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Figure 1-1. Signal Processing ROM Pack No. 2
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Section 1

GENERAL DESCRIPTION

INTRODUCTION

The TEKTRONIX 4051 RO8 Signal Processing ROM Pack No. 2 (FFT)and the Tektronix
4052 RO8 Signal Processing ROM Pack No. 2 (FFT) are Read Only Memory (ROM)
devices designed to be used with TEKTRONIX 4050 Series Graphic Computing Systems.
The 4051 ROM Pack is used only with a 4051 Graphic Computing System. The 4052
ROM Pack is used with either the 4052 or 4054 Graphic Computing Systems.

The 4051 and 4052 ROM Packs enable the System to perform complicated signal
processing operations on waveforms or other data stored in one-dimensional arrays. This
additional capability does not alter the operation of the Graphic Computing System or
occupy any of its available RAM (Random Access Memory) space.

The Signal Processing ROM Pack provides eight mathematical operations that are
essential to advanced signal processing and data analysis. Four of these (FFT, IFT,
CONVL, and CORR) are frequently used signal processing operations. The remaining
commands (POLAR, TAPER, UNLEAV, and INLEAV) are utility routines designed to refine
or convert the data into more useful formats. A summary of each command follows:

FFT — Computes the fast Fourier transform of an array, placing the results in the same
array.!

IFT — Computes the inverse Fourier transform of an array, placing the results in the same
array.!

CONVL — Convolves two input arrays, placing the results in a third array.!
CORR — Correlates two input arrays, placing the results in a third array.!

POLAR — Converts an array of FFT data from rectangular form (reals and imaginaries) to
polar form (magnitude and phase).

TAPER — Multiplies an array by a cosine window of program-selectable tapering weights.
When tapering is selected to be 50%, it provides a Hanning window.

UNLEAV — Sorts an array of interleaved FFT data into two arrays, one containing real
and one containing imaginary components.

1Operations must be performed on one-dimensional arrays.

4050 SERIES R08 SIGNAL PROCESSING @
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GENERAL DESCRIPTION

1-2

INLEAV — Interleaves the real and imaginary data from two input arrays into a third array
whose format is acceptable to the IFT command.

Operations provided by ROM Pack No. 2 are executed much faster than BASIC program
for the same function. For example, the FFT command computes a Fourier transform
approximately eight times faster than an equivalent BASIC program.

An additional benefit of the ROM Pack is that the signal processing routines require no

RAM space. The routines are permanently stored in ROM Pack memory, leaving the
System RAM space free for BASIC programs and data.

SPECIFICATIONS

Electrical

Power Requirements

The Signal Processing ROM Pack No. 2 draws all necessary power from the 4050 Series
Graphic Computing System power supplies.

Environmental

The Signal Processing ROM Pack No. 2 meets the environmenta! specifications of the
Graphic Computing System.

Temperature

Non-operating —40 to + 65 degrees C. (—40 to + 149 degrees F)
Operating + 10 to + 40 degrees C. (+ 50 to + 104 degrees F)

@ 4050 SERIES R08 SIGNAL PROCESSING
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GENERAL DESCRIPTION

Altitude

Non-operating 50,000 feet maximum

Operating 15,000 feet maximum
Humidity

Storage 95% non-condensing
Operating 80% non-condensing
Physical

Dimensions (including edge-board connector)

Length 11.84 centimeters (4.7 inches)
Width 6.65 centimeters (2.620 inches)
Depth 2.22 centimeters (0.875 inches)
Weight 227 grams (8 ounces)

Standard Accessories

4050 Series R08 Signal Processing ROM Pack No. 2 Instruction Manual.

4050 SERIES R0O8 SIGNAL PROCESSING @
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GENERAL DESCRIPTION

Installing the ROM Pack

1. Be sure the Graphic Computing System power switch is OFF,

; CAUTION
Inserting the ROM Pack while the power is ON ma y cause damage to the

ROM Pack. The Graphic Computing System memory contents ma y also be
lost. ;

2. Insert the ROM Pack into either one of the slots in the rear of the System as shown
in Figure 1-2. Press down and gently rock the plastic case until the ROM Pack edge
connector is firmly seated in the receptacle.

3. Turn the power ON and wait a few seconds for the System to warm up.

Figure 1-2. Installing the ROM Pack in the Graphic Computing System.

1-4 @ 4050 SERIES R08 SIGNAL PROCESSING
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Section 2

COMMAND DESCRIPTIONS

INTRODUCTION

This section contains a detailed description of each of the eight commands provided by
the Signal Processing ROM Pack No. 2. The explanations are intended for users who are
familiar with the operation of TEKTRONIX 4050 Series Graphic Computing Systems. If you
are not familiar with the Graphic Computing System, refer to the 4050 Series Graphic
System Operator's Manual.

The explanations include basic information about using the commands and, where
necessary, some background information about their algorithms. Section 3 includes a
demonstration program that shows how to use the commands described in this section. A
Command Summary is also provided in Appendix C for quick reference.

The ROM Pack routines are accessed with the CALL statement in 4050 BASIC. The
routine name can pe specified as a string constant in the CALL statement. Alternatively,
the routine name can be assigned to a string variable and represented in the CALL
statemant by that string variable. Refer to the 4050 Series Graphic Computing System
Reference Manual for more information on CALL statements.

