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ABSTRACT

A high speed instrument capable of digitizing, enhancing and displaying
television images is presented. The instrument, called a Video Enhancement
Instrument, uses two dimensional (2D) recursive Spatial Integrator filters for
enhancing the images because of the reduced internal storage requirements
and the reduced number of arithmetic operations when compared with other
methods. The Instrument digitizes a (512 x 512) by 8 bit image in 1/30
second; enhances that image in approximately 4.0 seconds and instantane-
ously displays the enhanced image. The design technique can be extended,

by parallelism, to further reduce the time taken to enhance an image.

In support of the design method, an experimental comparison is pro-
vided of the implementation of a 2D Spatial Integrator filter with the imple-

mentation of a corresponding 2D Direct Form filter.

Highly acceptable recursive 2D Spatial Integrator filters of order (3 x 3)
may be implemented with single precision 16 bit integer multiplier
coefficients. 2D Direct Form filters of order (3 x 3) require 20 bit multiplier

coeflicients.

It is shown by examination of row-recursive 2D filtering, that the (n +1)
th row of an image may be processed concurrently with the n th row, pro-

viding the recursion in the (n +1) th row follows by one pixel, the recursion



iii

in the m» th row. Therefore, an algorithm which is suitable for mult:-

processor implementation is developed.

The Instrument consists of commercially available electronic circuitry
for acquiring a single black and white image from a television camera and
for displaying (512 x 512) by 8 bit images. The Instrument also contains a
2D Processor that has been specifically designed for 2D recursive filtering, a
central controller to interface the user to the Instrument and to synchronize
the 2D Processor to the Display Memory. The 2D Processor contains four
high performance 16 bit TMS32010 microprocessors that are manufactured
by Texas Instruments Inc. The Instrument provides twenty seven 2D filter
transfer functions, a function for contrast stretching, and a function for his-

togram equalization.
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1. A REVIEW OF LINEAR SHIFT INVARIANT 2D SIGNAL

PROCESSING

1.1. INTRODUCTION

A signal is any medium which conveys information. Examples of signals
include photographs, time varying voltages, and sequences of numbers. This
thesis is primarily concerned with the enhancement of digitized TV images
using two dimensional (2D) recursive filter algorithms. The concepts and

filtering algorithms developed here can easily be extended to any 2D signal.

The objective of image enhancement is to make the image more infor-
mative and useful to the observer. Linear two dimensional (2D) filtering
techniques are used to enhance images by amplifying or attenuating some of

the spatial frequency components of the image with respect to others.

This chapter contains a brief introductory review of the concepts of
linear shift invariant (LSI) 2D signal processing and the second chapter is
concerned with the implementation of 2D filter algorithms. The Spatial
Integrator method [5] is compared, in detail, with the widely used Direct
Form method and shown to have important practical advantages in terms of
the required arithmetical precision and the maximum processing speed. The

comparison is pursued in chapter 3 for an illustrative and particularly useful



(3 x 3) order transfer function. Arithmetic, quantization effects and dynamic
range are considered and detailed experimental simulations are reported. The
results confirm the superiority of the Spatial Integrator technique. Previ-
ously, only sensitivity results were available for 2D Spatial Integrator

methods [5].

A Video Enhancement Instrument is described in chapters 4 and 5. It is
a user friendly instrument that employs the Spatial Integrator technique and

multiple processors to enhance a (512 x 512) by 8-bit image.

1.2. TWO DIMENSIONAL SIGNAL PROCESSING

1.2.1. Two Dimensional Signals

A two dimensional (2D) discrete signal or 2D sequence is obtained from
a 2D continuous signal z,(s,t) by sampling at a finite number of grid
points. A discrete signal z(m ,n) sampled using a rectangular geometry is
illustrated in Figure 1.1. The sample points or picture elements called pizels

for x (m ,n ) are obtained from

z(mmn)=u=x,(s,t) |s

mS (1.1)
nT

where S, T are the sampling intervals along the spatial axes s, t respec-

tively.



Practical 2D images such as a photograph or an X-ray image are spa-
tially bounded; therefore z (m ,n) will only take on values for finite m and

n . Outside this finite region the image is undefined.

The 2D unit impulse §(m ,n ) is a special sequence defined as

1 m =n =0
— 1.2
bm,n)= {0 otherwise (1.2)

A second special sequence is the 2D unit step u (m ,n ) given by

{1m20andn20 (1.3)
u(m,n)= 0 otherwise ’

A third sequence of special interest is the complex exponential defined
by
z(m;m)=-ezp( fm + gn) (1.4)

where f and ¢ are complex numbers. If f and ¢ have unity magnitude this

sequence reduces to the complex sinusoid
z(m,n)=-ezp(jwym + jwyn) (1.5)
where

[ =ezxp(jw) (1.6)

g = ezxp (J wy)



1.2.2. Fundamental Operations

Multi-dimensional signal processing is used for the extraction of useful
information from a signal in the presence of extraneous information. This
usually involves the use of an operator that maps an input signal z(m ,n)

into an output signal y (m ,n ) by some transformation T'[ |.

The transformation T[] is linear if for arbitrary constants a and b and

for
yq(m,n)= T[xl(m,n)]; Yo(m,n)= T[xZ(m ,n)] (1.7)
the output can be given by

a y(m,m)+b yo(m,n)= T[a zy(m,n)+ b xz(m,n)] (1.8)

A shift invariant system is one for which a shift in the input sequence
implies a corresponding shift in the output sequence. A system will be shift

invariant for a transformation 7T'[] if and only if
y(m—k,n—l)=T[x(m—k,n—l)] (1.9)

for all integer values of £ and [.

A system that is both linear and shift invariant is termed a linear shift

invariant (LSI) system.



1.2.3. LSI Systems

LSI systems are an important class of discrete systems. This is because
the behavior of these systems in many cases can be characterized without
regard to a specific input. This makes LSI systems easy to analyze and rela-

tively easy to design.

Consider a linear system with an input z(m,n), which may be

represented as a sum of weighted and shifted 2D impulses.

z(man)= 3 §°: z (kL) 8(m—k,n—1) (1.10)

k=-00 | =—00

If this sequence z (m ,n) is applied to a linear system L [] the output

sequence will be given by

y(m,n)= i i x(lc,l)L[&(m—lc,n—l)] (1.11)

k=-00 | =-0

because z (k,l) is a constant for any (k,/). The value L [6(m —k, n—l)] is
the response of the linear system to a unit impulse located at (k,l). If the
system is also shift invariant the response L [6(m -k, n—l)] will be the
same for any ordered pair (k,l). Therefore, the impulse response for the

system is given by
h(mmnm)=1L [5(m ,n)] (1.12)

The impulse response h (m ,n ) completely characterizes an LSI system.



The 2D output sequence y (m ,n) of Equation 1.11 can be written as the

2D convolution summation

y(m,n)=
k

[P

l_f) 2 (k1) b (m—k, n-t) (1.13)

1.2.4. 2D Frequency Response for LSI Systems

The complex sinusoidal output response y (m ,n ) of an LSI system to a
complex sinusoidal input ezp (jw;m + jwyn ) is known as the system fre-
quency response. The output response y (m ,n) is determined by convolving

exp (Jwym + jwyn ) with the system impulse response A (m ,n ).

ymn)= 3 3 h(k,0)emp (fum—k)+ jwp(n—1)) (1.14)

k =-00 | =-00

y(m,n)=exp(jwym + jwyl) H(wywy) (1.15)
where
(0.0] o0 . :
H(wpw)= | 3 > h(k,l)eap(-jwik - juwyl) (1.16)
k =-00 | =-00

and H (w;, wy) is known as the system frequency response. It is the 2D

Fourier transform of the impulse response & (k,l).

If the system magnitude frequency response |H (w;, wy) | at a particular

frequency ordered pair (w;,ws) is close to 1 then frequencies at (wy,w,) will be

transmitted. A system for which ‘H(wl, wo)

at (wp,wy) is close to zero will



reject these frequencies.

