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About This Manual

TheDigital Filter Design Toolkit Reference Manuadntains the

information you need to get started with digital filter design within
BridgeVIEW, LabVIEW, and LabWindows/CVI. This manual explains
digital filter design, describes the application you use to design infinite
impulse resoponse (IIR) and finite impulse response (FIR) digital filters,
the filter implementation equations for IIR and FIR filtering, and the DFD
utilities you use for BridgeVIEW, LabVIEW, LabWindows/CVI, and
Windows filtering applications. This manual assumes you know how to
operate your computer and that you are familiar with its operating system.

Organization of This Manual

TheDigital Filter Design Toolkit Reference Manualorganized
as follows:

« Chapter 1Overview of the Digital Filter Design Toolkidescribes
the contents of the Digital Filter Design (DFD) Toolkit, contains
installation instructions, and introduces you to digital filtering and
design.

« Chapter 2Digital Filter Design Applicationdescribes the Digital
Filter Design application you use to design infinite impulse response
(IIR) and finite impulse response (FIR) digital filters.

« Chapter 3JIR and FIR Implementatigrdescribes the filter
implementation equations for IIR and FIR filtering as well as the
format of the IIR and FIR filter coefficient files.

e Chapter 4Using Your Coefficient Designs with DFD Utilities
describes the DFD Utilities that you use for BridgeVIEW, LabVIEW,
LabWindows/CVI, and Windows filtering applications.

« Appendix A,Referencedists the reference material used to produce
the Digital Filter Design Toolkit.

* Appendix B,Customer Communicatipnontains forms you can use to
request help from National Instruments or to comment on our products
and manuals.

e TheGlossarycontains an alphabetical list and description of terms
used in this manual, including abbreviations, acronyms, metric
prefixes, mnemonics, and symbols.
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About This Manual

Conventions Used in This Manual

»

bold

bold italic

italic

monospace

The following conventions are used in this manual:

The» symbol leads you through nested menu items and dialog box options
to a final action. The sequenEie»Page Setup»Options»Substitute

Fonts directs you to pull down thigile menu, select theage Setuptem,
selectOptions, and finally select th8ubstitute Fontsoptions from the

last dialog box.

Bold text denotes the names of menus, menu items, parameters, dialog
boxes, dialog box buttons or options, icons, windows, Windows 95 tabs,
panels, controls, or LEDs.

Bold italic text denotes an activity objective, note, caution, or warning.

Italic text denotes variables, emphasis, a cross reference, or an introduction
to a key concept. This font also denotes text from which you supply the
appropriate word or value, as in Windows. 3.

Text in this font denotes text or characters that you should literally enter
from the keyboard, sections of code, programming examples, and syntax
examples. This font is also used for the proper names of disk drives, paths,
directories, programs, subprograms, subroutines, device names, functions,
operations, variables, filenames and extensions, and for statements and
comments taken from programs.
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About This Manual

Related Documentation

The following documents contain information that you might find helpful
as you read this manual:

BridgeVIEW Online Reference Manual
BridgeVIEW User Manual

G Programming Reference Manual
LabVIEW Online Reference Manual
LabVIEW User Manual
LabWindows/CVI User Manual

Additional reference material can be found in AppendiRAferences

Customer Communication

National Instruments wants to receive your comments on our products
and manuals. We are interested in the applications you develop with our
products, and we want to help if you have problems with them. To make it
easy for you to contact us, this manual contains comment and configuration
forms for you to complete. These forms are in Appendi€Bstomer
Communicatiopat the end of this manual.

© National Instruments Corporation
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Overview of the Digital Filter
Design Toolkit

Installation

This chapter describes the contents of the Digital Filter Design (DFD)
Toolkit, contains installation instructions, and introduces you to digital

filtering and design.

The following sections provide installation instructions for the Digital
Filter Design Toolkit on Macintosh or Windows.

Macintosh and Power Macintosh

Windows

Complete the following steps to install the toolkit.

1. Insert the CD of the Digital Filter Design Toolkit into your CD-ROM
drive, open théMac (68k & PowerMacs):DFD Disks folder, and
double-click the DFD Toolkit Installer icon.

2. Follow the instructions on your screen.

Once you have completed the on-screen installation instructions, you are
ready to run the Digital Filter Design Toolkit.

Complete the following steps to install the toolkit.

1. Insert the CD of the Digital Filter Design Toolkit into your
CD-ROM drive.

2. Ifyou are using LabVIEW %.or BridgeVIEW 2x, run the
Windows\DFD5.0\setup.exe . If you are using LabVIEW 4.
or BridgeVIEW 1x, runWindows\DFD4.1\setup.exe

3. Follow the instructions on your screen.

Once you have completed the on-screen installation instructions, you are
ready to run the Digital Filter Design Toolkit.

© National Instruments Corporation 1-1 Digital Filter Design Toolkit Reference Manual



Chapter 1 Overview of the Digital Filter Design Toolkit

Introduction to Digital Filtering

Sampling Theory

Analog filter design is one of the most important areas of electronic design.
Although some analog filter design books include simple, well-tested filter
designs, filter design is often reserved for specialists because it requires
advanced mathematical knowledge and understanding of the processes
involved in the system affecting the filter.

Modern sampling and digital signal processing tools enable you to replace
analog filters with digital filters in applications requiring flexibility and
programmability. These applications include audio, telecommunications,
geophysics, and medical monitoring.

Digital filters have the following advantages over their analog counterparts.
e They are software programmable.
* They are stable and predictable.

e They do not drift with temperature or humidity, or require precision
components.

e They have a superior performance-to-cost ratio.

This section describes the filter parameters and how they relate to the
input parameters.

The sampling theorem states that you can reconstruct a continuous-time
signal from discrete, equally spaced samples if the sampling frequency is
at least twice that of the highest frequency in the time signal.

For example, suppose you can sample the time signal of intefdst at
equally spaced intervals without losing information. Th@arameter is
the sampling interval.

You obtain thesampling rateor sampling frequencfs  from the
sampling interval:
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Chapter 1 Overview of the Digital Filter Design Toolkit

This equation indicates that, according to the sampling theorem, the highest
frequency the digital system can process is

_ fs

This frequency, the highest frequency a digital system can process, is called
the Nyquist frequency.

These equations also apply to digital filters. For example, if your sampling
interval is

At = 0.001 seqg
then the sampling frequency is
fs = 1000 Hz,
and the highest frequency that the system can process is

fuyq = 500 Hz.

All frequency response designs in the DFD applications are limited to half
the sampling rate.

IR and FIR Filters

The digital filters designed using the Digital Filter Design (DFD)

application are either infinite impulse response (IIR) or finite impulse
response (FIR) filters. IIR filters process both input and output samples.
These filters use past output samples in feedback structures. This feedback
results in sharp transitions in frequency response characteristics. Sharp
transitions are useful in many applications, but the nonlinear phase
distortion associated with IR filters sometimes limits their selection

in many phase-sensitive systems.

FIR filters, however, process only input samples and can be designed

to have only linear phase distortion. You can compensate for the linear
phase distortion by using simple integral delays in the application. All FIR
filters designed using the DFD application are linear phase FIR filters.
FIR filters might require more coefficients than IIR filters to meet similar
design specifications.
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Digital Filter Design Application

This chapter describes the Digital Filter Design application you use to
design infinite impulse response (lIR) and finite impulse response (FIR)
digital filters.

The Digital Filter Design (DFD) application provides complete filter
design and analysis tools you can use to design digital filters to meet
your precise filter specifications. You can design your IIR and FIR filters
graphically, review filter responses interactively, save your filter design
work, and load your design work from previous sessions.

You can save digital filter coefficients for later implementation from
within LabVIEW and LabWindows/CVI. Also, you can call Windows
DFD dynamic link libraries (DLLS) from other applications, or other
applications can load the filter coefficient files directly. This manual
includes all required filter coefficient forms and implementation equations.

If you have a National Instrumerttata acquisition (DAQjlevice, you can
perform real-world filter testing in the DFD application. You can view the
time waveforms or the spectra of both the input signal and the filtered signal
while simultaneously redesigning your digital filters.
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Chapter 2

Main Menu

Digital Filter Design Application

Figure 2-1 illustrates the interaction between the Digital Filter Design
Toolkit and related applications.

| Digital Filter Design Application |»| Data Acquisition and Filtering

N

L1

|Filter Specification Files|| Filter Coefficient Files |

LabVIEW | |Labwindows/CVi| | Windows DLL

Figure 2-1. Conceptual Overview of the Digital Filter Design Toolkit

When you launch the DFD application, a panel displays the main available

options. Figure 2-2 shows tiain Menu panel.

B Main Menu 5]

File Edit Operate Windows Help

HMATIOHAL
Q IHSTRUMENTS

#5) Digital Filter Design
o

Classical FIR: Filter Design Getinfo_ |

Fole-Zero Flacement

Arbitrary FIR Filter Design .+

Load Spec... Preferences...l Cluit |

Figure 2-2. Filter Design Main Menu Panel
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Chapter 2 Digital Filter Design Application

Opening the Filter Design Panels

From theMain Menu panel, you can open any of the four digital filter
design panel<Classical IIR Design Classical FIR DesignPole-Zero
Placement andArbitrary FIR Design . TheDigital Filter Design Panels
section describes each design panel.

