

& To zoom the Pole/Zero diagram about a specified point,
place the cursor at the desired point and click the right
button.

Cancel

Zero Index [l
Real 0.78763737 Radius 1.2466327
limaginaryl 0.96629213 Angle 0.88690778

PolefZero Priority
Poles File Operations

O Zeros
O Equalizer Pole
Grid Selection

O Rectangular

@ Polar

Operation Mode

) Add
O Delete
@ Hove;

Olﬁelecrt

Clear

Copy |
Save |

Sampling Frequency 6000 Zoom Mode
@ Hertz(}I Radians/second @ Zoom In
O Zoom Dut

Gain Multiplier: 0.0034441529

= Polezero Design v |~

= PolefZero Design Toolbox I

What Next?

The QEDesign demonstration software does allow you to experiment for yourself. Some suggestions:

O Try loading some of the provided filter specification files

O Anayze some of the provided system transfer function files

0 Experiment withquantization
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DSPworks
Digital Signal Processing Capabilities

DSPworksis ageneral purpose signal processing system. Signals can be acquired viaa DSP board with external 1/0
capabilities or generated from one of the built-in signal generators. All operations or commands work on the entire
signal. Thus, theMultiplycommand of two signals multiplies corresponding samplesin thefirst file to the second
fileresultsin anew output file. Note thaD SPworkscan both import and export Microsoft WAV files. An
extensive variety of operations or commands are available. Script files are available for repetitive operations and a
file import/export capability can be used to facilitate interfacing with other systems. All commands use atypical
Windows interface with pull down menus and popup dialog boxes. Menus and commands have been organized for
very intuitive use.

The following are four guided examples demonstrating some of the capabilitiesDBSPworks These examples are
also automated in script files so you can have a quick look without manually following all the steps described below.
The four script files are : signals.scr', torrelat.scr', filter.scr', and tatechg.scr'.

Installing the demonstration:
Please refer to the introductory section undeéQEDesign
Starting the DSPworks demonstration:

Double-click on theD SPworksicon to start the demo. TheD SPworkswindow will open, with menu titles at the top
and a blank workspace.

Basic principlesfor use

D SPworksworks as a standard Windows application. These instructions assume some familiarity with Windows
operation, but guide you through the operations step by step. If you are a complete newcomer to Windows programs
you may benefit from some practice with Windows before using the demonstration.

Main Menu bar and pull-down menus

File Standard file operations including, Record/Play Script, Import/Export Files, Print and Exit functions ¢
information onDSPworks

Edit Wave form graphical editing functions

Generator Wave form generation for standard wave forms

Operation Mathematical operations on time domain wave frame, graphical and real time displays

DSP Additional DSP operations on time domain & Frequency domain

Display Wave form displays & Real-time displays

Acquire Real-time functions, record signal to disk, playback signal from disk and selection of
hardware accelerator functions

Utilities System utility functions such asfile format conversion, number type conversion, graph control

Window Selection of Windows for display and order of windows, Font & Color Selection
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Why are we doing this?
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This example demonstrates how to use the built-in generators to create various signals and combine several signalsto
form acomposite signal. In this example we are going to generate several signals, add and multiply two signals, and

join two signals to form longer signals.

Generate a high frequency sinusoidal signal 'sin60.tim".

& Click ontheGenerator menu to select agenerator.

& ChooseSinusoidal for sinusoidal wave generator.

O A sinusoidal wave generator data entry dialog box appears. These entries specify various characteristic of the
wave form to be generated. Set these entries as shown on theright. For 'output file name' field click on the
button, and a standard file save dialog box will pop up. Enter 'sin60' and clicBave'; ".tim' may be omitted and
will automatically be added. Use this method to enter all file names that appear on a button for all subsequent

dialog boxes.

Go ahead to generate the wavdormby clicking on the
OK button.

An aside

To add Random Noise to signals, selecRandom
Noisetype for one of the available Noise
distributions.

Results of all generators and operations are

automatically displayed at the completion of the generations
or operations. Colors and fonts of

various graph components are user selectable using

the ‘Graph Colors..: menu item under Window'.

Generate a medium frequency triangular signal
'triGa.tim':

& Click ontheGenerator menu to select agenerator.
& ChooseTriangular for triangular wave generator.

Set the entries in the dialog box as shown on the
right.

Click the OK button to generatehe wave form.