DEFINITION OF TERMS

The command descriptions in this section make frequent reference to certain terms which
may be unfamiliar. A review of the following definitions should help in understanding the
information that follows.

real number — any rational or irrational number. (A rational number can be expressed as
the quotient of two integers.)

imaginary number — a number having the form bj, where b is a real number andj= \/_—‘i.

complex number — a number having the form a + bj, where a is the real part and bj is the
imaginary part. (j= v — 1)

complex conjugation — the process of negating the imaginary part of a complex number
to obtain the complex conjugate. (The complex conjugate of a + bjisa — bj; the
complex conjugate of 3 — 5jis 3 + 5j)

4050 SERIES RO8 SIGNAL PROCESSING @
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COMMAND DESCRIPTIONS

2-2

time domain — refers to a way of representing a signal so that the signal amplitude is
expressed as a function of time.

frequency domain — refers to a way of representing a signal so that the signal amplitude
is expressed as a function of frequency.

Fourier transform — a mathematical operation for converting a signal from the time
domain to the frequency domain.

inverse Fourier transform — a mathematical operation for converting a signal from the
frequency domain to the time domain.

rectangular form — an output format of the Fourier transform in which the spectral
components are expressed as real and imaginary numbers.

polar form — an output format of the Fourier transform in which the spectral components
are expressed in terms of magnitude and phase.

spectral components — refers to significant amplitudes existing at certain frequencies
within the spectrum.

spectrum — a graph of signal amplitude (or energy) versus frequency.

@ 4050 SERIES R08 SIGNAL PROCESSING
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COMMAND DESCRIPTIONS

THE FFT COMMAND

Syntax Form
NFFT"

[line number] CALL , array
string variable

Descriptive Form

lline number] CALL routine name, source/destination array

Purpose
The FFT command performs a fast calculation of the discrete Fourier transform, and

overwrites the data in the original (input) array. Only the positive half of the spectrum is
computed.

Examples

CALL “FFT",N!
CALL A$,F

Explanation

The FFT (fast Fourier transform) is an algorithm for quickly computing the discrete Fourier
transform. By means of the FFT command, the real and imaginary components of a
complicated signal or waveform can be determined. (Also, the magnitude and phase
components can be computed via the POLAR command.) The Fourier transform converts
a waveform (time domain) or time-series data into a corresponding spectrum (frequency
domain). For more information on the FFT, consult the references listed in Appendix B.

The format of the FFT command is illustrated by the following example:

CALL "FFT",F

4050 SERIES R08 SIGNAL PROCESSING @
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COMMAND DESCRIPTIONS

24

The FFT command has a single argument (F in the above example). This argument must
be an array with a power-of-two length between 16 and 1024, inclusive (i.e. 16, 32, 64,
128, 256, 512, or 1024). Before the FFT command is executed, the array argument must
contain the real-valued signai data on which the Fourier transform is to be performed.
After the command has executed, the original array data will be overwritten by the results
of the FFT computation. The complex output data will then be arranged in the following
order, where F refers to the array argument, and N refers to the array length:

F(1) =  Areal number representing the DC (direct current) value of the signal.

F(2) =  Areal number representing the value of the discrete “ourier transform at
the Nyquist frequency (1/2 the sampling frequency).

F(3) = Real part of the first Fourier coefficient.

F(4) =  Imaginary pait of the first Fourier coefficient.

F(5) = Real part of the second Fourier coefficient.

F(6) = Imaginary part of the second Fourier coefficient.

F(N-1) = Real part of N/2-1th Fourier coefficient.
F(N) =  Imaginary part of N/2-1th Fourier coefficient.

Notice that the first two array elements contain non-recurring data types, but that the
remaining array elements alternate between real and imaginary Fourier coefficients. While
this pattern of data may not be optimal for all applications, the real and imaginary
components can be easily segregated with the UNLEAV command (discussed later in this
section).

Theory of the Discrete Fourier Transform

The FFT command performs a fast calculation of the DFT (discrete Fourier transform),
which can be expressed mathematically by the following summation:

N-1
Xg(k) = E x(n)e—i2mnk/N  fork=0,1,..., N/2
n=0

In the above equation, N refers to the length of the array argument, and k is an index used
in generating the various Fourier coefficients. Also, in accordance with usual mathemati-
cal notation, e (2.718281828..) is the base of natural logarithms, and j is the square root
of —1.Xq(k) is the kth Fourier coefficient, and x(n) refers to the n+1th element of the real
data input.

@ 4050 SERIES R08 SIGNAL PROCESSING
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COMMAND DESCRIPTIONS

To iliustrate how the above summation is used to produce the final output array, assume
that the following command is being executed, where F is a 256-element array, initially
containing waveform data:

CALL “FFT"F

The following steps result in the computation of array F, ultimately containing FFT data.

NOTE

In the following equations, the real input data x(0), x(1), . .. x(255) is
initially stored in F(1), F(2), ... F(256), respectively, but for reasons of
clarity, the x array in the examples represents the input, and the F arra y
represents the output.

Compute array element F(1) by setting k to 0, and computing the resulting
summation:

255 255
F(1) = X4(0) = Z x(n)e°=Z x(n) = x(0) + x(1) + ...+ x(255)
n=0 n=0

As previously noted, F(1) is the first element of the output array (FFT data), and x(0)
through x(255) are the elements of the input array (waveform data).!

Compute array element F(2) by setting k to N/2 and computing the resulting
summation:

255 255
F(2) = X4(n/2) = Z x(n)e—imn = Z x(n)cos(mn)
n=0 n=0

Again, F(2) is the second element of the output array (FFT data), and the summation
runs through all the elements of the input array, X.1

Notice that both F(1) and F(2) are real numbers and thus are zero corresponding imaginary parts.