Directly Loading a Filter Specification File

You also can load a previously designed filter specification file directly
from theMain Menu panel. When you click thieoad Spec...button,

the DFD application prompts you to select the filter specification file that
you saved during previous design work. After you select the file, you can
open the appropriate design panel for that specification file. Then you can
resume work on an ongoing design project.

Editing the DFD Preferences

To customize your DFD application preferences, clickRteferences...
button on theMain Menu panel. Then you can edit your DFD application
preferences for future design sessions.

Quitting the DFD Application

Click theQuit button on théviain Menu panel to quit the
DFD application.

Digital Filter Design Panels

When you double-click one of the four design selections iNidia Menu

panel, the DFD application loads and runs the selected design panel. You
can use these design panels to design IIR or FIR filters, save your design
work and filter coefficients, or load previous filter designs.

After designing your filter, you can move from the design panels to the
Analysis of Filter Designpanel to view various frequency domain and
time domain filter responses. Then you can save these responses to text
files for use in other applications. You also can perform real-world testing
of your filter designs by moving to tHi2AQ and Filter panel, which
performs data acquisition and filtering in parallel with your filter designing.
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Chapter 2

Digital Filter Design Application

Common Controls and Features

The following sections describe the controls and features of the
DFD application.

Using the DFD Menu

All four filter design panels, thanalysis of Filter Designpanel, and
theDAQ and Filter panel have a DFD pop-up menu from which you

can select a number of options. Figure 2-3 shows the DFD pop-up menu
for the Classical IIR Designpanel. This section discusses each DFD
Menu option.

« DFD benu
Save Spec..
Load Spec...

Sanve Coeff..

Analysis
DAC and Filter

fer Classical FIR
“fer Pole Zero

kdain kdenu

Figure 2-3. DFD Pop-up Menu

Saving Filter Specifications

To save all your specifications for the present filter design panel, select
DFD Menu»Save Spec..The DFD application prompts you for the name

of the filter specification file to save. It is suggested that you name your
spec files appropriately for a given filter design. For example, if you design
a lowpass IIR filter, name the filewpass.iir ~ , orlowpL.iir if this

design is the first of many lowpass IIR designs. Table 2-1 lists suggested
filename extensions for the four filter design panels. These names have no
effect on how the DFD application interprets the file contents.
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Chapter 2 Digital Filter Design Application

Table 2-1. Suggested Specification Filename Extensions

Design Panel Filename
Classical IIR Design filename .iir
Classical IIR Design filename  fir
Pole-Zero Placement filename .pz
Arbitrary FIR Design filename .arb

Loading Filter Specifications

To load a filter specification file into the present filter design panel,
selectDFD Menux»Load Spec...The DFD application prompts you for

the location of the filter specification file to load. If the selected spec file
is the same type design as the present design panel, the DFD application
loads the specification from the selected file into the present design panel
for viewing, editing, or analysis.

If you designed the selected spec file in a different design panel than the
present panel, the DFD application prompts you to open the appropriate
design panel for that specification file. For example, if you are using
thePole-Zero Placemenpanel and you load a specification file saved

in the Classical FIR Designpanel, the DFD application prompts you

to open theClassical FIR Designpanel to resume work on the loaded

filter specifications.

Saving Filter Coefficients

SelectDFD Menu»Save Coeff..to save your filter coefficients to a file.
The DFD application first prompts you for the format of the coefficient
file. You can seledext format orlog format. Selectext format to view or
print the coefficient file, or to use the coefficients in other non-LabVIEW
filtering applications. Seledbg format for LabVIEW-only filtering
applications. However, LabVIEW filtering utilities read both
text-formatted and log-formatted coefficient files.

After you select the format of the coefficient file, the DFD application
prompts you for the name of the filter coefficient file to save. Name your
coefficient files appropriately for a given filter design. For example, if
you save bandpass IIR filter coefficients, name thebfili.txt or

bpiirlog  , depending on the coefficient file type.
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Chapter 2 Digital Filter Design Application

Analyzing Filter Designs

To analyze your filter design, chooB&D Menu»Analysis The DFD
application loads and runs tA@alysis of Filter Designpanel. From this
analysis panel, you can view the filter magnitude response, phase response,
impulse response, step response, and pole-zero plot. You also can view and
print full-screen plots of each response. From the full-screen views, you
can save the analysis results to a text file.

DAQ and Filter Real-World Testing

If you have a National Instruments DAQ device and you want to test

the present filter design on real-world signals, chd2isB Menu»DAQ

and Filter. The DFD application loads and runs B%Q and Filter panel.

From this panel, you can configure your DAQ device and then acquire real
signals. The acquired data passes through the currently designed filter, and
the DFD application plots the input and output waveforms and spectrums.

Simulated DAQ and Filter Testing

You also can test your filter designs using a built-in simulated function
generator. ChoodeFD Menu»DAQ and Filter and configure the DAQ
source to simulated DAQ. You then can click Bumction Generator
button on thddAQ and Filter panel to view and edit settings including
signal type, frequency, amplitude, and noise level.

Transferring Filter Designs

You can transfer some filter design specifications from one design panel
to another. For example, you can configure your passband and stopband
requirements in designing an FIR filter and find the IIR filter that meets
your design specifications. Not all design panels can share specifications.
Table 2-2 shows the transfers you can perform and their corresponding
DFD menu options.

Table 2-2. Filter Specification Transfers

Design Transfer DFD Menu Option

Filter specs from the Classical IIf Xfer Classical FIR
to Classical FIR

Filter specs from the Classical FI| Xfer Classical IIR
to Classical IIR

Poles and zeros from Classical Il| Xfer Pole Zero
to Pole-Zero Placement
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Chapter 2 Digital Filter Design Application

Returning to the Main Menu

To return to thévlain Menu panel, choosBFD Menu»Main Menu.

Panning and Zooming Options

Any graph you drop onto the front panel includes the graph palette.

This palette has controls for panning (scrolling the display area of a graph)
and for zooming in and out of sections of the graph. Many DFD graphs
include the graph palette. The following figure illustrates a graph with its
accompanying graph palette.

dB
Graph ——»
Palette ) =5) R+
vyl an)

When you click theAutoscale Xbutton, the DFD application autoscales
-+ thex-data of the graph.

When you click theAutoscale Y button, the DFD application autoscales
they-data of the graph.

=
++

If you want the graph to autoscale either of the scales continuously,
click the lock switch to lock autoscaling.

The scale format buttons give you run-time control over the format of the
: r x-scale ang-scale markers.

You use the remaining three buttons to control the operation mode for
the graph.

The plus or crosshatch indicates that you are in standard operate mode.
In operate mode, you can click in the graph to move cursors around.

When you click the panning tool, you switch to a mode in which you can
scroll the visible data by clicking and dragging sections of the graph.
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Chapter 2 Digital Filter Design Application

ﬂ When you click the zoom tool, you can zoom in on a section of the graph
k. by dragging a selection rectangle around that section. If you click the zoom
tool, a pop-up menu opens in which you can choose other methods of
zooming. The following illustration shows this menu.

Unido FIREI | DS,
T oo L H

This menu contains the following buttons.

| Zoom by rectangle.
AL

Zoom by rectangle, with zooming restrictecktdata (they-scale
l“lﬂ remains unchanged).

I Zoom by rectangle, with zooming restricted/tdata (thez-scale

remains unchanged).

Undo Undo last zoom. Resets the graph to its previous setting.
£00rm
= Zoom in about a point. If you click and hold the mouse button on a specific
“'1‘" point, the graph continuously zooms in until you release the mouse button.
7 Zoom out about a point. If you click and hold the mouse button on a specific
R point, the graph continuously zooms out until you release the mouse button.
Note For the previous two modes, you can zoom in and zoom out about a point.

Shift-click to zoom in the opposite direction.
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Graph Cursors

The following illustrations show two cursors and the cursor
movement control.

Cursors

Cursor movement control

Move a cursor on a graph or chart by dragging it withQperating tool
or by using the cursor movement control. Click the arrows on the cursor
movement control to move all cursors selected in the specified direction.
You select cursors by moving them on the graph wittOperating tool.
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Classical IIR Filter Design

Figure 2-4 shows th€lassical IIR Filter Designpanel. This panel
includes a graphical interface with the Magnitude vs Frequency cursors
and plot on the left side and a text-based interface with digital controls
on the right side.

[+ Classical IIR Design _ O] x]
File Edit Operate Project Mindows Help

DFD kenu Vl p e

] bagnitude ws Frequency passhand resp %FE.DDDD

-26.00-

passhand freq 3/1900.00| 52600.00|

50,00 stopband atten gr-40.000C
. DD_K \1 stopband freq S1500.00| 4500000
100.00-! Hz | | sampling rete  38000.00

I 1
000 1000.00 2000.00 300000 4000.00 type Ebandpass
W) =) B+ frequency magnitude design JElliptic

MEEE

3750.00 |:49.4296

message

- filter order |3

Figure 2-4. Classical IIR Filter Design Panel

Use this panel to design classical IIR digital filters. These filters include
the classic types (lowpass, highpass, bandpass, and bandstop) and the
classic designs (Butterworth, Chebyshev, Inverse Chebyshev, and Elliptic).