Signal frequency

60|

Sampling rate

600

Number of samples

Output file name

= Generating Sinusoidal Wave

Angular phase delay

|Degrees IEI

Zero to peak amplitude |0.25

D. C. offset i}

Ouiput-file-f t Binary |
e-format M|

Output number type

Random noise type

Signal frequency
Sampling rate
Number of samples

Output file name

Angular phase delay

D. C. offset

Outputfileformat
Output number type

Random noise type

Cancel

:

600

600

0 |Degrees EI
Zero to peak amplitude (0.5

1}

e —

bt asing [
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Generate an offset medium frequency triangular signal 'tri6.tim'

< Click on theGenerator menu to select a

Generator.
= Generating Triangular Wave
& ChooseTriangular for triangular wave Sianal § P
ignal frequency
generator,
Sampling rate 600 E
& Set the entriesin the dialog box as shown Mumber of samples 600
on theright.
9 Output file name
= Click theOK button to generate the wave form. Angular phase delay |0 [Degrees [+]
An Aside Zero to peak amplitude (0.9
D. C. offset 1

"Tri6.tim' has an amplitude of 0.9 and an offset of 1.0, .
i.e. itsaverage valueis 1.0 and minimum valeis 0.1. Outptfle-format———[Binory —Jo}
Thiswave form will be used as the offset signal to Output number type

amplitude modulate the high frequency sinusoidal

wave. Random noise type
Multiply 'sin60.tim' by 'tri6.tim'

& Click on theOper ation menu and select
Arithmeticmenu item.

@ Choose Multiply two signals
& Settheentriesin the dialog box as shown on the right. atipu | sinbll.aim ]
% Click theOK button to do the multiplication. "z | S I

= outputfile | am.tim ]
Result

This produces a high frequency wave form not of a constant
amplitude but varying like atriangular wave. Thisisamplitude modulation (A.M.)

Moreinformation

This operation multiplies the first samplein 'sin60.tim' with the first sample in 'tri6.tim" and the constant ‘a (1.0 in
this case) and store the product as the first sample of the output file. Thisisrepeated for the second and all
subsequent samples. Most other operations iB SPworkswork on sample by sample in asimilar fashion.

Add 'triéa.tim' to 'sin60.tim'

& Click on theOper ation menu and select the
Arithmetic menu item. a*tnput | riGa.tim |
& Choo% L| near Combo. +b *Input 2 ‘ sinb0.tim |
+c= Output | sum.tim |
& Settheentriesin the dialog box as shown on the right. a: i | w-[ | [ ‘

Moreinformation.
This operation implements the following equation on sample by sample basis:
Y =a* X1+b* X2+c

where Y isthe output file, X1 and X2 are two input files, and a, b, and c are arbitrary constants and b may
be zero, in which case X2 is not required.

This operation can be used to perform several specialized operations such as offset existing signal (a=1.0,b=0.0,c
= offset,) inversion (a=-1.0, b= 0.0, c = 0.0), amplify/attenuate (a = gain, b = 0.0, ¢ = 0.0,) etc.

O Click the OK button to perform the multiplication.
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Generate a low frequency sinusoidal signal 'sinl.tim'

O Click ontheGenerator menu to select a
generator.

0 ChooseSnusoidal for sinusoidal wave
generator.

Set the entriesin the dialog box as shown.

Click the OK button to generate the waveform.

Generate a low frequency square signal
'sqrl.tim’

O Click ontheGenerator menu to select a
generator.

0 ChooseTriangular for triangular wave
generator.

0 Settheentriesin the dialog box as shown.

0 Click theOK button to generate the waveform.

Join (append) 'sqrl.tim' to 'sinl.tim’
0 Click on theOperation menu and selectJoin.

0 Settheentriesin the dialog box as shown on
theright.

0 Click theOK button to join the wave forms.

An Aside

= Generating Sinusoidal Wave

Signal frequency 1|
Sampling rate 600 m
Mumber of samples 600

0
Zero to peak amplitude |1
0

Output file name

Angular phase delay |Degree

D. C. offset
H £ 3 H &
Owput-fileformat B ¥ ’II

Output number type 32-bit floating E

= Generating Square Wave

Signal frequency 1|

Sampling rate 600

Number of samples 600

0
Zero to peak amplitude |1
0

Output file name

Degrees !I

Angular phase delay

D. C. offset
Outputfile-format Binary i |
e-format |

Output number type 32-bit floating E

Input 1 file | sinl.tim ] B
& Input 2 file ‘ sqrl.tim I ‘ Cancel I
= Output file ‘ sinlsqrl.tim I | 0K I

The preceding method of joining two signalsis primarily meant for scripting. In addition, the two original signals
are not modified; the output is written into anew file. Thejoin operation can also be done graphically by means of
the graphical cut/copy and paste editing capability. However, graphical operations cannot be put into script file and
they also directly modify signal files by overwriting the originals.

Join (append)$um.tim' to am.tim'
0 Click on theOperation menu and selectJoin

0 Settheentriesin the dialog box as shown on
theright.

0 Click theOK button to join the wave forms.

Tel: (708) 366-4411, Fax: (708) 366-4413, Email

=] Join Two Signals

Input 1 file | am.tim I
ZInput 2 fle | sum.tim ] [ Cancet |
= Output file | compos1.tim | [oR ]
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Add 'sinlsqgrl.tim'to '‘composl.tim'to make the final composite signal
O  Click ontheOperation menu and sel ectArithmeticmenu item.

0  Choose'Linear Combo..'

0  Settheentriesin the dialog box as shown on theright. —— composTim |

0O  Click theOK button to add the wave forms. +binput2 | sinlsqrl tim | [cancel]
An Aside +¢=Output | compos2.iim | [k ]
Viewing signals with too many sample points can be a 2 [ | el | e [o |

problem.