4050 SERIES R0O8 SIGNAL PROCESSING @ 2-5
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COMMAND DESCRIPTIONS

3. Compute array elements F(3) and F(4) by setting k to 1 and computing the resuiting
summation (known as the first Fourier coefficient):

255

Xg(1) = E x(n)e—imn/128
n=0

where F(3) is the real part of Xg4(1), and F(4) is the imaginary part of Xg4(1).

4. Continue computing array elements F(5) through F(256) in the same manner as
outlined in Step 3. For example, the last two elements computed, F(255) and F(256),
are found by computing the summation:

255
n=0

where F(255) is the real part of X4(127), and F(256) is the imaginary part of Xq(127).

In summary, after the FFT command is executed, the following data will reside in array

argument F:
N-1

F(1) = Xq4(0) = E x(n), a real number representing the DC (direct current)
n=0 -

value of the signal.

N-1
F(2) = Xgq(N/2) = E x{n)cos(mn), a real number representing the value
n=0
of the DFT at the Nyquist frequency.2

2The Nyquist frequency is one-half the sampling frequency.

2-6 @ 4050 SERIES R0O8 SIGNAL PROCESSING
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COMMAND DESCRIPTIONS

F(3) = Real part of first Fourier coefficient

Xq(1);
F(4) = Imaginary part of first Fourier coefficient
F(5) = Real part of second Fourier coefficient

Xq4(2);
F(6) = Imaginary part of second Fourier coefficient
F(N-1) = Real part of N/2-1t" Fourier coefficient

Xq(N/2-1).

F(N) = Imaginary part of N/2-1 th Fourier coefficient

For more information on the discrete Fourier transform and the FFT of ROM Pack No. 2,
refer to Appendix A.

The FFT Algorithm

The preceding discussion describes one method for computing the discrete Fourier
transform. It is instructive because it describes the way in which the FFT data is
formatted. In the case of the ROM Pack No. 2, however, there is a much faster method for
computing the fast Fourier transform: the Sande-Tukey decimation-in-frequency algor-
ithm. It uses a 256-element floating-point table containing one-quarter cycle of negative
sine-wave data for generating the necessary complex exponentials. The sine-wave data
has sufficient resolution to perform the FFT of any real data array of any power-of-two
length not exceeding 1024. The algorithm is a floating-point FFT requiring approximately
65 seconds (in the case of the 4051) or 4 seconds (in the case of the 4052) to compute
the 513 complex frequency samples of a real waveform of 1024 points.

For more information on the Sande-Tukey algorithm, refer to Section 7 in the Tektronix
concept book entitled The FFT: Fundamentals and Concepts. Several other references
in Appendix B provide additional in-depth information on various FFT algorithms.

4050 SERIES R08 SIGNAL PROCESSING @
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THE IFT COMMAND

Syntax Form
HIF'TH
[line number] CALL , array
string variable

Descriptive Form

lline number] CALL routine name, source/destination array

Purpose

The IFT command performs a fast calculation of the inverse Fourier transform and
overwrites the data in the original (input) array.

Examples

CALL "IFT", M2

CALL Is$,1

Explanation

The IFT (inverse Fourier transform) is an algorithm for computing the inverse operation of
the discrete Fourier transform. By means of the IFT command, the complex output data
from an FFT command can be transformed back into the original real signal data. In other
words, the IFT command transforms spectral data (frequency domain) into waveform data
(time domain).

The format of the IFT command is illustrated by the following example:

CALL "IFT",1

@ 4050 SERIES R08 SIGNAL PROCESSING
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COMMAND DESCRIPTIONS

Like the FFT command, the IFT command has a single argument (I in the above example).
This argument must be an array with a power-of-two length between 16 and 1024,
inclusive (ie., 16, 32, 64, 128, 256, 512, or 1024). Before the IFT command is executed,
the array argument must contain complex input data in the same form as output by the
FFT command. When executed, the IFT command returns real signal data, overwriting the
input array.

Theory of the Inverse Fourier Transform

The inverse Fourier transform can be expressed mathematically by the following
summation:

N-1
x(n) = (1/N) Xq(k)el2mnk/N  for n=0,1,.. ,N-1
k=0

In the above equation, N refers to the length of the array argument, and n is an index used
in generating the various elements of the output array data. Also, in accordance with
usual notation, e (2.718281828..) is the base of natural logarithms, and j is the square
root of —1. Xq(k) is the kth complex Fourier coefficient, and x(n) is the n+1th element of
the real data output.

To illustrate how the above summation is used to produce the final output array, assume
that the following command is being executed, where | is a 256-element array, initially
containing complex FFT data:

CALL "IFT",1

The following steps result in the computation of array |, ultimately containing real time-
domain signal data.

1. Compute array element (1) by setting n to 0, and computing the resulting summation:

255
(1) = x(0) = (1/266) ) " Xg(kleO = (1/256)[Xg(0) + Xg(1) +.. + Xg(255)
k=0

As previously noted, I(1) is the first element of the output array (IFT data), and X(0)
through X(255) are the 256 complex Fourier coefficients represented in the input
array.

4050 SERIES R08 SIGNAL PROCESSING @ 29
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COMMAND DESCRIPTIONS

2. Compute array element 1(2) by setting n to 1, and computing the resulting
summation: 255

1(2) = x(1) = (1/256) Xq(k)eimk/128
k=0

Again, I(2) is the second element of the output array (IFT data), and X(k) is the kth
Fourier coefficient.