To design classical lIR filters, adjust the filter specifications. The
passband and stopband requirements define a filter specification. You

can define these requirements by using either text entry or the cursors in
the Magnitude vs Frequency graph. As you use the mouse to click and drag
the cursors, the text entries update. Likewise, as you enter new
specifications in the text entries, the cursors update.

The lower passbhand frequendy,}, upper passbhand frequendy.j,

and the passband respon€&g), define the passband specification.

For the bandpass filter, the passband ranges fippito fp,. The passband
is the region in the frequency domain with a response nedgfpi6.the
minimum allowable passband gain or filter magnitude response.
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In Figure 2-4, the passband is specified as having a minimum gain of -5 dB
between the frequenciesfpf = 1900 Hz andp, = 2600 Hz.

The following ranges define the passband:

lowpass O<f<fp,

highpass  fp,<f<fy, /2

bandpass fp,<f<fp,

bandstop O0s<f<fp; fp,<f<fy,ny/2

where fp is passband frequency 1,
fp, is passband frequency 2, and
fsampiS the sampling rate.

The lower stopband frequencis{), the upper stopband frequendg,(),

and the stopband attenuatid@ds| define the stopband specification.

For the bandpass filter, the stopband ranges from 0.0 (DC) to the lower
stopband frequencyf¢,), and from the upper stopband frequentsy X

to half of the sampling ratéf/quist ratg. The stopband is the region in the
frequency domain with a response near G$is the minimum acceptable
stopband attenuation or filter magnitude response. In Figure 2-4, the
stopband specification has a minimum attenuation of —40 dB between
the frequencies of 0 arfg, = 1500 Hz and between the frequencies of
fs, = 2600 Hz and 4000 Hz.

The following ranges define the stopband:

lowpass fs;<f<fsamy2

highpass 0<f<fs;

bandpass 0s<fs<fs, fs,<f<f 42
bandstop fs; <f<2

where fs is passband frequency 1,
fs, is passband frequency 2, and
fsampiS the sampling rate.

In this panel, the DFD application estimates the minimum filter order
required for the selected type and design to meet or exceed the modified
filter specifications. The DFD application computes other appropriate filter
parameters and designs and plots the IR filter automatically. You see
immediate graphical feedback to help you determine whether the filter
meets your specifications.
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DFD Meny W

Classical IIR Design Panel Controls and Displays
Use the design panBIFD Menu to complete the following tasks:
*  Save your filter specifications and coefficients.

e Load filter designs from previous work.

e Open theAnalysis or theDAQ and Filter panels.

» Transfer the IIR design specifications to @lassical FIR
Designpanel.

e Transfer the poles and zeros to B@e-Zero Placemenpanel.
« Return to thévlain Menu panel.

The graph in Figure 2-5 plots the frequency respét{de as magnitude
of the designed digital filter.

dB

Viila |

Figure 2-5. Magnitude vs Frequency

The magnitudeytaxis) is in linear or decibel units, depending on how you
set the button in the upper-left corner of the graph.

The frequencyx-axis) is in units of hertz. The full scale ranges from 0.0 to
Nyquist (half the sampling rate).

By moving the blue cursor lines or crosshairs, you control the passband
response (horizontal lines) and the passband frequencies (vertical lines).

By moving the red cursor lines, you control the stopband attenuation
(horizontal lines) and the stopband frequencies (vertical lines).

These cursors represent the filter design specifications for the selected
classical lIR filter. In the passband, the filter has a gain greater than or equal
to the specified passband response. In the stopband, the filter has a gain less
than or equal to the specified stopband attenuation.
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Use thdinear/dB button to control the display units (linear or dB) of all
magnitude and gain controls and displays. These controls and displays
include Magnitude vs Frequency plgtaxis), passband response,
stopband attenuation, and tracking cursor magnitude.

The frequency and magnitude indicators display the location of the tracking
transparent square cursor. This cursor is locked to the frequency response
H(f), so moving this cursor updates the frequency and magnitude digital
displays with data points frof(f), as shown below.

frequency magnituce

3750.00 |:49.4298

You can enter the complete filter specifications using the text entry portion
at the upper-right side of the design panel.

passhand resp gﬂw
passhand freq f“m| ﬂlm|
stophand atten %m
stophand freg Eﬂm| ﬂIW|

sampling rate Q'BDDD.DD

type =|handpass

design 3 Elliptic

The passbhand response is the minimum gain in the passbhand.
The horizontal blue cursor line represents this response in the
Magnitude vs Frequency plot.

In the passband, the filter gain is guaranteed to be at least as high as
the specified passbhand resporse)(

IH(f) = Gp.

The first passband frequency defines one frequency edge of the passband.
The vertical blue cursor lines represent this frequency in the Magnitude vs
Frequency plot.

The second passband frequency defines the second frequency edge of
the passband. The vertical blue cursor lines represent this frequency in the
Magnitude vs Frequency plot.
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The stopband attenuation is the minimum attenuation in the stopband.
The horizontal red cursor line represents this attenuation in the
Magnitude vs Frequency plot.

In the stopband, the filter gain is guaranteed to be no higher than the
specified stopband attenuatiddg:

IH(f)| < Gs

The first stopband frequency defines one frequency edge of the stopband.
The vertical red cursor lines represent this frequency in the Magnitude vs
Frequency plot.

The second stopband frequency defines the second frequency edge of
the stopband. The vertical red cursor lines represent this frequency in the
Magnitude vs Frequency plot.

Thesampling rate control specifies the sampling rate in samples per
second (hertz).

Thetype control specifies one of four classical filter types according to
the following values:

0 lowpass

1 highpass

2 bandpass
3 bandstop

Thedesigncontrol specifies one of four classical filter design algorithms
according to the following values:

0 Butterworth

1 Chebyshev

2 Inverse Chebyshev
3 Elliptic
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Thefilter order indicator, shown in the illustration at left, displays the
estimated filter order of the classical IIR filter. The DFD application
automatically estimates the filter order as the lowest possible order that
meets or exceeds the desired filter specifications.

Themessagavindow displays errors that occur during the 1IR design
procedure. These errors usually reflect filter specifications that are
inconsistent with the chosen filter type.

message

Classical FIR Design

Figure 2-6 shows th€lassical FIR Designpanel. This panel functions
similarly to theClassical IR Designpanel. The panel includes a graphical
interface with the Magnitude vs Frequency cursors and plot on the left side,
and a text-based interface with digital controls on the right side.

I3l Classical FIR Design _ [O]x]
File Edit Operate Project ‘Windows Help

DFD kenu Vl THETRUNEbTS

2 Magnitude ws Frequency passhand resp gFE,DUUU

25.99_ \‘\ passhand freq  5[1300.00] 52600001
—ED.DD— stophand atten nglEI.EIIJEI[
75.00- stopband freq  y[1500.00| §[3000.00
-94.24-| : : | Hz inarate 4E000.00

000 100000 200000 300000 4ooogp || SO PnOTEE S HEER
] 3| B+ frequency magnitude a
JINEE] ) 275000 F3.304: type yhandpass

message

filter arder (22

minirmize filter order

Figure 2-6. Classical FIR Design Panel
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Use theClassical FIR Designpanel to design classical FIR digital filters.
These filters include the classic types (lowpass, highpass, bandpass,
and bandstop) and use the Parks-McClellan equiripple FIR filter
design algorithm.

To design classical FIR filters, adjust the desired filter specifications.

The desired passband and stopband requirements define a filter
specification. You can define these requirements by using either text
entry or the cursors in the Magnitude vs Frequency graph. As you move the
cursors, the text entries update. Likewise, as you enter new specifications
into the text entries, the cursors update.

The lower passbhand frequendy,}, upper passband frequendy.},

and the passband respon&g) define the passband specification. For the
bandpass filter, the passband ranges fimno fp,. The passband is

the region in the frequency domain with a response nea@Gp.8.the
minimum acceptable passband gain or filter magnitude response. In
Figure 2-6, the passband specification is a minimum gain of -5 dB
between the frequencies fpf = 1900 Hz andip, = 2600 Hz.

The following ranges define the passband:

lowpass 0<f<fp,

highpass  fp;<f<fs,42

bandpass fp,<f<fp,

bandstop 0<f<fp, fpy<f<fiuns2

where fp is passband frequency 1,
fp, is passband frequency 2, and
fsampiS the sampling rate.

The stopband frequencids,(andfs,) and the stopband attenuatids|

define the stopband specification. For the bandpass filter, the stopband
ranges from 0.0 (DC) to the lower stopband frequefggydnd from the
upper stopband frequendgy), to half of the sampling rate (Nyquist).

The stopband is the region in the frequency domain with a response near
0.0.Gsis the minimum acceptable stopband attenuation or filter magnitude
response. In Figure 2-6, the stopband specification has a minimum
attenuation of —40 dB between the frequencies of Gard1500 Hz

and between the frequenciesfgf= 2600 Hz and 4000 Hz.
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The following ranges define the stopband:

lowpass fs;<f<fiimy2

highpass 0<f<fs,;

bandpass 0Os<fs<fs, fs,<f<fy /2
bandstop fs; <f<2

where fs is passband frequency 1,
fs, is passband frequency 2, and
fPsampiS the sampling rate.