1.2.5. 2D Transfer Function

The 2D frequency response is the response of an LSI system to a com-

plex sinusoidal input. If the input to an LSI system takes the form of a com-

plex exponential
z(mn)=2z] 25 (1.17)

where z; and z, are complex numbers. The output y (m ,n) defined by the

convolution summation will be

- ko n-l
> o2 2T h(k,l) (1.18)
=-00

where

H(zy, 29) = i § h(k,l)zi* 25 (1.19)

k=-00 | =-00

and is known as the transfer function. The transfer function of a 2D LSI sys-

tem is the 2D Z transform of the impulse response.

1.2.6. 2D Difference Equations

A difference equation of a 2D LSI system defines a relationship between
a 2D input signal z(m,n) and a 2D output signal y(m,n). A 2D LSI

difference equation of finite order has the form



K, L, K, L,
b Y byylm—k,n-l)= 3 3 ayz(m-k,n-l) (1.20)
k=-K,l=-L, k=-Kgl=-Lg

where K |, Ko, K3, K4, Ly, Lo, L3, L4 are integers and by, and a;, are con-

stants.

An output y(m,n) can be computed provided the input values
z(m—k,n-l) on the right hand side of Equation 1.20 are available and the
other output values y (m —k, n—{) have either been previously computed or

have been specified as initial conditions.

A filter in which by equals zero except for by, which equals one in
Equation 1.20 is termed a Finite Impulse Response (FIR) or nonrecursive
filter. This is because a FIR filter has an impulse response with a finite

number of samples. FIR filters are always stable.

An Infinite Impulse Response (IIR) or recursive filter is one in which the
by, values of Equation 1.20 are not all equal to zero. Because the past out-
put values y(m—k,n-l) are used in the calculation of the current output
y (m ,n), the impulse response of an IIR filter is spatially unbounded. 2D IIR
filters may or may not be stable. All the 2D IIR filters used in this thesis
were designed using the Ramamoorthy/Bruton method [3,4] which guaran-

tees a stable 2D IIR filter.

The Transfer function H (z, z,) of a 2D LSI system can be computed

by taking the 2D Z transform of the difference Equation (Equation 1.20) giv-



ing
= ko -l
Y (2, 2,) e E Qg 21" Zg
— 1 2 . k=—K3l——L3
H(Z]J z2): X(zl,22) — KQ L2 (1-21)
Yo by ozt zg
k=—K11——L1
where

Y(21,29) =2 [y(m,n)] and X (z1,29) =7 [m (m ,n)]

1.2.7. 2D Discrete Fourier Transform

The 2D Discrete Fourier transform (DFT) is an exact Fourier transform
for a spatially bounded 2D sequence and it is a Fourier series expansion for a
2D periodic sequence. This dual nature of the transform accounts for many

of the properties it possesses.

A 2D periodic sequence z (m ,n) may be represented as a finite sum of

harmonically related complex sinusoids

o o
X (k,l) ezp (5=-mk + j=—nl)  (1.22)

. 1 A
Blmn) = g 2 M N

I MZ

where X(k ,[) are the Fourier series coefficients given by

< M-1N-1 .2m .27
X(k,l)= 3% 3 w(m,n)ewp (-j7zmk - j=znl) (1.23)
m =0n =0

These two relations (Equation 1.22 and Equation 1.23) define a transform

from one periodic sequence to another periodic sequence.
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A 2D finite duration sequence z(m ,n) can easily be expanded to a

periodic sequence z (m ,n ) by

z(mn)= i i z(m—kM, n-IN) (1.24)

k=-00 l=-00
where M and N are the row and column size of the original sequence.

The DFT consists of samples of the Fourier transform. Therefore, in
order for the complete recovery of the Fourier transform and the original
sequence by the use of the inverse Fourier transform the input sequence
z(m,n) must be spatially limited. The 2D DFT ;Y(Ic,l) of the periodic
extension z (m ,n ) of z(m ,n) (Equation 1.24) computed from Equation 1.23
is the periodic extension of the sampled Fourier transform of the finite dura-

tion sequence z (m ,n ).

The usefulness of the Fourier transform is that the Fourier transform of
the convolution of two sequencies is the product of their Fourier transforms.
A similar statement can be made about the DFT; the DFT of the circular
convolution of two sequences is the product of their DFTs. It can be shown
that if a 2D input sequence z(m ,n) has a spatially limited DFT of size
P X @ and the impulse response of a 2D LSI system h(m ,n) has a spa-
tially limited DFT of size R X S, then the output sequence y (m ,n ) can be

computed using DFTs by
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(1) Choosing the size of the DFT M X N such that

M >P +R (1.25)
N>2@Q+S
(2) The sequence h(m,n) and z (m ,n) are augmented
with zeros to fill in the undefined sample points.
(3) The M X N point DFTs of h(m,n) and z(m ,n)

are computed to form H (k,l) and X (k,l).

(4) The product H(k,l) X (k,l) is computed.

() The M X N point inverse DFT of H (k,l) X (k,l)
is computed.

In simulating LSI systems, it is this result which is equivalent to com-

puting the linear convolution that is desired.

1.2.8. Row - Column 2D FFT

A (M x N) point 2D DFT can be calculated by first computing the 1D
DFT of each column of a 2D input z(m ,n) or the 2D impulse response
h (m ,n), forming an intermediate array, followed by the 1D DFT of each
row. If M and N are powers of 2 a 1D FFT can be used for each row or
column. Thus, it can be shown that the total number of complex multiplica-

tions T opmpie; using a Row - Column 2D FFT is
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logy(MN')
Tcomple:c = MN — _—2 (1.26)

1.3. REALIZATION OF A 2D LSI SYSTEM

1.3.1. Introduction

A 2D LSI system enhances an input signal X = z(m ,n) so that the
desired output signal Y = y(m ,n ) is easier to observe. For example, a 2D
LSI lowpass filter may be used to smooth a low illumination TV image

because this type of degraded image contains high frequency spatial noise.

There is a lot of choice in the method used to implement a 2D LSI sys-
tem. A designer may use a difference equation to directly implement a FIR
or IIR filter, or the filter may be implemented using a 2D FFT. In this
thesis, an Instrument was designed that implements IIR filters. The next sec-
tion examines the different methods of implementation which formed the

basis for choosing IIR filters.

1.3.2. FIR filters

One of the biggest advantages of a FIR filter is that an implementable
2D FIR filter can be designed to have a purely real frequency response.
With a 2D LSI system, the input signal X is represented as a superposition
of complex sinusoids. An LSI filter with a non-trivial frequency response will

provide a complex amplification of some of the sinusoidal components of X
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and a complex attenuation of others. The phase response of a filter will shift
some frequency components of X with respect to the others. Thus for a
filter with a non-linear phase response a line or an edge in a 2D image that is
composed of aligned sinusoidal components will appear slightly blurred since
some of the frequency components are shifted with respect to the other fre-

quency components.

Another advantage of FIR filters is that they are always stable. An
algorithm to design FIR filters is not constrained as to the values it may

choose for the difference equation multiplier coefficients.

A disadvantage of FIR filters is that an acceptable frequency response
may require a very high order filter, that is, there may be a large number of
difference equation multiplications. In the 1D case, FIR filters of order 30 to
40 are not uncommon. In the 2D case a direct implementation of the
difference equation of a (40 x 40) order filter would require 1681 multiplica-
tions for each output pixel. For a (512 x 512) pixel image the total number
of real multiplications required for a (40 x 40) order Direct Form 2D FIR

filter implementation is 419 X 106,

1.3.3. 2D FFT Implementation

A more efficient implementation of a high order FIR filter is to use a 2D
FFT. The number of arithmetic operations required to compute an output

image Y from an input image X using a 2D FFT is not as dependent on the
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order of the filter as a spatial domain convolution summation. Assume that
the DFT frequency response H (k,l) has been computed and is stored in
memory. To compute the desired output samples y(m ,n) two 2D FFTs
must be performed, one forward and one inverse. If a Row - Column 2D
FFT algorithm is used, the number of real multiplications required to com-
pute the two 2D FFTs and to compute the intermediate array

H(k,J)X(k,l)is
2 MN logy(MN ) + 2 MN (1.27)

where M and N are powers of 2 and are the row and column sizes of the 2D
FFT. For a (512 x 512) point 2D FFT implementation the total number of
real multiplications will be 9.96 X 10°. The size of the input image may
have to be smaller than 512 pixels to prevent spatial aliasing from the circu-

lar convolution of the input image X = z(m ,n ) with the impulse response

h (m ,n) of the filter.