3. Continue computing array elements 1(3) through 1(256) in the same manner as
outlined in Step 2. For example, 1(256) is found as follows:

255
1(256) = x(255) = (1/256) Z X g(K)ei2557k/128
k=0

To fully understand how the IFT command works, it is important to realize that the FFT
command of this ROM Pack displays only the posii..e half of a frequency spectrum; any
negative frequencies are not shown since, for real waveforms, they appear as a mirror
image (for the real part of the spectrum) and an inverted mirror image (for the imaginary
part of the spectrum). However, the IFT command still requires the entire spectrum
(positive and negative frequency components) before it can generate the time-domain
waveform. It is therefore necessary for the IFT algorithm of ROM Pack 2 to generate these
negative frequency comporents from the input array argument. This is done by creating
an additional set of array elements for the X(k)'s ranging from X(N/2+ 1) to X(N-1). Recall
that N is the input array length and X(k) is the kth Fourier coefficient defined by the
following inverse DFT relation:

N-1
x(n) = (1/N) E Xq(k)el27nk/N  forn=0,1,.., N-1
k=0

In the calculation of the IFT, X(N/2+ 1) through X(N-1) are defined by the complex
conjugation relationship:

X(N-k) = X*(k)

where * denotes the complex conjugate of X(k). This relationship is valid as long as each
of the output waveform array values, x(n), are real-valued.

2-10 @ 4050 SERIES R0O8 SIGNAL PROCESSING
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The IFT Algorithm

The preceding discussion describes one method for computing the inverse Fourier
transform. It is instructive because it describes the way in which the IFT data is formatted.
in the case of the ROM Pack No. 2, however, the IFT is not found by a discrete summation
process. Rather, the IFT command uses the same algorithm as the FFT command, except
that some of the initialization parameters are different. For more information on the
Sande-Tukey FFT algorithm, consult the references listed in the bibliography.

4050 SERIES R08 SIGNAL PROCESSING @ 2-11
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THE POLAR COMMAND

Syntax

“POLAR” constant
[line number] CALL , array, array, arrayy, variable
string variable expression

Descriptive Form

lline number] CALL routine name, source array (interleaved data), destination array
(magnitude), destination array (phase) [.delay parameter]

Purpose l
Normally, the FFT command returns its results in rectangular form (with the array

components being real and imaginary numbers). Quite often though, the results can be

interpreted more easily if they are in polar form (with the array components being ‘ l
magnitude and phase numbers). The POLAR command performs this conversion. The

POLAR command converts an array of FFT data from rectangular form (containing l

interleaved real and imaginary components) to polar form. This polar form consists of two
arrays: one containing magnitude components and one containing phase components.

Examples

CALL "POLAR",¥,;M,P,D1
CALL "POLAR",A,B,C
CALL P$,X,Y,2

Explanation

The POLAR command has three required arguments and a fourth optional argument. An
example of the command is:

CALL "POLAR",X,M,P,D1 I

2-12 @ 4050 SERIES R0O8 SIGNAL PROCESSING
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The first argument (X in the above example) is the input array and must be of length N,
where N is an even integer greater than or equal to 2. The array must contain complex
data in the same order as produced by the FFT command:

X(1) = Real number representing the DC value of the signal.

X(2) = Real number representing the value of the DFT at the Nyquist frequency.
X(3) = Real part of first complex coefficient.

X(4) = Imaginary part of first complex coefficient.

X(5) = Real part of second complex coefficient.

X(6) = Imaginary part of second complex coefficient.

X(N-1) = Real part of N/2-1 th complex coefficient.
X(N) = Imaginary part of N/2-1 th complex coefficient.

The second and third arguments (arrays M and P in the above example) are the output
arrays and contain the magnitude and phase calculations, respectively. They must each
be of length N/2+ 1, where N is the length of the first argument (array X). The magnitude

array is computed by the Pythagorean Theorem, and therefore contains real data of the
form:

M(1) = Magnitude of first real number = |X(1)|
M(2) = Magnitude of first complex number = /X(3)2 + X(4)2
M(3) = Magnitude of second complex number = /X(5)2 + X(6)2

M(N/2) = Magnitude of N/2-1 th complex number = /X(N-1)2 + X(N)2
M(N/2+ 1) = Magnitude of second real number = [X(2)|

4050 SERIES R08 SIGNAL PROCESSING @ 213
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2-14

The phase is calculated using the arctangent function according to the following method,
where r represents the real part and i the imaginary part of a complex number:

r i phase
<0 =0 = —7
<0 <0 arctan(i/r)—=
=0 <0 ==7/2
>0 <0 arctan(i/r)
=0 =0 =0
>0 >0 arctan(i/r)
=0 >0 =7/2
<0 >0 1 arctan(i/r)+ =

In the above table, phase is calculated modulo 2#: i.e., all the resultant phase values are
within the range of —= to + . By specifying a delay value in the optional argument (D1 in
the preceding example), the phase can be “unwrapped” modulo 27, giving continuous
phase. This unwrapping is accomplished by adding or subtracting the quantity 27 at the
points of discontinuity in the modulo 27 phase.

If the optional argument (D1) is not specified, then modulo 27 phase is used.S If the
optional argument is specified, continuous phase is produced. A value of O for D1 means
that continuous phase will be used, and the slope will be the same as for the case where
modulo 27 phase is used. If the delay parameter (D1) is not equal to zero, then the linear
component of phase whose siope is 27 D1 is subtracted from the phase. (For more
information on the theory behind continuous and modulo 2= phase, refer to the Tektronix
concepts book entitled The FFT: Fundamentals and Concepts, beginning at page 4-9)

When the delay argument is specified, it must be a constant, a floating-point variable, or
an expression evaluating to a constant. It cannot be an array element.