TheClassical FIR Designpanel estimates the minimal filter order

required for the selected type and design to meet or exceed the modified
filter specifications. The DFD application automatically computes other
appropriate filter parameters and designs and plots the FIR filter. You see
immediate graphical feedback to help you determine whether the filter
meets your specifications.

Classical FIR Design Panel Controls and Displays

These controls are similar to those in @lassical IIR Designpanel,
with a few additions (a minimize filter order button and an error message
display box).

Use the design panBIFD Menu to complete the following tasks:
»  Save your filter specifications and coefficients.

» Load filter designs from previous work.
» Open theAnalysis or theDAQ and Filter panels.

» Transfer the FIR design specifications to @assical IIR
Designpanel.

e Return to théMain Menu panel.
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The graph in Figure 2-7 plots the frequency respét{§enagnitude of the
designed digital filter.

dB

vila | @

Figure 2-7. Frequency Response Magnitude

They-axis is in linear or decibel units, depending on how you set the button
in the upper-left corner of this graph.

Thex-axis is in hertz. The full scale ranges from 0.0 to Nyquist (half the
sampling rate).

The blue cursor lines control the passband response (gain in the passband
and horizontal lines) and the passband frequencies (vertical lines).

The red cursor lines control the stopband attenuation (gain in the stopband
and horizontal lines) and the stopband frequencies (vertical lines).

These cursors represent the filter design specifications for the selected
classical lIR filter. In the passband, the filter has a gain greater than or equal
to the specified passband response. In the stopband, the filter has a gain less
than or equal to the specified stopband attenuation.

ThedB button controls the display units (linear or decibel) of all magnitude
and gain controls and displays. These controls and displays include
Magnitude vs Frequency plot-&xis), passband response, stopband
attenuation, and tracking cursor magnitude.
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Thefrequency andmagnitude indicators display the location of the
tracking transparent square cursor. This cursor is locked to the frequency
responséH(f), so moving this cursor updates fheguency and

magnitude digital displays with data points frohi(f), as shown in

the following illustration.

frequency magnitude

2760.00  F13.304°

You can enter the complete filter specifications using the text entry portion
at the upper-right side of the design panel.
02Ebdpss.bmp

passband resp gm
passhand freq ?11BDD.DD| E”m|
stophand atten gl:‘qU.UUD[
stophand freq 91500.00] 3300000

sampling rate Q'BDDD.DD

type i‘bandpass

The passband response is the minimum gain in the passband. The
horizontal blue cursor line represents this response in the Magnitude vs
Frequency plot.

In the passband, the filter gain is guaranteed to be at least as high as the
specified passband respon&p):

IH(f) = Gp.

The first passband frequency defines one frequency edge of the passband.
The vertical blue cursor lines represent this frequency in the Magnitude vs
Frequency plot.

The second passband frequency defines the second frequency edge of
the passband. The vertical blue cursor lines represent this frequency in
the Magnitude vs Frequency plot.

The stopband attenuation is the minimum attenuation in the stopband.
The horizontal red cursor line represents this attenuation in the Magnitude
vs Frequency plot.
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filter orcler

minimize fitter order

In the stopband, the filter gain is guaranteed to be no higher than the
specified stopband attenuatiddg:

IH(f)| < Gs.

The first stopband frequency defines one frequency edge of the stopband
panel. The vertical red cursor lines represents this frequency in the
Magnitude vs Frequency plot.

The second stopband frequency defines the second frequency edge of
the stopband. The vertical red cursor lines represent this frequency in the
Magnitude vs Frequency plot.

Thesampling rate control specifies the sampling rate in samples per
second (hertz).

Thetype control specifies one of four classical filter types according to
the following values:

0 lowpass

1 highpass

2 bandpass
3 bandstop

Thefilter order indicator displays the estimated filter order of the classical
FIR filter.

The DFD application automatically estimates the filter order as the lowest
possible order that meets or exceeds the desired filter specifications.

Theminimize filter order button controls whether the DFD application
minimizes the estimated filter order. If this button is OFF, the DFD
application uses a fast formula to estimate the filter order to meet or
exceed the desired filter specifications. If this button is ON, the DFD
application iteratively adjusts the filter order until it finds the minimum
order that meets or exceeds the filter specifications.

The messageavindow displays errors that occur during the FIR design
procedure. These errors occur when the filter specifications are inconsistent
with the chosen filter type.

message
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Pole-Zero Placement Filter Design

Figure 2-8 shows thBole-Zero Placemenfilter design panel. The panel
includes a graphical interface with th@lane pole and zero cursors on the
left side and a text-based interface with digital controls on the right side.

B Pole-Zero Placement _ [O]x]
File Edit Operate Project ‘Windows Help

DFD Menu vl

HMATIOHAL
IHETRUMEHTS

illrectangular coordinates
z plane delete

1.0=

0.8-
0.6-
0.4-
0.2-

0.0-
02—
1

3
selected| % | value 313309 +0.9437

:
reallp uc
] (|| =l

order

-

E |
walle j|:EI.1E|EI1 +0 91611

1000.0 Iz syl ol

[] e order
O |

sampling rate
BO0O0E+3 | gain s[1ETE0E2 |

I 224 +)

Figure 2-8. Pole-Zero Placement Filter Design Panel

Use thePole-Zero Placemenfilter design panel to design IIR digital
filters by manipulating the filter poles and zeros inziptane. The poles
and zeros initially might have originated from classical IR designs.
Use this panel to move existing poles and zeros directly onptene
plot. You can add and delete poles and zeros and accurately control
their important characteristics.

You can describe the poles and zeros by using either the text entry or
the cursors in the-plane plot. As you change the cursors, the text entries
update automatically. Likewise, as you modify the text entries, the pole
and zero cursors update automatically.
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The following specifications describe pole—zero filter designs:

¢ Pole and zero locations in tkglane

e Characteristics of each pole and zero

e« Gain

e Sampling rate

Any change in these parameters corresponds to a change in the filter
coefficients. The DFD application matches the poles and zeros and
creates stable second-order stages for IIR filter coefficients. The DFD
application then uses these coefficients to compute the filter magnitude
response. For immediate graphical feedback to your pole-zero filter

designs, the Magnitude vs Frequency plot updates automatically when
you change the poles or zeros.

Pole-Zero Placement Panel Controls and Displays
Use the design panel DFD menu to complete the following tasks:

e Save your filter specifications and coefficients.

e Load filter designs from previous work.

* Open theAnalysis or DAQ and Filter panels.

e Return to theMain Menu panel.

Figure 2-9 shows theplane plot of the filtered poles and zeros.

You can move each pole (reQl anywhere within the unit circle, along
and above thg-axis. You can move each zero (bljeanywhere along
and above the-axis.

i plane delete
1.0= selected
-
0.6

0.4-
0.2-

0.0-F

'D-2'| 1 1
-1 -0.5 0.0 0& 11

Figure 2-9. Z-Plane Plot of Filter Poles and Zeros

deleie Click thedelete selectedbutton to delete the selected pole or zero.
selected Click poles and zeros to select them.
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Click theadd polebutton to add a pole to thleplane. The new pole is
located at the origin.

Click theadd zerobutton to add a zero to tkgplane. The new zero is
located at the origin.

The coordinatescontrol specifies how the DFD application displays the
poles and zeros, either in rectangular or polar coordinates.

The following figure shows the array of zeros in rectangular coordinates.
The complex value of each zero represents its rectangular position on the
z-plane. The integed in the left box is the index of the displayed zero.

By changing this index value, you can display a particular zero of the
array of zeros. When you select a particular zero iz-ffiane plot,

the DFD application sets the index value of the array to the selected zero.

EEll 40330909437 |
value = 03309 +0.9437 i

o

O reallp uc | oOrder
OO0OH | & |

If you select theeal check box, the zero becomes purely real and is limited
to real-axis movement.

When you select thip check box, the zero has linear phase. If the zero is
not real or on the unit circle, the DFD application matches it with another
zero at a radius of d/wherer is the radius of the original zero (the radius

is the distance from the origin). Linear phase zeros are important in linear
phase FIR filters. If your-plane plot contains only zeros, and all the zeros
have linear phase, then the FIR filter you designed has an overall linear
phase response.

If you select theic check box, the zero is forced to be located on the unit
circle (radius of 1.0) and is limited to movement along the unit circle.

Theorder text entry is the order of the zero, or the number of actual zeros
at this location in the-plane.

An Mth-order zero at = b has a-transform of

H(z) = (z-b"
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The following figure shows the array of poles in rectangular coordinates.
The complex value of each pole represents its rectangular position on
thez-plane. The intege¥ in the left box is the index of the displayed pole.
By changing this index value, you can specify which pole in the array of
poles displays. When you select a particular pole irz-fhflane plot, the

DFD application sets the index value of the array to the selected pole.

0
ol value JF0.T907 +0.916T
=
[ ] e arder
= C—

Only one special characteristic applies to peleghether they are real.
If you select theeal check box, the pole becomes purely real and is
limited to real-axis movement.

Theorder text entry specifies the pole order, or the number of actual poles
at this location in the-plane.

An Mth-order pole az = a has az-transform of
HZ) = (z-a™

If you change the coordinates to polar coordinates, the DFD application
displays the poles and zeros in polar coordinates.