Although a 2D FFT implementation of a filter is more efficient with
respect to computation it requires sufficient storage to contain all N, M
points of the input image X and all M, N points of the DFT frequency
response of the filter H (k,l). If several types (highpass, lowpass) of filters
with different cut off frequencies are required the amount of storage neces-

sary becomes prohibitive.
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One of the inherent disadvantages of a 2D FFT implementation over a
difference equation implementation is the spectral resolution of the 2D FFT.
Consider the implementation of a lowpass filter with a very low cutoff fre-
quency. In the 2D spatial domain, frequencies below the cutoff frequency will
be sampled numerous times per cycle. To distinguish between frequencies
slightly below the cutoff frequency and frequencies slightly above the cutoff
frequency requires a highly selective filter. This implies the use of a high

order difference equation.

In the 2D frequency domain, the spectral resolution that is the w;,w,
sampling frequency is fixed by the size of the 2D FFT. If the input image X
is composed of low frequency components, the 2D FFT of this image will
reflect these components by being composed of samples close to the origin in
the w;,w, frequency plane. Since the distance between adjacent frequency
points (spectral resolution) is fixed by the size of the 2D FFT it would be
impossible to design a highly selective frequency domain lowpass filter in this
frequency range. To increase the spectral resolution a larger size 2D FFT

could be used but this would also increase the number of computations.

1.3.4. 2D IIR Filters

The implementations in the spatial domain discussed above have been
for FIR filters. 2D FIR filters are a subset of the broader class of IIR filters.

The difference equation of a general finite order IIR filter is given in
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Equation 1.20. The general transfer function is given in Equation 1.21. The
design of FIR filter frequency responses is limited to the manipulation of the
ap, coefficients of Equation 1.21 since the denominator of a FIR filter fre-
quency response is one. With IIR filters both the a;; and by, coefficients may
be optimized. As expected, the degree of freedom in being able to manipu-
late both the denominator and numerator of Equation 1.21 allows a similar

magnitude frequency response to be met with a much lower order filter than

with a FIR filter.

There are some unique problems in the implementation of IIR filters.

The implementation of IIR filters is discussed in length in chapter 2.

Highly selective (3 x 3) order stable IIR filter have been designed using
the Bruton/Ramamoorthy method. A direct implementation of these (3 x 3)
order filters using the difference equation (Equation 1.20) requires 31 multi-

plications per pixel. For an image size of (512 x 512) pixels the required

number of multiplications is 8.12646 X 10°.

IIR filters do not require as much memory as either a FIR filter or a 2D
FFT implementation. The required information for the difference equation
(Equation 1.20) to compute a pixel y (m ,n ) is the input and output pixels in
the neighborhood of y (m ,n ) and z (m ,n ). Thus to compute an output pixel
y (m ,n) only a small window of the entire image is required. It is shown in

chapter 2 that a (M x N) input image X may be transformed into an output
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image Y using a (3 x 3) order IIR filter with an internal storage requirement

of (3 x M) words.

When using a 2D FFT implementation, the entire image X is usually
resident in memory before the FFT transformations. A 2D LSI system that
implements IIR filters may start processing the input X while it 1s still being

sampled. This presents a significant savings in time and memory over a 2D

FFET implementation.
The advantages of using 2D IIR filters to implement an LSI system are

(1) a reduced number of arithmetic operations when

compared to FIR and 2D FFT implementations.

(2) a significant savings in the storage requirement for

intermediate calculations

(3) a spatial domain implementation that does not
have the spectral resolution problems inherent with

FFT implementations.

A disadvantage of a IIR filter is that it is much more difficult to design.
The manipulation of the by coefficients in Equation 1.20 must be con-

strained to achieve stability. If for any frequency ordered pair z,,z, where

Z1,29 |21 the denominator of Equation 1.21 becomes zero the filter may be

unstable.
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Another disadvantage of IIR filters is that in general the phase response
of a IIR filter will be non-linear. If the distortion in the output image Y due
to the phase becomes too severe the image may need to be filtered a second
time in the opposite directions. The resultant zero-phase transfer function

G (wy,wy) can be expressed in the frequency domain as [2]
G (wywp) = H (wy,wg) H ™ (wy,wy) (1.28)

The inverse DFT of H * (w;,ws) is given by
F-l [H*(wl,wZ)] BUPL T (1.29)

from which it is clear that the directions of recursion are reversed.

Despite the disadvantages of IIR filters, they provide an excellent
method of implementing LSI systems. The computational, storage and data
manipulation savings of a 2D IIR filter implementation over 2D FFT and 2D
FIR filter implementations make possible the design of the 2D Video

Enhancement Instrument described in chapter 4.



Graphical Representation of 2D Pixels

Figure 1.1
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2. THE REALIZATION OF TWO DIMENSIONAL RECURSIVE

FILTERS

2.1. INTRODUCTION

A digital filter can be implemented in two ways; the filter can be real-
ized on a digital computer or it can be realized with dedicated hardware.
Two dimensional (2D) filters implemented in software perform too slowly for

many applications.

A hardware system can be designed to be portable, fast, and a fraction
of the cost of even a minicomputer system. Hardware has the disadvantage
that the filter structure, that is the algorithm, cannot be changed as easily
as software. With both methods the user must design and incorporate
acquisition and display interfaces. The trade-off between the two methods is
the flexibility of software versus the computational speed of dedicated

hardware.

The realization of 2D filters is described in this chapter. This descrip-
tion takes the form of a signal flow graph (SFG). A Direct Form 2D SFG is
developed for row-recursive or column-recursive image processing. This SFG
structure is extended to include Direct Form and Spatial Integrator realiza-

tions.
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A brief introduction to a system for high-speed image processing is
presented in section 2.6. High-speed is attained by using an algorithm that
splits the 2D processing into a number of 1D processing tasks. Each of the
1D processing tasks consists of calculating the output pixels y(m,n) of a
single row or column of the 2D input image X =z (m ,n ). The 1D process-
ing tasks can be performed in parallel to achieve a high-speed image process-

ing system.

2.2. 2D RECURSIVE FILTERS

Quarter plane (QP) filters are a class of two dimensional infinite
impulse response (IIR) filters that can be realized recursively. The difference
equation for a 2D LSI QP recursive filter is

K L
y(mm)= 3 Y ay z(m-k,n-1)-
£ —=01=0 k

I 0=

L
¥
=0

(k1) 7#(0,0)

by y(m—k,n-1)
! (2.1)

where y(m,n) is the current output pixel, z(m,n) is the corresponding
input pixel, and the pixels z(m—k,n-l) are contained in a rectangular
mask of input pixels of dimensions K +1, L +1 shown in Figure 2.1b. Simi-
larly the pixels y (m —k, n—l) are contained in a rectangular mask of output
pixels of dimensions K +1, L +1 shown in Figure 2.1a. Equation 2.1
describes a filter that is causal in the positive m and positive n directions.
This means that the current output value y (m,n) is determined from the

current input value z (m ,n ) and mask values which lie below and to the left
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of the current output y (m ,n) in Figure 2.1a and Figure 2.1b. Because the
current output y(m,n ) is calculated from its mask values the direction of
recursion, or the direction in which the filter output y (m ,n ) is calculated, is
fixed in one of the two directions shown in Figure 2.2. In the case of a row-
recursive QP filter y (m +1,n) will be the next pixel to be calculated, for a
column-recursive QP filter y (m ,n +1) will be the next pixel to be calculated
(Figure 2.2).

Other types of QP filters in which the direction of recursion is in the
negative m or n direction are also realizable and shown in Figure 2.3.
There are four types of QP recursive filters depending upon their mask

orientations. These filters correspond to the four quadrants of the x-y plane.