Phase can be computed in units of radians, grads, or degrees. Default units are radians,
but calculations in grads or degrees can be specified by a 4050 BASIC SET command.
(See the Graphic Computing System Operator's Manual for details.)

The POLAR routine is specifically designed to handle the output from an FFT command
where the data is formatted as previously described. However, the POLAR command can
be used as a general rectangular-to-polar conversion routine provided the input and
output format restrictions are satisfied.

3phase should be interpreted only at those points where there exist valid frequency components.
Because roundoff error in the FFT algorithm yields real and imaginary components close to but not equal
to O at points where there are no frequency components, their quotient (i/r) can yield what looks like
significant results — but in reality, they should be ignored.
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THE CORR COMMAND

Syntax Form

“CORR"”
[line number] CALL , array, array, array
string variable

Descriptive Form

[line number] CALL routine name, source array, source array, /destination
array

Purpose

The CORR command performs a fast correlation on two source arrays and places the
results in the destination array.

Examples

CALL "CORR",XsY,y2

CALL R$,R,B,C

Explanation

The CORR command performs a fast correlation operation on two input arrays, placing
the result in a third array. If the two input arrays are the same, or contain the same data,
the operation is called “auto-correlation.” If the two input arrays are different. the
operation is callcd “cross-correlation.” Autocorrelation is a useful method of detecting the
presence of periodic signals buried in noise. This technique is used in biomedical studies,
astronomy, and tone-control systems, tc name just a few applications. On the other hand,
cross-correlation is a useiul tool for detecting whether a known signal is presentin a
noisy environment. A common application for cross-correlation is the detection and
ranging of radar, sonar, and other transmitted signals.
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The format of the CORR command is illustrated by the following example:

CALL “CORR™,X,Y,2

The first two arguments (X and Y in the above example) are the input arrays to be
correlated. These input arrays must be of equal length N, where N is a power-of-two
integer between 8 and 512, inclusive (i.e., 8, 16, 32, 64, 128, 256, or 512). The third array
(Z in the preceding example) must be of length 2N. When the CORR command has
finished executing, the third array (2) contains the correlation results.

NOTE

The first two arrays (X and Y) will be overwritten with intermediate
results. Because the input arrays are overwritten, you may want to save
the original array contents elsewhere before executing CORR.

The Theory of Correlation

The CORR command performs a non-cyclic cross-correlation (or auto-correlation) which
can be described by the summation:

N-n-1
Z4(n) = (1/N) E X(k)Y(n +k) forn= —N+1,..,—-1,0,1,...N-1
k=0

In this equation, N refers to the length of the input arrays, and n is an index used in
generating the various elements of the output array. Also, X(k) is the k+1 th element of
the first input array, and Y(n+ k) is the n+k+1 th element of the second input array; k is
merely an index that defines the range of the summation. Finally, Z4(r) is an element of

the output array Z (containing the results of the correlation) which is formatted as follows:

Z(2) = Z4(—=N+1)
Z(3) = Zg(—N+2)

Z(2N-1) = Z4(N-2)
Z(2N) = Z4(N-1)

The first element Z(1) is used for storage of intermediate results only. On output, it is
always approximately zero, but should not be considered part of the CORR results.
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The above summation is computed in a fashion similar to that previously explained under
the description of FFT and IFT. That is, we compute the summation of X(k)Y(n+ k) as k
ranges from O to N-n-1; this is done for each value of n, beginning with n= —N+ 1 and
ending with n= N-1. Each value of n then defines a corresponding element of the final
output array Z. For some values of n and k, the index n+ k of array Y may be equal to a
number less than 0. When this occurs, 0 is used for Y(n+ k).

The CORR Algorithm

The preceding discussion describes one method for computing correlation. It is
instructive because of the way in which correlation data is formatted. In the case of the
ROM Pack No. 2, however, there is a faster computation method of which takes advantage
of the already present FFT and IFT algorithms. This method is based on the fact that the
correlation of two signals (time domain) is equivalent to the complex conjugate

muitiplication of their Fourier transforms (frequency domain). Stated in mathematical
terms:

CCag = A*(f)+B(f)

where A*(f) is the complex conjugate of the Fourier transform of a(x), and B(f) is the
Fourier transform of b(x) (with a(x) and b(x) being the two time-domain signals); CCapg is
the Fourier transform of ccyp, (the correlation of a(x) and b(x)).

Before the CORR command actually performs the correlation on two arrays, it appends N
zeroes to each of these input arrays (previously called X and Y). This prevents “wrap
around” errors in correlations implemented via the discrete Fourier transform. (If this were
not done, the assumgptions of periodicity that the FFT makes would bias the results.) The
input arrays X and Y are then transformed to the frequency domain via the FFT, and a
complex-conjugate multiplication is performed on the resulting arrays. (By “complex-
conjugate multiplication,” it is meant that the imaginary part of one of the Fourier
transform pairs is negated before performing the complex multiplication.) Finally, an
inverse Fourier transform (IFT) is performed on the product, resulting in a correlation of
the original arrays. This procedure is equivalent to the direct evaluation of the non-cyclic
correlation summation previously discussed, but the whole process is performed more
quickly due to the smaller number of calculations required.
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THE CONVL COMMAND

Syntax Form
“CONVL"

[line number] CALL ,array, array, array
string variable

Descriptive Form

[line number] CALL routine name, source array, source array, /destination
array

Purpose

The CONVL command performs a fast convolution on two source arrays and places the
results in the destination array.