3
B ] value §0.3309 +0.9437 & ] velue §F0.1907 +0.8161 |

0
O reallp uc || order [] el arder
Soe | 5
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The following graph plots the frequency respoH$® magnitude of the
designed digital filter.

Magnitude ws Frequency

0.0 1000.0 2000.0 3nnon.ao 4000.0

They-axis is in linear or decibel units, depending on how you set the button
in the upper-left corner of this graph.

Thex-axis is in hertz. The full scale ranges from 0.0 to Nyquist (half the
sampling rate).

Thesampling rate control specifies the sampling rate in samples per
second (hertz).

sampling rate

2jB.0000E+3

Thegain control specifies the gain constant for the designed filter.
Increasing this gain increases the overall gain of the designed filter.

o L]
gain /1.5150E-2

Setting the normalize button Mormalize On adjusts the filter gain
so that the maximum response is 1.0 (0 dB). If you set this button to
Normalize On, you cannot adjust the gain control manually.
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Arbitrary FIR Design

Figure 2-10 shows tharbitrary

FIR Design panel. The panel includes

a graphical interface with the Magnitude vs Frequency cursors on the left
side and a text-based interface with digital controls on the right side.

5! Arbitrary FIR Design _ [O]x]
File Edit Operate Project ‘Windows Help
DFD kenu vl FE R s
: : ﬂ[l I frequency magnitude
Arbitrary Magnitude Response  actual !
docied 0 Foo000 | 0000 | O | —
1 571 428| d o000 | O
selectad 34 jQ
points
2 [i14z.85| $f.0000 | O
C| |
3 §M1653.13| 50.2656 | O
Hz a 4
i 4 ;[2051.66| ;05016 | @
DIJIZID 1000.000 EDDD noa SDDIZI oo 4DDIJ oo 54 34
ﬂﬂﬂﬂlﬁﬁ # paints Muliple seloct[OFF] é§ 5 4lpess 71| Yosonn | O
4] U] 5'1|1D |ﬂ|linear interp |-
message fllterDrderj ripple 1.3?DBE—2 E 85?1 0255 O
=
HSIERES - [ locked frequencies [ sort by frequency
[ uniform spacing Uimportfrom file
= sampling rateél 000.00

Digital Filter Design Toolkit Reference Manual

Figure 2-10. Arbitrary FIR Design Panel

Use theArbitrary FIR Design panel to design arbitrary-magnitude

FIR digital filters. Enter or modify the array magnitude response points
(frequency andmagnitude). From these points, the DFD application

forms a desired magnitude response that covers the entire frequency
range from 0.0 to Nyquist (half the sampling rate). The DFD application
then processes this desired response, along with the filter order, and uses
the Parks-McClellan algorithm to design an optimal equiripple FIR filter.
The Parks-McClellan algorithm minimizes the difference between the
desired and actual filter response across the entire frequency range.

To design arbitrary-magnitude FIR filters, enter or modify the desired
frequency-magnitude points and choose an interpolation type to generate
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the desired response between your specified points. The DFD application
automatically designs and plots the equiripple FIR filter. You getimmediate
graphical feedback to help determine whether the filter meets your
specifications.

Arbitrary FIR Filter Design Panel
Controls and Displays
Use the design panBIFD Menu to complete the following tasks:
» Save your filter specifications and coefficients.
e Load filter designs from previous work.
e Open theAnalysis or DAQ and Filter panels.
* Return to théMain Menu panel.

The graph in Figure 2-11 plots the desired and actual magnitude response

of the designed FIR filter.

Arbitrary Magnitude Response  actual

desired

0.00-! . : : } Hz
0.000 1000000 2000000 3000.000 4000.000

nﬂﬂlﬁﬁ‘ # paints multiple SE|BC’(|®

W)y $|1|1D |§|1|Iinearinterp

Figure 2-11. Desired and Actual Magnitude Response

They-axis is in linear or decibel units, depending on how you set the button
in the upper-left corner of the graph. Thaxis is in hertz. The full scale
ranges from 0.0 to Nyquist (half the sampling rate).

ThedB button controls the display units (linear or decibel) of all the
magnitude controls and displays.

These controls and displays include the Magnitude vs Frequency plot
(y-axis) and the magnitudes in the array of frequency-magnitude points.
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# points

=L

multiple seled

HIinearinterp |

The# points control specifies the number of frequency-magnitude points
the DFD application uses to create the desired filter magnitude response.

Reducing this number deletes points from the end of the
frequency-magnitude array, whereas increasing this number inserts
the additional number of points to the right of the selected point.

Set themultiple selectbutton to ON to select more than one
frequency-magnitude point on the response graph. Clicking a
selected point removes that point from the selection list.

Theinterpolation control selects the type of interpolation the DFD
application uses to generate the desired response from the array of
frequency-magnitude points.

Choosdinear interp to create flat filters (lowpass, highpass, bandpass,
and bandstop). Chooseline interp to create smoothly varying filters.

Click theinsert button to insert a frequency-magnitude point between the
selected point and the next point.

If the selected point is the last point in the frequency-magnitude array,
the DFD application inserts the new point between the last two points
of the array.

The DFD application inserts new points at halfway along the line
connecting the two outer points.

Click thedel button to delete the selected frequency-magnitude points.
The DFD application deletes all selected points.
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These points are the selected frequency-magnitude points. You can select
points on the Arbitrary Magnitude Response graph by clicking the point.
You also can select points directly from the frequency-magnitude array by
clicking the circle to the right of each point.

selected
points

The following array is the array of frequency-magnitude points the

DFD application uses to construct the desired filter magnitude response.
The DFD application forms the desired filter response by interpolating
between these points.

_ﬂﬂ | frequency magnitude
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The frequency of each point is in hertz and the magnitude is in linear or
decibel units of gain, depending on the setting of the button in the upper-left
corner of the Arbitrary Magnitude Response graph.

You can select points in this array by clicking in the circle to the right
of each point. You then can delete the selected points by clicking the
del button. You can move selected points by clicking the desired
direction diamond in the lower-right corner of the Arbitrary Magnitude
Response graph.

_ 7 Thefilter order control specifies the total number of coefficients in the
filter arder 65 digital FIR filter.

Theripple indicator displays the largest absolute error (linear) between
ripple [13705E-2 | the desired and actual filter responses.

Themessageavindow displays errors that occurred during the FIR
design procedure.

message

=

=l

Select thdocked frequenciescheck box to lock the present frequency
values of the frequency-magnitude points. If you select this check box, you
can alter only the magnitude pvalue of the frequency-magnitude points.

" locked frequencies [ sart by fragquency
™ unifarm spacing Oimportfram file

Select thainiform spacing check box to space the frequency

values frequency-magnitude points. The DFD application spaces the
frequency-magnitude points uniformly from 0.0 to half the sampling
rate, inclusive.

Select thesort by frequencycheck box to sort the frequency-magnitude
points in both the response graph and the array according to ascending
frequency. The value of each frequency-magnitude point remains
unchanged; only the order of the points can change.
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Select themport from file check box to import frequency-magnitude
points from a text file.

The imported file format consists of the following tab-delimited columns:

1stline:  sampling rate dBLinear setting (O lioear, 1 fordB)

2nd line:  frequency 1 magnitude 1
3rd line:  frequency 2 magnitude 2
4th line:  frequency 3 magnitude 3

last line: last frequency last magnitude

For example, a file with 5 frequency-magnitude points appears as below.

8000.0 1

0.0 —60.0
1000.0 -40.0
2000.0 -20.0
3000.0 0.0
4000.0 —-60.0

Thesampling rate control specifies the sampling rate in samples per
second (hertz).
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Analysis of Filter Design Panel

Figure 2-12 shows th&nalysis of Filter Designpanel. Use this panel to
complete the following tasks:

* View the filter magnitude response, phase response, impulse response,
step response, and pole-zero plot.

« View and print full-screen plots of each response.
¢ Inthe full-screen views, save the analysis results to text files.

[ Analysis of Filter Design
File Edit Operate Project Mindows Help
DFD Menu v| FIH?H%UUPIL’I:‘EINTS
Design Analyzed ]
ACiassical IR LalIEHIS
0.0E+0~
e tagnitude Response (2 1 7E- | | SEC
DE+D 1E-2 2E-2
05-
1 0E-] - Fesponse E]
Hz
D.D‘| I 1 1 1
0.0 10000 20000 3000.0 4000.0 0.0E+0-
di & 1.0E-1 SEE
radians  Phase R -HUE-T - i
o ase Response 30
0.0- 10-—Pee i
ERE , , , 1 Hz 05-
0.0  1000.0 2000.0 3000.0 4000.0 0.0-l
Hz) "
_D_E_
W0 nz)|] (0.01515-0.015162"2) |
O ~ ~ A0- e
@[ (1+0.380152-1 - 06764122) | o WE U0 Oe

DFD Meny W

Digital Filter Design Toolkit Reference Manual

Figure 2-12. Analysis of Filter Design Panel

If you selecDFD Menu»Analysisfrom a filter design panel, tinalysis

of Filter Design panel uses that particular filter design to compute the
various filter responses. You also can analyze any of the four filter designs
from theDesign Analyzedring control; theAnalysis of Filter Design

panel uses the filter parameters from the selected filter design.