The graphical display can display a maximum of 600 samples at once. For signalswith more than 600 samples only
the first 600 samples are displayed when the graph first appear. However, two methods are available to display other
sample points.

Some Useful Tools
Scroll bar

Graphs of signals with more than 600 sample points will display only 600 samplesin one screen and will have a
horizontal scroll bar at the bottom of the graph window. Click theright scroll arrow to pan the display

window right 1/5 screen full; clicking on the scroll bar between the right scroll arrow and the scroll box will
advance the display window right one screen full. The left scroll arrow and the scroll bar left of the scroll box
pansto the left.

Zoom control

All graphsareinitialy displayed at 1:1 ratio, i.e. every sampleis displayed. It ispossibleto change the zoom
ratio to display the value ranges of more samples. Samples are grouped into clusters and the maximum and the
minimum values of each cluster are displayed. Inthisway agood idea about the signal values distribution can be
given. The zoom controls are on the 'Graph Control' dialog box. The dialog box can be invoked by selecting

the 'Graph Control' menu item under the ‘Window' menu. The 'Graph Control' dialog box is shown below:

The lower half of the dialog box is hidden off screen. They

relate to more advanced graphical control functions and

will not be discussed here. The zoom control of interest [ 1-D graph zoom control Next
right now are the X axis zoom in and zoom out control L] Autoscale Y-axis X: m Tile ||
buttons located to the left of 'Tile' button. Make sure the Shift Y-axis : [ Up JDown] ¥ : [_in | Out] oK
‘compos2.tim' is currently selected: r2-D graph horizontal size — [ 2-D{3-D dB range

pixels per frame —‘ Max. I:I Min.

3-D graph frame offset] All graphs: titles

Angle degree X:
Pitch pixels Y:

0  Click in the graph ‘compos2.tim' to bring
it to the top and to select it.

The "Tracking cursor co-ordinate' dialog box may appear.

= Tracking cursor co-ordinate
0 Click the X zoom out button (the top right one immediately to [ch: 0 x: 498.33  v: 0.0105 1:1.00
the left of the 'Tile' button) delta: x: -500.00 y. 0.0209 f:2.000Hz

The graph will zoom out to show the entire signal. The horizontal scroll bar isremoved to indicate that the
entire signal is shown.
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Second Example
This corresponds to the script fildilter.scr'.
Why are we doing this?

This example demonstrates the filtering capabilities dSPworks First, a square wave isfiltered by an FIR

filter and an IR filter and the results contrasted. Then the impulse responses of an FIR filter and an |IR filter
are obtained and the frequency responses of both filters are computed using FFT. And lastly the square waveis
convolved with the FIR impul se response and the | IR impul se response.

& Closeall graph windows from previous exercise so that the limit of ¥pened graph windows will not be
exceeded.

Thistime instead of stepping through all the steps, we will execute the script file:
O  Click ontheFile menu and select Play Script... menu item.
0  Choose'filter.scr and click the'Open' button to start the design.

0 Whenever the Info dialog box appears, click th©K' button to continue. 1f during Info dialog box display
DSPworksis brought to the front it will obscure the Info dialog box arid SPworkswill patiently wait for the
'OK" button in the Info dialog box to be clicked. When this happens, do the following:

Double click on the desktop, the 'Task List' dialog box will appear.
Double click on 'INFO' task, the Info dialog box will appear.

Click 'OK' button to continue.

Third Example

This correspond to the script filecorrelat.scr'.

Why are we doing this?

This example demonstrates the auto-correlation and cross-correl ation functionsBSPworks

0  Closeall graph windows from previous exercise

0  Wewill again execute the script file: Click on th&ile menu and select 'Play Script..." menu item.
0  Choose torrelat.scr' and click the 'Open' button to start.

0  Whenever Info dialog box appears, click the 'OK' button to continue.

Fourth Example

This corresponds to the script fileatechg.scr'.

Why are we doing this?

This example demonstrates howD SPwor kscan be used to change the sampling rate of asignal.
An aside

Normally, if asignal sampled at 8 kHz sampling rate were to be played back at 10 kHz sampling rate, there
will beashift in signal frequency corresponding to the ratio of the recording sampling rate to the playback
sampling rate. Sampling rate conversion technique uses Digital Signal Processing theories to change the
sampling rate without causing a shift in signal frequency.

O  Closeall graph windows from previosiexercise.

0  Wewill again execute the script file: Click on th&ile menu and select Play Script.. menu item.
O  Choosetatechg.scr' and click the Open' button to start.
O

Whenever Info dialog box appears, click th@®K' button to continue.
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This software is specially designed to let you make a proper evaluation@EDesignh and
DSPworks.

It is concise and informative. It will take you about five minutes to get a good 'feel’ for the
software, but you can take as long as you like. Find out why most of our business comes
from repeat customers.

If you have any questions about our software, please call and we'll be glad to take the time
to discuss your requirements with you.

Also available - our Advanced Series dEDesign systems including:
Multirate Signal Processing
Sample Rate Conversion System

Quadrature Mirror Filter Banks
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