Examples

CALL "CONUL",X,Yy2

CALL C$,H1,H2,H3

Explanation

The CONVL command perforr.s a fast convolution operation on two input arrays, placing
the result in a third array. The CONVL command performs an operation similar to the
CORR command. Like correlation, the convolution operation can be thought of as
successively shifting, multiplying, and integrating the two arrays (waveforms) to be
convolved. However, in the case of convolution, one of the waveforms is reversed in time
before performing the correlation process. (This is evident from examining the summation
that mathematically describes convolution.) An important application for convolution is
determinhing or predicting the output of a linear, time-invariant system.
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The format of the CONVL command is illustrated by the following example:
CALL “CONUL"yXyYy2

The first two arguments (X and Y in the above example) are the input arrays to be
convolved. These input arrays must be of equal length N, where N is a power-of-two
integer between 8 and 512, inclusive (i.e., 8, 16, 32, 64, 128, 256, or 512). The third array
(Z in the preceding example) must be of length 2N. When the CONVL command has
finished executing, the third array (Z) will contain the results of the convolution.

NOTE

The first two arrays (X and Y) will be overwritten with intermediate
results. Because the input arrays are overwritten, you may want to save
the original array contents elsewhere before executing CONVL.

The Theory of Convolution

The CONVL command performs a non-cyclic convolution which can be described by the
summation:

N-1
Z4(n) = X(k)Y (n-k) forn= 0,1,2,...,2N-2.

k=0

In the above equation, N refers to the length of the input arrays, and n is an index used in
generating the various elements of the output array. Also, X(k) is the k+1 th element of
the first input array, Y(n-k) is the n-k+1 th element of the second input array; k is merely
an index that defines the range of the summation. Finaliy, Z4(n) is an element of the
output array Z (containing the results of the convolution) which is formatted as follows:

Z(1) = Z4(0)
Z(2) = Z4(1)

Z(2N-1) = Z4(2N-2)

4050 SERIES RO8 SIGNAL PROCESSING @ 2-19
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The last element, Z(2N), is used for storage of intermediate results only. On output, it will
always approximate zero but should not be considered part of the CONVL results.

The above summation is computed in a fashion similar to that previously explained under
the description of FFT and IFT. That is, we compute the summation of X({k)Y(n-k) as k
ranges from O to N-1; this is done for each value of n, beginning with 0 and ending with
2N-2. Each value of n then defines a corresponding element of the final output array Z.
For some values of n and k, the index, n-k of the array Y may be equal to a number less
than 0. When this occurs, 0 is used for Y(n-k).

The CONVL Algorithm

The preceding discussion describes one method for computing convolutions. It is
instructive because it describes the way in which convolution data is formatted. In the
case of the ROM Pack No. 2, however, there is a faster method of computation which
takes advantage of the already present FFT and IFT algorithms. This method is based on
the fact that the convolution of two signals (time domain) is equivalent to the
multiplication of their Fourier transforms (frequency domain). Stated in more
mathematical terms:

CCap = Alf)-Blf)

where A(f) and B(f) are the Fourier transforms of a(x) and b(x) (the two time-domain
signals), and CCap is the Fourier transform of ccap, (the convolution of a(x) and b(x)).

Before the CONVL command actually performs the convolution on two arrays, it appends
N zeroes to each of these input arrays (previously called X and Y). This prevents “wrap
around” errors in convolutions implemented via the discrete Fourier transform. (If this
were not done, the assumptions of periodicity that the FFT makes would bias the results.)
The input arrays X and Y are then transformed to the frequency domain via the FFT, and a
complex multiplication is performed on the resulting arrays. Finally, an inverse Fourier
transform (IFT) is performed on the product, resulting in a convolution of the original
arrays. This procedure is equivalent to the direct evaluation of the non-cyclic convolution
summation previously discussed, but the whole process is performed more quickly due to
the smaller number of calculations required.
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THE TAPER COMMAND

Syntax Form

“TAPER” constant
[line number] CALL ,array |, variable
string variable expression

Descriptive Form

[line number] CALL routine name, source/destination array [, tapering parameter]

Purpose

The TAPER command multiplies the source array by a modified Hanning (cosine)
windowing function, then replaces the source data with the windowed data.

Examples

CALL "TAPER"™; X%, T1

CALL T$,A,P1

Explanation

A commonly encountered source of error in using FFT algorithms is referred to as
“leakage.” Leakage occurs when acquiring a time window of a periodic waveform
such that a non-integer number of cycles are transformed. Due to the non-integer
number of cycles in the time-window, some invalid assumptions are made that lead
to an attenuation and broadening of the spectral lines when the FFT is performed. In
the displayed spectrum, it appears that energy has “leaked” from one spectral line to
an adjacent one — hence the term “leakage.” To reduce leakage, it is necessary to
multiply the time-domain waveform by a windowing function, such as a cosine
(Hanning) window, before performing the FFT operation. This is the purpose of the
TAPER command. Time truncation errors are also reduced by windowing. These
errors occur when the implicit rectangular window creates a discontinuity at the
window edges. By gently tapering with TAPER, the discontinuities are lessened. (For
more information on windowing, refer to the Tektronix application note: Windowing
to Control FFT Leakage. Additional information on windowing and FFT leakage is

4050 SERIES R08 SIGNAL PROCESSING @
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found in the Tektronix concept book entitled The FFT: Fundamentals and
Concepts, beginning on page 5-13.)