Use theDFD Menu to load filter designs from previous work, open the
DAQ and Filter panel, go to the selected filter design panel, or return to
theMain Menu panel.
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Use theDesign Analyzedcontrol to select the filter control to analyze.
If you continue to modify the same filter design that the DFD application
is analyzing, the application recomputes all filter responses.

Analysis Displays

Each of the five filter plots has a zoom box in the upper-right corner.

Click in this box to display a full-screen version of the plot. In the
full-screen versions of these plots, you can change the units from linear

to decibel (magnitude response), from radians to degrees (phase response),
or from seconds to samples (impulse and step responses). From each
full-screen view, you can save the response data to text files.

Magnitude Response

The Magnitude Response is the magnitude of the filter respt{fise
as frequency varies from zero to half the sampling rate.

The following figure illustrates the magnitude response of the selected
filter design.

10 tagnitude Response El

05-
Hz

0.0- i i ] i
1000.0 2000.0 3000.0 4000.0

0.0

Phase Response

The Phase Response is the phase of the filter respiff)ses frequency
varies from zero to the sampling rate.

The following figure illustrates the phase response of the selected
filter design.

éagdians Phase Response

0.0-

317 . ! . 1 Hz
00 10000 20000 3000.0 40000
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Impulse Response

The Impulse Response of a digital filter is the output of the filter when
the input is a unit sample sequence (1, 0, 0, ...). The input before the
unity sample is also zero.

The following figure illustrates the impulse response of the selected
filter design.

Step Response

The Step Response of a digital filter is the output of the filter when the input
is a unit step sequence (1, 1, 1, ...). The input samples before the step
sequence are defined as zero.

The following figure illustrates the step response of the designed filter.

1 0E-1- Fesponse T
0.0E+0- '4"‘l,',\_.fr,..u;_..,|.-..;,.q..»..-,,..._...‘...._......m...
-1.0E-1 -} ==
NE+0 3E-2

Z-Plane Plot

The following figure illustrates theplane plot of the filter poles and zeros.

z plane @

-1.0-) | = 1
-1.0 05 00 05 1.0

Each pole is represented by a redtach zero is represented by a lbue
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H(z) for IIR Filters

H(2) is thez-transform of the designed digital filter.

| Nz | (0.01516-0.016162°-2) |

DI (1 +0.380152-1 + 0.675412°-2)

For an IIR filter,H(2) can be represented by a product of fractions of

second-order-polynomials:

N
= Ny (z
J_1Du(2)
where N,(2) is the numerator for stade

D.(z) is the denominator for staggeand
N, is the number of second-order stages.

You can view théN(z) andD(2) polynomials for other stages by
incrementing the index shown in the upper-left side oft{g® display.

H(z) for FIR Filters

H(2) is thez-transform of the designed digital filter, as illustrated in the
following figure. You can scroll througH(z) using the scroll bar.

Hiz)
(0.00635 - 0.008832"-1 - 0.028482™-2 + j

0.046272"-3 + 0.041042"-4-0.111462"-5 -
0.01413z™-6 + 0.18108z"-7 - 0.05985z -5 -

000022 N NACiE9-" 40 . AdC1ec9." 44

For an FIR filterH(2) can be represented as a ponnomiaﬁln

order—1 .
H(z) = Z hz?,
j:
where j=01,...,order-1,

h; represents the FIR filter coefficients, and
orderis the number of FIR coefficients.
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DAQ and Filter Pan

Application

el

Figure 2-13 shows thBAQ and Filter panel. Use this panel if you have

a National Instruments DAQ device and you want to see how the current
filter design performs on real-world signals, or if you want to check the
performance of your filter with a simulated signal. In this panel, you can
configure your DAQ device and then acquire real signals. The acquired
data passes through the designed filter, and the DFD application plots the
input and output waveforms and spectrums.

i DAQ and Filter
File Edit Dperate

=13

Project Windows Help

DFD Meny W

Filter Design

+ Classical IR

DAQ Control

ﬁ an
off

HETIOHAL
IHETREUMENTE

Output QIM

1.0E+0-

0.0E+0-

-1.0E+H!

1 [
0.01 0.nz 0.03

———— . : 0.00
DAL Setup Wl &) 50 B+ i, =) @+ sampling rate
[Function Generatar | ﬂmﬂgjlﬂ 11 IR IEREED) [P 3000.00

DFD kenu W

Filter Design

*Classical IR

Figure 2-13. DAQ and Filter Panel

If you selectDFD Menu»DAQ and Filter from a filter design panel,
theDAQ and Filter panel uses that particular set of filter coefficients when
filtering the acquired signals. You also can use any of the four filter designs
from theFilter Design ring control. TheDAQ and Filter panel uses the

filter parameters from the selected design specifications.

Use theDFD Menu to load and test filter designs from previous work,
open Analysis panel, go to the selected filter design panel, or return to
theMain Menu panel.

Use theFilter Design control to designate the filter design to use in
filtering of the acquired signal. From tBé-D Menu selectGo to Design
to load and run the corresponding filter design panel.
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Use theon/off switch to control whether you want the DFD to acquire
blocks continuously or on demand.

DAL Contral
g an  Acouire
off . Once

Set the switch to ON to continuously acquire blocks of data.

Set the switch to OFF to acquire when #ugjuire Oncebutton is clicked.

Click theDAQ Setup button to change the data acquisition settings such

as the device number, number of samples to acquire, triggering parameters,
or sampling rate. You also can set the source to ditA€x Deviceor

Simulated DAQ.

If you configure the source to Simulated DAQ, a built-in simulated function
generator provides signals to the DAQ and Filter test panel. From the
DAQ and Filter panel, click thd-unction Generator button to view and
edit settings including signal type, frequency, amplitude, and noise level.

To change the view of a response plot, use the ring control above the plot.
Select eitheifime Waveform or Spectrum for the input acquired signal
or the filtered signal.

Figure 2-14 shows an example of switching displays for the spectrum of
both the input and filtered signals.

i‘Spectrum

Output _+Spectum |

Input

1.0E-2-

5.0E-3-

ot ik,

AW | |1.0E-6- ,
3984.3 0.00 2000.00

RN
0.00 2000.00

1
39843

Figure 2-14. Switching Displays

The actual sampling rate appears in an indicator at the lower-left side of the
DAQ and Filter Panel, as illustrated in the figure at left.
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This chapter describes the filter implementation equations for IIR and FIR
filtering as well as the format of the IIR and FIR filter coefficient files.

Infinite Impulse Response Filters

Infinite impulse response (IIR) filters are digital filters with impulse
responses that theoretically can be infinite in length (duration).
The general difference equation characterizing IIR filters is

1 No-1 N,—1

0
Yi = a_ij: By _; _;akyi—%i (3-1)

whereN; is the number of forward coefficientg)(andN, is the number
of reverse coefficientsy).

In most IIR filter designs, coefficiet, is 1. The output sample at the
present sample indexconsists of the sum of scaled present and past
inputs & andx; _; whenj # 0) and scaled past outpus_().

The response of the general IR filter to an impukge=(1 andx, = 0 for

alli # 0) is called the impulse response of the filter. The impulse response
of the filter described by Equation 3-1 has an infinite length for nonzero
coefficients. In practical filter applications, however, the impulse response
of stable IIR filters decays to near zero in a finite number of samples.

The advantage of digital lIR filters over finite impulse response (FIR)
filters is that IR filters usually require fewer coefficients to perform similar
filtering operations. Therefore, IR filters execute much faster and do not
require extra memory because they execute in place.

The disadvantage of IIR filters is that the phase response is nonlinear.
If the application does not require phase information, such as simple
signal monitoring, IR filters might be appropriate. Use FIR filters for
applications requiring linear phase responses.
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IIR filters are also known as recursive filters or autoregressive
moving-average (ARMA) filters. See Appendix References
for additional references for information about this topic.

Cascade-Form IIR Filtering

Filters implemented using the structure defined directly by Equation 3-1
are known as direct-form IIR filters. Direct-form implementations often
are sensitive to errors introduced by coefficient quantization and by
computational precision limits. Additionally, a filter designed to be
stable can become unstable with increasing coefficient length, which

is proportional to filter order.

You can obtain a less-sensitive structure by dividing the direct-form
transfer function into lower order sections, or filter stages. The direct-form
transfer function of the filter given by Equation 3-1 (wéij= 1) can be
written as a ratio of transforms:

_ —(Np,—1
by + b,z +...+b,\lb_1z(b )

-1 _(Na_l) ’
l+ayz " +... +ay 4z

(3-2)

By factoring Equation 3-2 into second-order sections, the transfer function
of the filter becomes a product of second-order filter functions:

N, -1 -2
H(z) = boy + b1z~ + bz

= — (3-3)
= anZ  tayz

whereNg = | N,/2 | is the largest integer less than or equill® ,
andN, = N,. This new filter structure can be described as a cascade of
second-order filters.

x[il o—‘ Stage 1 H Stage2 | eee —o ylil

Figure 3-1. Cascaded Filter Stages
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You can implement each individual second-order stage using the
direct-form filter equations:

yLi] = box[i] + byx[i=1] +byx[i —2] —a,y[i - 1] —a,y[i-2]

The following illustration shows the graphical representation of these
direct-form equations.

x[i]

For each stage, you must maintain two past inpgits-(L], x[i — 2]) and
two past outputsy(i — 1], y[i — 2]).