2.3. A SIGNAL FLOW GRAPH FOR A DIRECT FORM 2D

FILTER

Consider the filtering of an image X = z(m,n ) having M X N pixels

where

m is the column index; m =0,1,2,3... M-1

n is the row index;n =0,1,2,3 ... N-1

using a QP filter to produce an output image Y . For the 2D difference equa-
tion (Equation 2.1) a spatially bounded image may be processed row-by-row

(incrementing the m index first) or column-by-column (incrementing the n
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index first). In either case the 2D input image is presented to the filtering
algorithm as a stream of vectors, where each vector is a row or column of
the input image X as shown in Figure 2.4. For a row-recursive QP filtering
algorithm there will be N row vectors each of M pixels in length. When
processing an input vector U, , information is required from the previous
input image row vectors U, _;, U, o, - -+ , U,_g and output image row
vectors V, 1, V, o, -+ , V,_g to determine the pixel elements of output
vector V, . For example, consider a QP filter of order (2 x 2). The
difference equation for this filter is given by

2

2 2 2
y(mmn)= 3 Yaga(m-kn-l)-3 3 bkz?l(m—k,n—l)(zz)
k=0l=0 k=0 1=0 ’

(k1) (0,0)

The masks required to calculate the current output pixel y (m ,n ) are shown

in Figure 2.5.

When the current output y(m,n) has been calculated using the
difference equation (Equation 2.2), the next output pixel to be calculated in a
row-recursive QP filtering algorithm will be y(m +1,n). The new masks

required to determine y (m +1,n ) are shown in Figure 2.6 in the solid frame.

A comparison of the masks for the previous pixel y(m ,n) and the
masks for the pixel y(m +1,n) is shown in Figure 2.6. The information
required for the masks for calculating y (m +1,n) can be obtained from the

y(m,n) masks with the exception of the following pixels; z(m +1,n),
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z(m+1Ln-1), z(m+1,n-2), y(m,n), y(m+1L,n-1), y(m+1,n-2). Of
course, y (m ,n) is the output from the previously calculated difference equa-
tion so it is readily available and z(m +1,n) is available from the input

image.

Placing this into vector notation, the required vector elements for the

calculation of output vector element V, (m +1) are

Input vector elements
Un (m +1) Un (m) Un (m —1)
Un —l(m +1) Un—l(m ) Un—l(m _1)
Upo(m+1)  Uyo(m) Uy g(m-1)
Output vector elements
Vn (m ) Vn (m _1)

Vn —l(m +1) Vn —l(m ) Vn —l(m —1)
Vn —Q(m +1) Vn —2(m ) Vn —2(m _1)

Consider a 2D SFG implementation of the above algorithm which
processes row vectors U, as inputs and row vectors V, as outputs. The
special diagrammatic notation for such a 2D SFG is summarized in Figure
2.7 where it will be observed that the operator 7T'; implies a unit row shift
between two nodes of the graph and similarly 7', implies a unit column
shift. The 2D SFG in Figure 2.8 is proposed for the implementation of the (2
x 2) order 2D difference equation (Equation 2.2). The suggested algorithm

requires three input row vectors U,, U,_;, U, o and two previously
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calculated output row vectors V, _;, V, o to calculate one output row vector

v

. 5

For a spatially bounded image that is processed using a row-recursive
QP filtering algorithm, pixel z (m ,n +1) will be processed M iterations after
pixel z(m,n) as shown in Figure 2.9. This suggests that each element of
input vector U, _; in Figure 2.8 be obtained by shifting each element of
input vector U, , M pixels. Similarly, vectors U, o, V,_;, V,_o can be
derived from vectors U, 4, V, , and V, _; respectively by shifting each of the

elements of these vectors, M pixels.

The 2D structure in Figure 2.8 processes a spatially bounded image

X = { UgU, Uz - - UN-1} that is the dimensions of the image M and N

are finite; therefore the mask elements at the start of each row vector U,
must be initialized. For example, when calculating the output vector ele-
ment V; (0) all the mask elements except U, _4(0), U, _5(0), V,_y0), V5 _2(0)
are off the edge of the image as shown in Figure 2.10 and should be set to an
initial value since they would otherwise contain values derived from the cal-

culation of V, (M -1). An initial value of zero is chosen.

Taking the above considerations into account a 2D spatially bounded
SFG is proposed and is shown in Figure 2.11. The SFG is known as a

Direct Form structure because there is a one to one correspondence between



26

the nodes of the SFG and the 2D difference equation (Equation 2.2).

The advantages of the proposed SFG structure are:

(1) The task of processing a 2D IIR filter can be con-
sidered as a series of 1D processing tasks since the
input image X and output image Y are considered
as a stream of 1D row vectors U, and V,. It is
then easier to implement the 1D processing tasks in
dedicated hardware or with computer software

than it is to implement a 2D processing task.

(2) After the input image X has been translated into
the input vector stream U, , the same memory used
for the input image can be used to store the output
vector stream V,. For a (512 x 512) by 8-bit

image this is a saving of 256 Kbytes.

2.4. A REDUCED COLUMN SHIFT 2D DIRECT FORM STRUC-

TURE

A 1D canonic recursive filter is one in which the number of unit delays
is equal to the order of the filter [7]. This section develops a similar reduced
unit delay structure for 2D recursive filters. The proposed reduced unit delay

2D QP filter of order (K x L) (row order by column order) when processed
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using a row-recursive filtering algorithm will have K(L+1) row delay ele-
ments and L, column delay elements. The advantage of this structure is that
a reduction in the number of shift operations means a reduction in the

amount of internal storage.

Consider the Z-transform of the (2 x 2) order filter difference equation

(Equation 2.2)

Z(y(mmn)) _ N(zp29)

Hy(z,29) = Z(z(m,n)) D) (2.3)
22] 22] a2t 25t
k=0 1=0

(k,1)#(0,0)

2 2
1+ 3 > by zi* 25!
k=0 |

In Figure 2.12a the transfer function, Hy(z,z,) is broken down into two
simpler cascaded transfer functions. In the reduced column delay structure
the order in which the two simple transfer functions are realized is reversed
as shown in Figure 2.12b. A realization of this structure is shown in Figure
2.13 using a signal flow graph representation. The T'! operation of Figure

1

2.11 can be replaced by z;" and the TM operation by z5 1 since these are

the z-domain characteristics of these elements.

Examining nodes A and A’ of Figure 2.13 one finds that both these
nodes contain the same value. Similarly, the points B and B’ are the same

value since there is only a unit column delay between A -B and A’ -B' .
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Therefore, the unit column delays in path A’ -B' , B! -C' ... can be
eliminated. This yields the 2D reduced column delay Direct Form structure

of Figure 2.14.

2.5. SPATIAL INTEGRATOR STRUCTURE

The signal flow graph of Figure 2.13 leads to a practical method of
implementing a Direct Form 2D filter in hardware or software. However, the
Direct Form structure is highly sensitive to quantization errors of the multi-
plier coefficients [6]. Two dimensional discrete filters using Spatial Integra-
tors have been investigated by Bruton and Strecker [5]. It is expected that
these structures would allow for much shorter multiplier coefficient word
lengths. In 1D filters a structure that has a reduction in multiplier coefficient
sensitivity generally has an increase in dynamic range [6]. This is expected to
apply to 2D filters as well. In this section, a SFG for the 2D Spatial Integra-
tor structure is proposed. The method involves replacing the shift operators

1

g7+ and 257

by Spatial Integrators so that 2,;' = z;! /(1-zy') and
3,0 =251 [(1-24') [5]. From a given transfer function H(z,,z,) the
corresponding Spatial Integrator transfer function H (z1,25) is easily deter-

mined by replacing %; (i =1,2) with z; -1 and equating coefficients [5]. A (2

x 2) order Spatial Integrator transfer function H,(z,,%,) is given by
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5 (2.4)

where ¢y, and dj; are the Spatial Integrator multiplier coefficients.

For a bounded image the output r (m ,n) of a row Spatial Integrator
z71 J(1-z ') is simply the sum of all the input quantities u (i,n) of the
present row and is given by

rimn) =5 w(in) (2.5
i =0
Similarly, the output s (m,n) of a column Spatial Integrator z5' /(1-257)
is given by
n-1

s(mn)= 3 u(m,j) (2.6)

J=0

Since row summation and column summation are independent opera-

tions, the row and column spatial integrations may be performed in any

order.