The TAPER command performs a windowing routine with a variable taper. The format
of the TAPER command is demonstrated by the following example:

CALL “TAPER",X,T1

The first argument (X in the above example) must be an array of length greater than
four. It initially contains the real waveform data to be windowed. During command
execution, the data is multiplied by a cosine (Hanning) window with the specified

amount of tapering. This product then overwrites the original data stored in the array.

The optional second argument (T1 in the above example) specifies the amount of
tapering. If this optional argument is absent, a default value of 0.1 (10%) will be used,
meaning that the first 10% and last 10% of the rectangular acquisition window will be
tapered with the cosine window (see Figure 2-1). If the optional argument is present,
it must be a constant, floating-point variable, or expressicn between 0 and 0.5,
inclusive, representing the amount of tapering. (If T1= 0.5, then 50% tapering is
accomplished, resulting in the Hanning window which applies full tapering as shown
in Figure 2-1)

10% =i
25%
50% >

HANNING WINDOW

2841-3

Figure 2-1. lllustration of 10%, 25%, and 50% Cosine Window Tapering.

@ 4050 SERIES R08 SIGNAL PROCESSING

Microfiche scan by vintageTEK - Your donations help support the museum - vintagetek.org




COMMAND DESCRIPTIONS

A fatal error will be issued if the optional parameter evaluates to a number less than O or
greater than 0.5. The total number of points affected by the tapering is determined by
multiplying the percentage of tapering by the number of elements in the array and taking
the integer part of the result. If this product is less than 2, no tapering will be performed
and no error will be issued. With this restriction, the smallest array size possible using the
default taper value of 0.1 is 20 elements. Likewise, 50% tapering can be performed on an
array as small as five elements.
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THE INLEAV COMMAND

Syntax Form

“INLEAV”
[line number] CALL , array, array, array
string variable

Descriptive Form

lline number] CALL routine name, source array (real), source array (imagi-
nary), destination array (interleaved data)

Purpose

The INLEAV command interleaves the real and imaginary data from two source arrays into
one destination array whose format is acceptable to the IFT command.

Examples
CALL "INLEAV®",R,I,¥%
CALL N$,D,E,F

Explanation

The INLEAV command is essentially the inverse of the UNLEAV command. It interleaves
the data from two input arrays (containing real and imaginary data) into an output array
whose format is acceptable as input to the IFT.
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The format of the INLEAV command is illustrated by the following example:

CALL "INLEAU",R,I,X

The first two arguments (R and | in the above example) are the input arrays containing the
real and imaginary data to be interleaved, respectively. These arrays must both be of
length N/2+ 1, N being the length of the output array (X). N must be an even integer
greater than or equal to 2.

The result of the INLEAV operation is placed in the third argument (array X in the
preceding example), which is formatted as follows:

X(1) = R(1)

X(2) = R(N/2+ 1)

X(3) = R(2)

X(4) = 1(2)

X(5) = R(3) >
X(6) = 1(3)

.).((N-1) = R(N/2)
X(N) = 1(N/2)

The INLEAV command is specifically designed to handle the complex data in two arrays,
where the first array (R) contains the real parts, and the second input array () contains
the imaginary parts. It is further stipulated that:

R(1) = DC term

R(N/2+ 1) = Nyquist term
(1) = IIN/2+1) = 0

When the above conditions are met, INLEAV results in an output array (X) containing reai
and imaginary data in a format acceptable as input to the IFT command.

4050 SERIES RO8 SIGNAL PROCESSING @ 2-25
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THE UNLEAV COMMAND

Syntax Form
“UNLEAV”
[line number] CALL ,array, array, array
string variabie

Description

lline number] CALL routine name, source array (interleaved data), destination
array (real), destination array (imaginary)

Purpose
The UNLEAV command is used to sort the interleaved data from the FFT command into

two arrays, one with just the real components and one with just the imaginary
components.

Examples
CALL “UNLEAU",X,RyI

CALL U$,A,B,C

Explanation

The results of the FFT command are interleaved such that the real and imaginary
components alternate with each succeeding element number. However, this may not be
the optimum format, since it is often desirable to have the real and imaginary components
in separate arrays. The UNLEAV command can be used to achieve this separation.
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The format of the UNLEAV command is illustrated by the following example:

CALL “UNLEAU",X,R,I

The first argument (X in the above example) is the input array containing the data to be
unleaved; this array must be of length N, where N is an even integer greater than or equal
to 2. The second and third arguments (R and |) are the output arrays and must be of

length N/2+ 1. After the UNLEAV command has executed, the output arrays will contain
the following data:

R(1) = X(1) 1) = 0
R(2) = X(3) I2) = X(4)
R(3) = X(5) I(3) = X(6)
RIN/2) = X(N-1) IN/2) = X(N)
R(N/2+ 1) = X(2) IIN/2+1)= 0

The UNLEAV command is specifically designed to handle the complex output of the FFT
where X(1) and X(2) are real DC and Nyquist components. The result of UNLEAV places
the real components in the first output array, R, and the corresponding imaginary
components in the second output array, I. The DC term will appear at R(1), I{1) and the
Nyquist term at R(N/2+ 1), I(N/2+ 1). Notice that, because the DC and Nyquist terms are
real numbers, the imaginary components of the two terms are zero.
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Section 3

DEMONSTRATION-VERIFICATION PROGRAM

INTRODUCTION

This section includes a sample program that exercises the basic functions of the Signal
Processing ROM Pack No. 2. This program, written in 4050 Series BASIC, also illustrates
the use and syntax of each of the eight commands in the ROM pack. The program begins
by generating an initial test signa! and then sequentially performing the various signal
processing operations. (Hard copies of actual program output following each operation
are included)) If you encounter errors while using the ROM pack, this program can be run
to verify that the ROM pack is functioning properly.