A more-efficient implementation of each second-order stage is known at
the direct-form Il. You can implement each individual second-order stage
using the direct-form Il filter equations:

s[i] = x[i] —a;s[i—1] —a,s[i—2]
y[i] = bgs[i] + bys[i—1] + b,s[i—2]
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The following illustration shows the graphical representation of these
direct-form 1l equations.

sli] b,
xlil ylil

Finite Impulse Response Filters

Finite impulse response (FIR) filters are digital filters whose impulse
response is finite. FIR filters are also known as nonrecursive filters,

convolution filters, or moving-average (MA) filters because you can

express the output of an FIR filter as a finite convolution:

n-1
Vi = Kzohkxi —k» (3-4)

wherex; represents the input sequence to be filtgredpresents the
output filtered sequence, ahdrepresents the FIR filter coefficients.
FIR filters have the following characteristics:

« They can achieve linear phase due to filter-coefficient symmetry in
the realization.

e They are always stable.

* You can perform the filtering function using the convolution. A delay

generally is associated with the output sequence

delay = bl,

wheren is the number of FIR filter coefficients.
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You design FIR filters by approximating a specified desired-frequency
response of a discrete-time system. The most-common techniques
approximate the desired-magnitude response while maintaining a
linear phase response.

Format of the Filter-Coefficient Text Files

When you save your filter coefficients to a text file, the DFD application
generates a readable text file containing all the information you need to
implement the designed FIR or IIR digital filter. This section describes
the format for both FIR and IIR filter-coefficient files.

FIR-Coefficient File Format

The following table provides example FIR-coefficient text files
and descriptions.

Coefficient File Example Description
FIR Filter Coefficients type of file
Sampling Rate sampling rate label
8.000000E+3 sampling rate in Hz
N filter order label
22 filter order
h[0..21] coefficients label
6.350871E-3 1st coefficienth[0]
—8.833535E-3 2nd coefficienth[1]
—2.847674E-2
4.626607E-2
4.103986E-2
-1.114579E-1
-1.412791E-2
1.810791E-1
—5.984635E-2
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Coefficient File Example Description
—2.002337E-1
1.516199E-1
1.516199E-1

—2.002337E-1

—5.984635E-2

1.810791E-1
—1.412791E-2
—1.114579E-1

4.103986E-2

4.626607E-2

—2.847674E-2

—8.833535E-3
6.350871E-3 last coefficient, h[N — 1]

You can implement the FIR filter using Equation 3-4 directly.

lIR Coefficient File Format

IIR coefficient files are slightly more complex than FIR coefficient files.
IIR filters usually are described by two sets of coefficiemtndb
coefficients. A total oM x Sa coefficients andM + 1) xSb coefficients
exist, whereM is the stage order (usually 2) ad the number of stages.
An IR filter with three second-order stages has &woefficients per stage
for a total of sixa coefficients, and threecoefficients per stage for a total
of nineb coefficients.

The following table provides example IIR-coefficient text files
and descriptions.

Coefficient File Example Description
IIR Filter Coefficients coefficient type
Sampling Rate sampling rate label
8.000000E+3 sampling rate in Hz
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Coefficient File Example

Description

Stage Order

stage order label

2

order of each stage

Number of Stages

number of stages label

3

number of stages

a Coefficients

a coefficients label

6 number of coefficients
3.801467E-1 a, for stage 1
8.754090E-1 a, for stage 1
—1.021050E-1 a, for stage 2
9.492741E-1 a, for stage 2
8.460304E-1 a, for stage 3
9.450986E-1 a, for stage 3

b Coefficients

b coefficients label

9

number ofb coefficients

1.514603E-2

by for stage 1

0.000000E+0

b, for stage 1

1.514603E-2

b, for stage 1

1.000000E+0

b, for stage 2

6.618322E-1

b, for stage 2

1.000000E+0

b, for stage 2

1.000000E+0

by for stage 3

1.276187E+0

b, for stage 3

1.000000E+0

b, for stage 3

You can implement the IIR filter in cascade stages by using Equation 3-1
(maintaining two past inputs and two past outputs for each stage), or by
using the direct-form Il equations (maintaining two past internal states).
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Using Your Coefficient Designs
with DFD Utilities

This chapter describes the DFD Utilities that you use for BridgeVIEW,
LabVIEW, LabWindows/CVI, and Windows filtering applications.

LabVIEW DFD Utilities

This section contains descriptions of the DFD utilities you can use within
your LabVIEW applications to read DFD filter coefficient files and filter
your data using the coefficients.

The two DFD utilityvirtual instruments (Visare Read DFD Coefficients
and DFD Filter. To use these VIs, connect the file path of your coefficient
file to Read DFD Coefficients. Then connect the ouGuefficient

Cluster to DFD Filter, along with your input signal. Once this sequence
is followed and the VIs have executed, your filtered data is available at
the DFD Filter outpuFiltered X.
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Read DFD Coefficients

Reads the Digital Filter Design (DFD) filter coefficient files and returns the coefficient data
in a DFD coefficient cluster. You can use the DFD Filter VI to filter your signals using the
DFD coefficient.

Coefficient Cluster
- newfile path
file errar

coefficient file path

coefficient file pathis the LabVIEW path to the DFD coefficient file.
This file can either be in log or text-file format.cbefficient file path
is empty, you can select a coefficient file from an open file dialog.

Coefficient Cluster is the cluster of coefficient information read
from the coefficient file. The&oefficient Cluster contains the
following parameters:

coefficient typeis either 0 (IIR) or 1 (FIR).
sampling rateis the sampling rate in Hz.

IIR Filter Cluster is the cascade IIR filter cluster.

[DBL] h(n) contains the FIR filter coefficients.

new file pathis the file path to the coefficient file readctefficient file
path is empty, then the new file path contains the path to the file selected
from the open file dialog.

file error is set to TRUE if an error has occurred while reading or
interpreting the coefficient file.
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Filters the input

arra)X using the Digital Filter Design (DFD) coefficient cluster. Use the

Read DFD Coefficients VI to read your DFD coefficient files and properly initialize the input
Coefficient Cluster.

[DBL]
[DBL]
[DEL]

= ——— Filtered *
Coefficient Cluster arrar

init{cont (initF)

X contains the array of input samples to filter.

Coefficient Clusteris the cluster of coefficient information read from
the coefficient file. TheCoefficient Cluster is composed of the
following parameters:

coefficient typeis either 0 (IIR) or 1 (FIR).
sampling rateis the sampling rate in Hz.
lIR Filter Cluster is the cascade IIR Filter Cluster.

h(n) specifies the FIR filter coefficients.

init/cont (init:F) controls the initialization of the internal filter states.
Wheninit/cont (init:F) is FALSE (default), the internal states are
initialized to zero. Whemit/cont (init:F) is TRUE, the internal filter

states are initialized to the final filter states from the previous call to this
instance of this VI. To filter a large data sequence that has been split into
smaller blocks, set this control to FALSE for the first block and to TRUE
for continuous filtering of all remaining blocks.

Filtered X is the array of filtered output samples.

error is the error code returned from the filtering VIs. You can wire
this output to the Find First Error VI to produce an error cluster. Then
you can wire this cluster to the Simple Error Handler VI or the General
Error Handler VI for an immediate report on any errors. You can find
descriptions of error codes in AppendixByor Codes of theFunction
and VI Reference Manual
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LabWindows/CVI Utilities

This section contains descriptions of the DFD utilities that you can use
within your LabWindows/CVI applications to read DFD filter coefficient
files and filter your data using the coefficients.

The DFD Instrument Driver

The Digital Filter Design Toolkit provides a LabWindows/CVI
instrument driver file namedFDUTILS.FP. You can find this file in the
DFDUTILS\CVISRCAINSTR subdirectory of your installation directory.

The DFD utility functions contained in the instrument driver
DFDUTILS.FP use a filter coefficient structure that holds the filter
coefficients. The header fiRFDUTILS.H contains this filter structure
as well as the four DFD utility function prototypes:

#define inthum long

#define floathum double

typedef struct {
intnum type; /* type of filter (1p,hp,bp,bs) */
intnum order; /* order of filter */
intnum reset; /* 0 - don't reset, 1- reset */
inthum a; /* number of a coefficients */
floatnum *a; /* pointer to a coefficients */
intnum nb; /* number of b coefficients */
floatnum *b; /* pointer to b coefficients */
intnum ns; /* number of internal states */
floatnum *s; /*pntr to internal state array */

} FilterStruct, *FilterPtr;

FilterPtr AllocCoeffDFD (void);

long ReadCoeffDFD (char coeffPath(],FilterPtr
filterCoefficients, double *samplingrate);

long FilterDFD (double inputArray[], long n, FilterPtr
filterCoefficients, double outputArray(];
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AllocCoeffDFD

FilterPtr fptr = AllocCoeffDFD (void);

Purpose

Allocates and clears the DFD filter coefficient structure. You must call this function once to
allocate the DFD filter coefficient structure properly.