In the Z domain the term

-2 -2
A2 52 21 %9
< 92 = 2.7
F T ) () ey

from Equation 2.4 may be calculated in one of the six ways shown in Figure
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2.15. With this in mind the 2D Spatial Integrator structure shown in Figure
2.16 is proposed by replacing the shift operations and multiplier coefficients
of Figure 2.14 by their corresponding Spatial Integrator operations. The
mask element values P,Q,S,T,V and W of Figure 2.16 are initialized to zero

at the start of each row in a similar fashion to the Direct Form structure.

The advantages of the Spatial Integrator structure are:

(1) Redundant column shifts are eliminated by revers-
ing the order in which the numerator and denomi-
nator of the transfer function are realized which

decreases the amount of necessary internal storage.

(2) The use of Spatial Integrators reduces the sensi-
tivity of the structure to multiplier coefficient
quantization The Spatial Integrator structure is
chosen for implementation in the 2D Video Enhancement

Instrument (chapter 4) because of these advantages.

2.6. INTRODUCTION TO A MULTIPLE PROCESSOR IMPLE-

MENTATION

Two dimensional filtering requires an incredible amount of mathemati-
cal processing. For instance, for the 2 by 2 order filter shown in Figure 2.13

there are 17 multiplications and 16 additions per pixel. If one is processing
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an image 512 pixels by 512 pixels, the required number of mathematical
operations is 8,650,752. Using a processor that can perform a mathematical
operation every other instruction cycle (50 % overhead), an instruction rate
of over 17.3 million instructions per second is necessary to process the image

in less than one second.

A simple method of increasing the 2D processing throughput rate by
dividing the algorithm into separate vectors which may be calculated con-

currently is investigated in this section.

Consider the processing of a M X N image X into Y using the SFG
in Figure 2.14 and starting at the lower left-hand corner as shown in Figure
2.17a. The SFG algorithm in Figure 2.14 computes the output pixel y(0,0)
on its first iteration, and the z;! mask values A, D in Figure 2.14 are
placed in a long shift vector of length M. For a row-recursive algorithm the
processor then computes output pixel y(1,0). Output pixel y(0,1) is com-
puted M iterations after output pixel y(0,0). However, output pizel y(0,1)
can be calculated concurrently with output pizel y(1,0). The information

required to compute output pixel y (0,1) is the following
a) Input pixel z (0,1)
b) Output of z,1 delay elements from the calculation

of output pixel y(0,0). (States D and G of Figure

2.14)
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All the other states are initialized to zero because it is the start of a new

row.

Thus in the second iteration of the algorithm of Figure 2.14 two output
pixels can be calculated, namely y (0,1) and y (1,0) using two hardware pro-
cessors. In the third iteration of the algorithm three processors may be used
in parallel to simultaneously calculate the output for pixels y(2,0), v(1,1),
y(0,2). The image is effectively processed in a diagonal manner from the

starting lower left-hand corner to the opposite corner (Figure 2.17¢).

For a square image M X M, if the total number of processors equals
the row size M, with a processor associated with each row, by the time the
first processor reaches the end of the first (m =M -1, n =0) row, the last
processor will be on the first pixel of the last (m =0, n =M -1) row. If one
iteration of the filtering algorithm calculates an output pixel in T seconds,
the time it takes to process the whole image is equal to the time it takes a
single processor to complete (2M -1) pixels, so that the total time for com-

puting the complete image T}, is given by
Tipta = (2M-1) X T seconds (2.8)

This may be compared with implementing the same SFG with one processor

in which case the total execution time T',,, is given by

Tye = M? T seconds (2.9)



33

If several images are resident in memory, the first processor could start
on the next image while the other M —1 processors are working on the last
image. This would give an overall pipelined throughput of 1/(MT) images

per second.

For example, for a (512 x 512) image using a (2 x 2) order Direct Form
structure (Figure 2.14), 512 processors which can perform an add or multiply
in 400 nano-seconds (2.5 MHz instruction rate), could process the whole
image in 27.0 milli-seconds (video rate is 33.33 milli-seconds). For com-
parison, one processor would take 6.92 seconds to process the complete
image. These calculations assumes that only 1/2 of the machine instructions

are mathematical (50 % overhead).

2.7. SUMMARY

Quarter plane infinite impulse response filters are of interest since they
can be easily realized in hardware or software. A 2D signal flow graph for
efficient software or dedicated hardware filter designs is presented in Figure

2.13.

By reversing the order in which the numerator and denominator of the
filter transfer function are realized, redundant shifts are eliminated. This

structure is given in Figure 2.14.

The principle behind the algorithm developed for Figure 2.14 is

extended to include the Spatial Integrator filter structure.
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A method of increasing the throughput of a 2D filtering system through
parallel processing is presented. Examination of row-recursive QP filtering
shows that the (n+1) th row of the image may be processed concurrently
with the n th row, providing the (n +1) th row lags the n th row by one
pixel. For a highly parallel processing system square images may be pro-

cessed at
T X(2M-1)

seconds per image where M is the number of pixels per row or column 7T is

the time it takes to process 1 pixel.



>

D
LY

~<—— Current Output
Pixel y (m, n)

Mask of
Output Values

L+ 1
Pixels

Pixel x (m, n)

I = i % 1 Pixulg =~
direction of recursion
s o
(a) Output Image Y= {y(m, n)} m
T T. ~<--— Current Input

Mask of
Input Values

L + 1
Pixels

|

“<—— K + 1 Pixelg —>

T

(b) Input Image X= {x(m n)} m

Figure 2.1 Quarter Plane Filter Masks



direction
> of recursion

O00000000O0

N
>

m
a) Direction of Recursion for Row-Recursive
Processing of Quarter Plane Filters

nA direction of recursion

Y

b) Direction of Recursion for Column-Recursive
Processing of Quarter Plane Filters

* Represent output values to be calculated
O Represent computed output values

Figure 2.2 Direction of Recursion for Quarter Plane Filters

36



37

EL,

a) Positive Row Positive Column Mask

)

b) Positive Row Negative Column Mask
c) Negative Row Negative Column Mask

JE

d) Negative Row Positive Column Mask

Figure 2.3 Output Filter Masks and
the Resulting Directions of Recursion



<

Input Image

Stream of input vectors

Uney J"'L U,

J

Xx L B X
xx L x
X X eee X
XXX #ss» X

Output Image

Stream of output vectors \\\\\\

2D
Filter

Va 1 Ve J""

vj.-L

‘Fr

OO0 e o0 e]
O 0 oo O
OO0 -~ o}

Figure 2.4 Row—-Recursive Image Processing

8€



(L=2)3

O O O|=<— current Input x (m, n)
ONONG
O 0O

~<—3 —>
(K=2)

A
Input
Mask
n
A
Output
Mask

G
> ol

m

(@) Input Image

(L=2) 3

O O+ =<— current Output y(m, n)
O 00
O0O0

~<—3 —>
(K=2)

Figure 2.5

S
Pl

{b) Output Image

Mask for 2x2 Order QP Filter

39



40

A
Input 1‘ E'_:' O O]O|=<— current Input x (m+1,n)
" |
i =23 1O O}O
y [0 0lo
- G D
(K=2)
>:m
(a) Input Image
n
A
¢» x OO0+ <—
Output :-' | Current Output y (m+1, n)
1 I
Mask (L=2)3 I O 00
y 1200l
‘g =D
(K=2)
(b) Output Image

Figure 2.6 Masks for Computation of y (m+1,n)



41
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Figure 2.7 2D Digital Filter Elements
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3. AN INVESTIGATION OF THE ARITHMETIC FOR 2D

RECURSIVE FILTERS

3.1. INTRODUCTION

The objective of this chapter is to compare the non-ideal performance
of the Spatial Integrator 2D filter with that of the Direct Form 2D filter.
The previous work by Bruton and Strecker [5] contains sensitivity analysis
of the Direct Form and Spatial Integrator filters. In this chapter, the spatial
domain performance of the Direct Form and Spatial Integrator structures

are examined in detail.