RUNNING THE SAMPLE PROGRAM

The sample program uses four commands that are found ¢aly in Signal Processing ROM
Pack No. 1, namely the INTegrate, MAXimum, MINimum, ar:d DISPlay routines. If you do
not have access to ROM Pack No. 1, the INTegrate, MAXit:um and MINimum routines can
be simulated with a FOR loop, and the DISPiay routine can be simulated with a DRAW
command in a FOR ioop. Assuming that both ROM packs are available, install each ROM
pack in one of the two receptacles as discussed in Section 1 of this manual. Then enter
the program as shown. (Refer to the 4050 Series Graphic Computing System Reference
Manual if you need more information.)

4050 SERIES ROB SIGNAL PROCESSING
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32

After the program is entered into the Graphic Computing System, type RUN. If you
encounter any errors, refer to Appendix D. Find the error number in the appendix and
check the probable cause.

LIST
18 DIN X(236),Y(256),M¢129),P(129),C(512)
28 X=2%P1/128
38 Y=16xX
48 CALL "INT",X,X
358 CALL "INT",Y,Y
68 X=SIN(X)
78 Y=COScY)
88 Y=Y/ 2
98 X=X+Y
95 Y=X
100 L$="ORIGINAL SIGNAL*
118 GOSUB 1eee
200 L$="COMPLEX FFT -~ INTERLEAVED REALS AND IMAGINARIES*
218 CALL "FFT",Y
228 GOSUB 1000
3008 L$="FFT -- MAGNITUDE,.....AND PHASE"®
318 CALL "POLAR",Y,M,P
328 GOSUB 28008
338 GOsSuB Seee
408 | $="FFT ~- REALS,.....AND IMAGINARIES"
418 CALL "UNLEAU",Y,NM,P
426 GOSUB 2008
380 L$="IFT OF FFT OF ORIGINAL"
318 CALL “INLEAU",M,P,Y
320 CALL "IFT",Y
530 GOSUB 1ees
668 L$="AUTOCORRELATION OF ORIGINAL SIGNAL®
618 CALL "CORR",X,X,C
628 GOSUB 3eee
768 L$="CONVOLUTION OF ORIGINAL WITH IFT OF FFT OF ORIGINAL*®
718 CALL “"CONUL",X,Y,C
728 GOSuB 3800
738 GOSUB 5809
808 L$="TAPERED WINDOWS -~ 18%, 25%, AND S0% TAPERING"
810 X=1
828 CALL "TRPER",X
838 GOSUB 4688
848 X={
850 CALL *"TAPER",X,8.25%
860 gO?UB 4060
=

888 CALL "TAPER",X,0.S5

898 GOSUB 4869

988 PRINT *_JEND OF PROGRAM*
918 END

1888 CALL "MAX",Y,M2,I1
1818 CALL "MIN",Y,M1,I1
18628 WINDOW 8,256,M1,M2
ie3e ggEgPORT 18,110,18,90

1838 PRINT Ls

1868 CALL *DISP*,Y

1870 RETURM

2000 CALL "MAX™,M,M2,11

2818 CALL "MIN® MIM1.11

2020 WINDOW ©,129,M1)M2

2039 UIEWPORT 3,35, 38, 70

2038 PRINT Ls$
2860 CALL "DISP",M
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2870 CALL “MAX",P,M2,11
2080 CALL “"MIN",P,Mi,I1
2698 WINDOW 0,129,M1,M2
2188 VIEWPORT 65,115,38,70
2110 CALL "DISP",P

RETURN

3880 CALL "MAX",C,M2,11
3810 CALL "MIN",C,Mi,]1
3828 WINDOW 8,S512,M1,M2
3830 g'I“E;EPORT 18,110,10,90

3030 PRINT L$

3868 CALL "DISP",C

3878 RETURN

4880 CALL “"MAX",X,M2,I1
4810 CALL "MIN",X,M1,I1
4020 WINDOW 8,256,M1,M2
40830 géEEPORT 1e,110,20,78

4050 PRINT Ls$
CALL "DISP*,X
4070 RETURN
380€ FOR I=@ TO 2000
NEXT I

5820 RETURN

UNDERSTANDING THE PROGRAM

The first- 10 lines of the sample progfa_m’ére for initialization of parameters and creation of
l . the test signal. Line 10 dimensions five arrays: X, Y,M, P,and C. Arrays X and Y initially
contain the original signal and array Y will eventually store the results of the FFT and IFT
operations. Arrays M and P will be used to store the results of the INLEAV operation as
' well as the POLAR operation. Array C will hold the results of the CORRELATE and
CONVOLVE operations. Lines 20 through 70 create a 2-cycle sine wave and a 32-cycle
cosine wave, respectively. This is done by integrating a constant (to get a ramp function)
and then taking the sine and cosine functions of the resulting ramp. At line 80, the
amplitude of the cosine wave is halved to give the signal a more interesting spectrum.
Line 90 then creates a signal that is the algebraic sum of the sine and cosine waves. (Line
l 95 merely preserves an extra copy of this waveform for later use)
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Atline 100, a label (L$) for the original signal is created and this signal is then graphed
on the display screen by the subroutine at line 1000 (Figure 3-1).

ORIGINAL SIGNAL

34 @ 4050 SERIES R08 SIGNAL PROCESSING

Figure 3-1. Original Signal. I
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Beginning <ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>