Return Value

Name Type Description
fptr FilterPtr Pointer allocated to filter structure
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ReadCoeffDFD

long err = ReadCoeffDFD (char coeffPath[],
FilterPtr filterCoefficients, double *samplingRate);

Purpose

Reads your DFD filter coefficient file. You must call AllocCoeffDFD once before calling
this function.

Parameters
Input
Name Type Description
coeffPath character array Pathname of DFD-coefficient file
Output
Name Type Description
filterCoefficients FilterPtr Paointer to filter-coefficient structure
samplingRate double Pointer to sampling rate
Return Value
Name Type Description
err long integer Error code
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D

FreeCoeffDFD
long err = long FreeCoeffDFD (FilterPtr filterCoefficients);
Purpose
Frees the DFD filter coefficient structure and all of its coefficient arrays.
Parameters
Input
Name Type Description
filterCoefficients FilterPtr Pointer to filter-coefficient structure
Return Value
Name Type Description
err long integer Error code
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FilterDFD

long err = FilterDFD (double inputArray[], long n,

FilterPtr filterCoefficients, double outputArray[]);

Purpose

Filters the input samples using the DFD filter coefficients. You musatadiCoeffDFD
andReadCoeffDFD once before calling this function.

You can use this function to filter blocks of one continuous sequence of input samples.
The input state of the filter is maintained using the DFD filter coefficient structure.
The number of output samples equals the number of input samples (

1Y

Parameters
Input
Name Type Description
inputArray double array Input array of unfiltered samples
n long integer Number of elements in input array
filterCoefficients FilterPtr Pointer to filter-coefficient structure
Output
Name Type Description
outputArray double array Output array of filtered samples
that must be at least as large as
inputArray
Return Value
Name Type Description
err long integer Error code

Using the DFD Instrument Driver

Add theDFDUTILS.FP to your project an@FDUTILS.H to your source
code. Now you can call the DFD utility functions in your C code.
An example calle®FDXMPL.PRJin theDFDUTILS\CVISRC\EXAMPLE
subdirectory shows you how to call the DFD utility functions.
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Windows DLL DFD Utilities

This section contains descriptions of the DFD utilities that you can use
from within your LabWindows/CVI applications to read DFD filter
coefficient files and to filter your data using the coefficients.

The Digital Filter Design Toolkit installs a 32-bit DLL named
DFD32.DLL for Windows 95/NT users. This DLL is located in the
DFDUTILS\WINSRC\WINDLL subdirectory of your installation directory,
along with a header fil&@FDUTILS.H.

The DFD DLL and header file have the following function prototypes:

FilterPtr AllocCoeffDFD (void);

long ReadcoeffDFD (char
coeffPath[],FilterPtr filterCoefficients,
double *samplingrate);

long FreeCoeffDFD (FilterPtr
filterCoefficients);

long FilterDFD (double inputArray([],
long n, FilterPtr filterCoefficients,
double outputArrayl[]);

See the descriptions for each function and its parameters in the previous
section,LabWindows/CVI UtilitiesCall these functions the same way in
your code as you call other DLL functions.

The Digital Filter Design Toolkit also provides an example for

Visual Basic 4.0 showing you how to call the DFD utility functions.
The source code is in tlEDUTILS\WINSRC\EXAMPLE\VBsubdirectory
of your installation directory.
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Customer Communication

For your convenience, this appendix contains forms to help you gather the information necessary
to help us solve your technical problems and a form you can use to comment on the product
documentation. When you contact us, we need the information on the Technical Support Form and
the configuration form, if your manual contains one, about your system configuration to answer your
guestions as quickly as possible.

National Instruments has technical assistance through electronic, fax, and telephone systems to quickly
provide the information you need. Our electronic services include a bulletin board service, an FTP site,
a fax-on-demand system, and e-mail support. If you have a hardware or software problem, first try the
electronic support systems. If the information available on these systems does not answer your
guestions, we offer fax and telephone support through our technical support centers, which are
staffed by applications engineers.

Electronic Services

Bulletin Board Support

National Instruments has BBS and FTP sites dedicated for 24-hour support with a collection of files
and documents to answer most common customer questions. From these sites, you can also downloac
the latest instrument drivers, updates, and example programs. For recorded instructions on how to use
the bulletin board and FTP services and for BBS automated information, call 512 795 6990. You can
access these services at:

United States: 512 794 5422
Up to 14,400 baud, 8 data bits, 1 stop bit, no parity

United Kingdom: 01635 551422
Up to 9,600 baud, 8 data bits, 1 stop bit, no parity

France: 01 48 65 15 59
Up to 9,600 baud, 8 data bits, 1 stop bit, no parity

FTP Support

To access our FTP site, log on to our Internet lipsiatinst.com , asanonymous and use
your Internet address, suchjessmith@anywhere.com , as your password. The support files and
documents are located in tlapport  directories.
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Fax-on-Demand Support

Fax-on-Demand is a 24-hour information retrieval system containing a library of documents on a wide
range of technical information. You can access Fax-on-Demand from a touch-tone telephone at
512418 1111.

E-Mail Support (Currently USA Only)

You can submit technical support questions to the applications engineering team through e-mail at the
Internet address listed below. Remember to include your name, address, and phone number so we can
contact you with solutions and suggestions.

support@natinst.com

Telephone and Fax Support

National Instruments has branch offices all over the world. Use the list below to find the technical
support number for your country. If there is no National Instruments office in your country, contact

the source from which you purchased your software to obtain support.

Country Telephone Fax

Australia 039879 5166 039879 6277
Austria 0662 4579900 0662 45 79 90 19
Belgium 02 757 00 20 02 757 03 11
Brazil 011 288 3336 011 288 8528
Canada (Ontario) 905 785 0085 905 785 0086
CanadaQuébe} 514 694 8521 514 694 4399
Denmark 4576 26 00 45 76 26 02
Finland 0972572511 09 725 725 55
France 0148 14 24 24 01481424 14
Germany 089 741 31 30 089 714 60 35
Hong Kong 2645 3186 2686 8505
Israel 03 6120092 03 6120095
Italy 02 413091 02 41309215
Japan 035472 2970 03 5472 2977
Korea 02 596 7456 02 596 7455
Mexico 5520 2635 5520 3282
Netherlands 0348 433466 0348 430673
Norway 32 84 84 00 3284 86 00
Singapore 2265886 2265887
Spain 91 640 0085 91 640 0533
Sweden 08 73049 70 08 7304370
Switzerland 056 200 51 51 056 200 51 55
Taiwan 02 377 1200 02 737 4644

United Kingdom
United States

01635 523545
512 795 8248
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Technical Support Form

Photocopy this form and update it each time you make changes to your software or hardware, and use
the completed copy of this form as a reference for your current configuration. Completing this form
accurately before contacting National Instruments for technical support helps our applications
engineers answer your questions more efficiently.

If you are using any National Instruments hardware or software products related to this problem,
include the configuration forms from their user manuals. Include additional pages if necessary.

Name

Company

Address

Fax(___ ) Phone (__ )

Computer brand Model Processor
Operating system (include version number)

Clock speed MHz RAM__ MB Display adapter

Mouse ___yes __ no Other adapters installed

Hard disk capacity _ MB Brand

Instruments used

National Instruments hardware product model Revision
Configuration

National Instruments software product Version
Configuration

The problem is:

List any error messages:

The following steps reproduce the problem:




Digital Filter Design Toolkit
Hardware and Software Configuration Form

Record the settings and revisions of your hardware and software on the line to the right of each item.
Complete a new copy of this form each time you revise your software or hardware configuration, and
use this form as a reference for your current configuration. Completing this form accurately before
contacting National Instruments for technical support helps our applications engineers answer your
guestions more efficiently.

National Instruments Products

Hardware revision

Interrupt level of hardware

DMA channels of hardware

Base I/O address of hardware

Programming choice

National Instruments software

Other boards in system

Base I/O address of other boards

DMA channels of other boards

Interrupt level of other boards

Other Products

Computer make and model

Microprocessor

Clock frequency or speed

Type of video board installed

Operating system version

Operating system mode

Programming language

Programming language version

Other boards in system

Base I/0O address of other boards

DMA channels of other boards

Interrupt level of other boards




Documentation Comment Form

National Instruments encourages you to comment on the documentation supplied with our products.
This information helps us provide quality products to meet your needs.

Title: Digital Filter Design Toolkit Reference Manual
Edition Date:  March 1998
Part Number: 320953B-01

Please comment on the completeness, clarity, and organization of the manual.

If you find errors in the manual, please record the page numbers and describe the errors.

Thank you for your help.
Name

Title
Company
Address

E-Mail Address

Phone (___ ) Fax(___)

Mail to: Technical Publications Faxto: Technical Publications
National Instruments Corporation National Instruments Corporation
6504 Bridge Point Parkway 512 794 5678

Austin, Texas 78730-5039



Glossary

Prefix Meanings Value
n- nano- 169
- micro- 1G-6
m- milli- 10-3

data acquisition (DAQ)  The process of acquiring data, typically from A/D or digital input
plug-in boards.

DFD Digital Filter Design.
FIR Finite impulse response.
IIR Infinite impulse response.

Nyquist rate Half the sampling rate.

The rate at which a continuous waveform is digitized.

sampling rate

virtual instruments (VIs) Programs in the graphical programming language called G; so called
because they model the appearance and function of a physical instrument.
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