Recursive (ITR) digital filters are more complex than non-recursive (FIR)
filters. In the design and implementation of 2D IIR filters, issues such as sta-
bility and the direction of recursion must be addressed. With FIR 2D filters
these issues are not a concern. Despite these problems, IIR filters are often
favored over FIR filters because of the reduced number of arithmetic opera-
tions. The use of previous outputs y (m —k,n—l) in the calculation of the
current output y(m ,n) presents enough information so that an IIR filter
will have a similar magnitude transfer function with fewer coefficients than a
FIR. When processing speed is a design criterion, and therefore the rate at
which output y(m,n) is calculated, IIR filters can meet the magnitude

transfer function specifications with the least number of multiplier
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coefficients.

The type of arithmetic used can also affect the speed at which the out-
put y(m,n) is calculated. Addition or multiplication of floating-point
numbers involves the manipulation of two fixed-point values. Therefore, an
arithmetic operation using floating-point numbers will take significantly

longer than an arithmetic operation using fixed-point numbers.

The number of significant digits used to represent the multiplier
coefficients also affects the processing speed. There may exist trade-offs
between the number of arithmetic operations and the use of double or single
precision arithmetic. This trade-off needs to be investigated before deciding

on the filter implementation.

The Direct Form structure and the Spatial Integrator structure are
examined in this chapter. The analysis involves filtering the Swept Fre-
quency Test Image described in section 3.2 (Figure 3.1b and Figure 3.1c¢) to
determine the effects of reducing the number of bits used to represent the
multiplier coefficients. The analysis is performed with both floating-point
and fixed-point representations of the multiplier coefficients. The fixed-point
representation is also examined to determine the number of bits necessary to
prevent overflow of internal signals. In section 3.5, these results are used to
describe a 16-bit microprocessor implementation using the Spatial Integrator

structure.
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3.2. SPATIAL DOMAIN VERIFICATION OF THE 2D FILTER
RESPONSE USING A SWEPT FREQUENCY SINUSOID

TEST IMAGE

The steady state frequency response of 1D digital filters is tested by
measuring the steady state output of the filter for a set of sampled sinusoids
at the input. An alternative method of measuring the frequency response is
to measure the output response of the filter to a swept frequency sinusoid.
In the 2D case, the determination of the amplitude response is required as a
function of frequency and direction. This suggests a 2D Swept Frequency
Sinusord Test Image having all frequencies and all directions as shown in

Figure 3.1a, Figure 3.1b and Figure 3.1c.

The Swept Frequency Test Image (Figure 3.1a, Figure 3.1b, Figure 3.1c¢)
incorporates a linear sweep of the spatial frequency in all radial directions. If
the frequency in the radial direction varies sufficiently slowly, the Test
Image is an indication of the 2D steady state frequency response. The pro-

posed Swept Frequency Test Image is given by

p max P max

o(i,j)= 2o 4 Po (3.1)
sin((f min + 2 n:x—f min) radius ) - radius)

where p ., is the the maximum value of z(7,7). It is observed that z (1,7)

is chosen such that (0 < z(7,7) < Ppax)- Jf min 15 the initial frequency at
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the center of the image and f ., is the frequency at the locations A and B
of Figure 3.1b. x,, is the number of pixels per row of the image and the

value of the radius in Equation 3.1 is given by

z &
radius = \/( I;ax —4)2 +( ;ax =y (3.2)

The parameters for the Swept Frequency Test Image in Figure 3.1 are

[ min = 0.0
J max = 0.75
T pax = 255
P max = 2955

Figure 3.2a is a (64 x 64) pixel square window taken from the upper left
hand corner of the Test Image (Figure 3.1). (The bottom left hand corner of
Figure 3.2a is the point z(32,160).) Examining this small portion of the
Swept Frequency Test Image, around any point z(m,n) the spatial fre-
quency in the neighborhood of this point is approximately constant and in a
single direction. Figure 3.2b is the magnitude response of the 2D FFT of
this segment. The single impulses in the upper left hand quadrant and lower
right hand quadrant indicates the presence and direction of the 2D sine wave
of Figure 3.2a. The impulse nature of the 2D FFT (Figure 3.2b) shows that
the segment (Figure 3.2a) is a good approximation to a spatial sine wave in a

single direction.
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Because the complete Swept Frequency Test Image can be considered as
an ensemble of slowly changing sine waves, the output of a 2D filter indi-
cates the steady state frequency response of the filter in all directions and for
all frequencies between f ;. and [ .. of the original Test Image. For
example, Figure 3.5 is the output response to the Swept Frequency Test
Image (Figure 3.1c) of a 2D circularly symmetric lowpass filter to be specified
and described in section 3.3.1 with a cutoff frequency of 0.15 7 radians.
Comparison of Figure 3.5 with Figure 3.1c¢ reveals that the low frequency
components in the center of the image are similar in amplitude whereas the
higher frequency components along the top, bottom, and edges of Figure 3.5
(points G,H,I, and J) are much smaller than the edges of Figure 3.1¢ (points

C,D,E, and F) because they are in the stop band.

The advantages of using the Swept Frequency Test Image (Figure 3.1),

as opposed to computing sensitivities or the frequency response are
(1) by processing only one input image, frequencies of

a specific interest can be tested in all directions.
(2) specific frequencies of interest can be chosen with

infinite resolution allowing narrow passband and

stopband transition regions to be investigated.

(3) non-linearities such as underflow and overflow are

easily investigated by scaling and their effects in
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the output image can be observed directly.

3.3. USE OF THE SWEPT FREQUENCY TEST IMAGE TO

COMPARE DIRECT FORM AND SPATIAL INTEGRATOR

FORM FILTER RESPONSES

3.3.1. Introduction

An experimental comparison of the Spatial Integrator and Direct Form
SFG structures will be described in order to determine the effects of multi-
plier coefficient quantization. It is anticipated that multiplier coefficient
quantization will effect the magnitude response and perhaps even the stabil-

ity of the filtering algorithms.

The Swept Frequency Test Image is used to measure the effect of
quantization on the magnitude response by comparing the output of the
filter using quantized multiplier coefficients with the output of the same
filter using double precision floating-point coefficients. Changes in the stabil-
ity margin can often be observed in the output response Y of a quantized
filter in the form of spurious non-ideal oscillations. This method of testing
the frequency response is particularly advantageous for the detection of
non-linearities since the filter processing is performed on an actual image

rather than by nondirect mathematical methods.

The Test Filter used in the experiment has a lowpass (3 x 3) order cir-

cularly symmetric response (8] with a radian cutoff frequency of 0.15 =
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radians. For the Direct Form structure, the transfer function is given by

3 3 . 3
> Y 6 2{'2g
‘=07 =0
H(Zl,22)= ’3 ]3 ] ] (3'3)
Z Z bij zl_‘z2_1
=075 =0

where the values of ¢;; and b;; are given in Table 3.1a.

For the Spatial Integrator structure the transfer function may be writ-

ten as [5]

. 21" 257
3, 2 €

§=f =0 Y (-a1) (-t

3 3 zl“
> ) d

i =05 —0 Y o-at ) (-2t )

H(Zl,22)=' Z_j
2

where the values of ¢,;; and d;; are given in Table 3.1b.

The 2D magnitude transfer function of the Test Filter used for these
experiments is shown in Figure 3.3. The transfer function coefficients are

determined using the Ramamoorthy /Bruton method [3,4].

The result of using double precision arithmetic and the Direct Form
structure with lowpass coefficients from Table 3.1a to filter the Swept Fre-
quency Test Image is shown in Figure 3.5. The output from processing the
Swept Frequency Test Image using double precision arithmetic and the Spa-
tial Integrator structure with the multiplier coefficients from Table 3.1b is

shown in Figure 3.6. A comparison of Figures 3.5 and 3.6 shows little
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difference, as expected, between the two output images since they have the
same magnitude transfer function and double precision arithmetic is used for

the computation.

Experiments will be described for both floating-point and fixed-point
number representations under multiplier coefficient quantization in order to

determine the best hardware implementation.

3.3.2. The Transfer Function Quantization Experiment

Quantized multiplier coefficient output responses Y are compared to
the double precision output response (Figure 3.5) since the double precision
output response is assumed to be of infinite precision. In addition to the
subjective visual interpretation, an error function F is used to quantify the
error in the output image Y under quantized coefficients. The Error E is

defined as

M-1N-1

kgolgo yq (k) - Yq (k,0) (3.5)

M XN

E =

where y,; (k,l) is an output pixel of the double precision image, y, (k,!) is an
output pixel of the Test Image with quantized coefficients, M is the max-
imum number of pixels per row and N is the maximum number of pixels per
column of both images. The error E may be physically interpreted as the

average error per pizel over the entire image. A value of E that is less than



60

unity is highly acceptable.

3.3.3. The Floating-point Numerical Representation

A floating-point number consists of two fixed-point numbers, one speci-
fying the mantissa W and the other specifying the exponent V. Figure 3.4
shows the floating-point format used for double precision numbers on the
Charles River Data Systems model PB07-D microcomputer that was used for
the analysis. The format consists of 1 sign bit, 8 bits for the exponent and
55 bits for the mantissa. The computer uses a hidden bit in its representa-
tion of the mantissa W, that is the mantissa of a floating-point number is
represented as 1.0 5405305005, - - - by where by, to b are the binary digits.
Except for the number 0.0 which is represented by an exponent V of zero,
the normalization of the mantissa W is performed such that a binary
floating-point number will always start with a 1. Therefore, the leading 1 is
excluded from the floating-point representation and is called a hidden bit. If
a mantissa W has been quantized to 15 bits bg—bg,, it is actually
represented by 16 bits due to the hidden bit. The mantissa W is composed
of 1 hidden bit and 15 bits of data b;,—b 5, from the floating-point represen-

tation.

On the Charles River Data Systems computer the exponent V is a
power of 2. The computer represents the exponent in ”excess 128” notation

which means that if the exponent is between 1 and 255, one obtains the
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correct value of the exponent by taking the given unsigned 8-bit value and
subtracting 128. If the exponent is zero the value of the floating-point

number is zero.

For example, the decimal equivalent of the double precision ”excess

128” number
011010001 1001000000000000000000000000000000000000000000000000000
is
1(hidden bit) + 271 4 274 x 202" +2°+2'+1-128) _ 1 5695 981

~ 3.77789 X 10%

3.4. 2D FILTERING USING FLOATING-POINT ARITHMETIC

3.4.1. Multiplier Coefficient Quantization Effects

The Error function E versus the mantissa word length W, for both
the Direct Form and the Spatial Integrator SFG structures are shown in Fig-
ure 3.7, Table 3.2. It can be observed from Figure 3.7, an error
logiof ~ 0.5 occurs using a mantissa word length W, ., = 3 for the Spa-
tial Integrator structure whereas the Direct Form Structure SFG requires a
Wiengtn = 12. This has significant hardware implications [5]. For the (3 x 3)
order Test Filter, the mantissas W of the Spatial Integrator multiplier
coefficients can be implemented with less than one third the number of bits

that are required for the mantissas of the Direct Form multiplier coefficients.
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The results in Figure 3.7 indicate that the 3-bit Spatial Integrator implemen-

tation has less quantization error than a 9 bit Direct Form implementation.

Tables 3.3 and 3.4 contain the quantized multiplier coefficients used to
obtain the output responses for the 3-bit Spatial Integrator implementation

in Figure 3.8 and the corresponding 9-bit Direct Form implementation in

Figure 3.9.

The result of filtering the test image using the Spatial Integrator struc-
ture with 2-bit mantissa multiplier coefficients is shown in Figure 3.10. The
oscillations in the upper right hand corner of the image indicates that the

filter has become unstable.

3.4.2. Precision of the Internal Signals

The above analysis was performed using double precision arithmetic for
all internal calculations. ( i.e. calculation and storage of z;1 and z5! delay
elements.) This essentially eliminates any effects of round-off noise from the
signals. It is expected that if single precision arithmetic is used for the inter-
nal calculations, round-off error would become significant and stability would
become a problem. This could be overcome by increasing the length of the

multiplier coefficient mantissas.
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3.5. 2D FILTERING USING FIXED-POINT ARITHMETIC

3.5.1. Introduction

A fixed-point number is a simple integer. Usually both positive and
negative numbers are required and a twos complement representation is
used. The range of values that a fixed-point number can take depends upon
its word length. For a 32 bit twos complement number the range is —23! to
2311 or -2,147,483,648 to 2,147,483,647. Compared to floating-point arith-
metic, fixed-point arithmetic is simple because less hardware and/or fewer
programming steps are required to manipulate integers. The disadvantage of
fixed-point arithmetic is that significant overflows may occur on multiplica-
tion, addition, or subtraction and round-off errors may occur on division
operations; that is, the dynamic range of the algorithm deteriorates

significantly relative to floating-point implementation.

3.5.2. Fixed-point Arithmetic SFG Structures

The structure for a /(3 x 3) order Direct Form fixed-point implementa-
tion is shown in Figure 3.11 where A;; and B;; coefficients are integers R
and the N and M division operations are powers of 2. (Powers of 2 were
chosen so that a simple right shift may be used for the division.) The points
marked S, - S5 and D, D, on Figure 3.11 are of interest since S, — S5
are the row and column shifts which must be saved for the calculation of the

adjacent pixels and D, D, are the values of the critical nodes in the SFG
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where the accumulation of feedforward and feedback variables occur. The
minimum and maximum values of S, — S5 determines the word length for
internal storage and the minimum and maximum values of D, and D,

determines the number of bits required to prevent overflow.

Table 3.8a contains the values of the A B;j, N, and M coefficients for

iy
a multiplier word length Ry, of 16 bits using the Direct Form structure of

Figure 3.11.

3.5.3. Quantization Effects

The structure for a fixed-point Spatial Integrator implementation is
shown in Figure 3.12. The Error Function FE versus the multiplier
coefficient word length Ry, is shown in Figure 3.13 (Table 3.5) for both
the Direct Form structure in Figure 3.11 and the Spatial Integrator Struc-
ture in Figure 3.12. The Error Function was computed using Equation 3.5
with the same double precision floating-point Test Image output response as

the comparison.

3.5.4. Overflow Effects

For the Direct Form structure the minimum and maximum values for
each of the S; points will be the same since each S; value comes from a sim-
ple row shift or column shift of S, With the Spatial Integrator structure,

each internal signal S; will be different since each is a sum of all the row or
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column input values to that point. Table 3.7 is a comparison of the Sy — S
values of Figures 3.11 and 3.12 for a transfer function multiplier coefficient
word length Ry, of 16 bits. From this Table, a Direct Form structure
requires 17 bils to implement each of the saved values and Spatial Integrator

structure requires 10 bits for S to 17 bits for S 5.

A comparison of the D; and D, values versus the multiplier coefficient
word length for the two structures is shown in Table 3.6. From this table, a
transfer function implemented using 16-bit coefficients would require at least
34 bits to prevent overflow for the Direct Form structure and 31 bits for the

Spatial Integrator structure.

3.6. SUMMARY AND IMPLICATIONS FOR HARDWARE

IMPLEMENTATION

3.6.1. Multiplier Coefficient Arithmetic

A Swept Frequency Test Image that indicates the magnitude frequency
response of a 2D filter is presented. This Test Image is used to evaluate two
structures to implement the same transfer function using both floating-point
and fixed-point arithmetic. The results show that for a (3 x 3) order Test
Filter, the Direct Form structure requires at least 9 bits for the transfer
function multiplier coefficients mantissas W when using floating-point arith-
metic and the Spatial Integrator structure requires only 3 bits for the multi-

plier coefficient mantissas W .
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Results using fixed-point arithmetic indicate that the Direct Form struc-
ture of Figure 3.11 requires multiplier coefficients of at least 14 bits and the

Spatial Integrator structure of Figure 3.12 requires multiplier coefficients of

at least 9 bits.

When converting the filter network into dedicated hardware, a number
of issues must be addressed. The type of arithmetic must be determined.
From Table 3.2, the Error function F of a floating-point implementation of
the Test Filter using the Direct Form structure with multiplier coefficient
mantissas of 16 bits is 0.546967. This means that the output response of the
Test Filter to the Test Image (Figure 3.1) differs from the ideal infinite preci-
sion output by an average of 0.546967 per pixel in a signal having 256 possi-
ble levels. Therefore, little is gained by increasing the precision of the
mantissas of the multiplier coefficients beyond 16 bits in the case of

floating-point arithmetic.

From Table 3.5, a fized-point Direct Form structure with an acceptable
Error function E less than 1 can be implemented with multiplier coefficients
of 20 bits. The extra hardware or software required to manipulate the two
integers of floating-point arithmetic can be eliminated if the fixed-point word

length is at least 20 bits and the internal signals do not overflow.
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3.6.2. Filter SFG Structure

The next consideration is the SFG structure that is the algorithm used
to implement the transfer function. From Table 3.5, a fixed-point implemen-
tation of the Test Filter using the Spatial Integrator structure and with an
Error function F less than 1 can be implemented with multiplier coefficients
of 16 bits. The Spatial Integrator structure has N (/N 4+2) more additions per
pixel than the 2N (N +2) required for the Direct Form structure for an
N X N order filter. The trade-off is between the extra hardware or time
taken for implementation of the algorithm wusing the longer multiplier
coeflicients for the Direct Form structure compared with the time it takes

for the extra additions using the Spatial Integrator structure.

3.6.3. Dynamic Range and Overflow

There are other considerations before deciding the type of SFG struc-
ture. From Table 3.6, for a 20-bit multiplier (R, = 20) Direct Form
structure the maximum value of D, or D, is 1.46 X 10! which requires 39
bits to implement in twos complement arithmetic. The 16-bit multiplier
coefficient (R, = 16) Spatial Integrator structure (Table 3.6) has a max-
imum value of D or D, of 5.71 X 10® which requires 31 bits for its imple-

mentation.

The word length of the internal signals required for the calculation of

adjacent pixels is another consideration. (The S, — S5 values of Figure 3.11
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and 3.12.) From Table 3.7, all these signals for the Direct Form structure
require 17 bits for their implementation in twos complement arithmetic. For
the Spatial Integrator structure points S to S4 require 15 bits or less with

only point S5 requiring 17 bits.

3.6.4. Comparison of Direct Form and Spatial Integrator Struc-

tures

Summarizing, a Direct Form implementation of the Test Filter using

fixed-point arithmetic with an Error function less than unity requires:
(1) Ryepgen = 20, 20-bit multiplier coefficients.

(2) Maximum value of D; and D, = 1.46 X 10!

requiring 39-bit arithmetic to prevent overflow.

(3) 17 bits to save the internal signals S; for the calcu-

lation of adjacent pixels.
(4) 30 additions per pixel for (3 x 3) order Test Filter

(5) 31 multiplications per pixel for (3 x 3) order Test

Filter

A Spatial Integrator implementation of the Test Filter using fixed-point

arithmetic with an Error function less than unity requires:

(1) Rjengen = 16, 16-bit multiplier coefficients.
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(2) Maximum value of D; and D,= 5.71 X 108

requiring 31-bit arithmetic to prevent overflow.

(3) 15 bits for points Sy — S,4 of Figure 3.12 and 17
bits for point S5 for the calculation of adjacent

pixels.
(4) 45 additions per pixel for (3 x 3) order Test Filter

(5) 31 multiplications per pixel for (3 x 3) order Test

Filter

From the above results, for the Spatial Integrator implementation most
of the arithmetic operations can be performed with a 16 by 16 bit multiplier
and a 32-bit accumulator. This suggests using a 16-bit microprocessor to per-
form the calculations, since most 16-bit microprocessors have 16 by 16 bit
multiply instructions that return a 32-bit result and 32-bit addition and sub-
traction instructions. The only signal for the Spatial Integrator structure
that requires a 17-bit integer to prevent overflow is S,;5. This signal can be
scaled down to 16 bits using a slight modification to the structure of Figure
3.12. This modification is shown in Figure 3.13 for the implementation of

the (3 x 3) order Test Filter.

The Direct Form structure is rejected because double precision 32-bit
arithmetic is required for the internal signals S;, for the multiplier

coefficients and for the accumulation at D; and D, to prevent overflow.
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The increased number of arithmetic operations required for the Spatial
Integrator structure is not a significant problem and takes less time to exe-
cute than the double precision arithmetic required for the Direct Form struc-
ture. It is estimated that a double precision add instruction takes 5 times
longer than a single precision add instruction, and a double precision multi-
ply instruction takes 40 times longer than a single precision multiply instruc-
tion. Furthermore, if a single precision add instruction and a double preci-
sion add instruction execute at the same rate then it will take over 18 times
more arithmetic instructions to implement the Direct Form structure than to
implement the Spatial Integrator structure. Therefore, the Spatial Integra-

tor SF'G is chosen as a superior structure.



Table 3.1a Coefficients for (3 x 3) - Test Filter
Direct Form Structure

Numerator Coefficients

gy = .704635728E-04 ag, = .211390718E-03
a0 = .211390718E-03 a,, = .634172155E-03
@ 9o = .211390718E-03 a4 = .634172155E-03
@59 = .704635728E-04 as = .211390718E-03
ago = .211390718E-03 a3 = .704635728E-04
a o = .634172155E-03 a3 = .211390718E-03
a9 = .634172155E-03 a 93 = .211390718E-03
a 30 = .211390718E-03 @33 = .704635728E-04

Denominator Coefficients
b 9o = -100000000E+01 bo; = -.210005616E+01
b o0 = -.210005616E+01 b, = .449585428E+01
by = .157007849E+-01 b = -.342860032E+-01
b 39 = -.404931745E+00 b 3; = .899436503E+-00
b gy = .157007849E+01 b o3 = -.404931745E+00
b o = -.342860032E+01 b3 = .899436503E+00
b oo = .266303615E401 b o3 = -.707247813E4-00
b 30 = -.707247813E+00 by = .188199325E+00
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Table 3.1b  Coefficients for (3 x 3) - Test Filter
Spatial Integrator Structure

Numerator Coefficients

¢ oo = 704635728E-04 cop = .422781437E-03
¢ 0 = 422781437E-03 ¢, = .253668862E-02
€ oo = .845562874E-03 ¢ 91 = .507337724E-02
¢ 39 = .563708582E-03 ¢ 3; = .338225149E-02
¢ oy = .845562874E-03 ¢ o3 = .563708582E-03
¢ 19 = .507337724E-02 ¢ 13 = .338225149E-02
¢ 90 = .101467545E-01 ¢ 93 = .676450299E-02
¢ 3o = .676450299E-02 ¢ 33 = .450966866E-02
Denominator Coefficients
d oo = .100000000E+01 d 1o = .899943841E400
d o = .899943841E+00 dy, = .895517319E+00
d oy = .369966170E+00 dy = .372838266E4-00
d 39 = .650905844E-01 d3; = .619060537E-01
d gy = .369966170E+00 d g3 = .650905844E-01
d 1o = .372838266E+00 d 3 = .619060537E-01
d 99 = .151848999E+00 d 93 = .258068608E-01
d 3o = .258068608E-01 d 33 = .444766072E-02
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Table 3.2 Error Function Comparison
Floating-point Arithmetic

Number of Direct Form Integrator Form

Mantissa bits Structure Structure
36 0.0 0.0
32 .305176E-04 0.0
24 .427246E-02 0.0
18 .354172 .244141E-03
16 .546967 .579834E-03
14 6.983 .161743E-02
12 3.17805 .256958E-01
10 21.619 177017
9 5.82727 472412E-01
8 120.5 unstable .973663E-01
6 1.68269
4 2.57484
3 3.69315
2 36.24 unstable
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Table 3.3 Quantized Coefficients for (3 x 3) - Test
Filter represented by a 3-bit floating-point mantissa
Spatial Integrator Structure

Numerator Coefficients

¢ oo = -610351563E-04 ¢o; = -366210938E-03
¢ 1o = .366210938E-03 ¢y = .244140625E-02
¢ 5o = .732421875E-03 ¢ o = .488281250E-02
¢ 50 = .488281250E-03 ¢ g = .292968750E-02
¢ o = -732421875E-03 ¢ o3 = .488281250E-03
¢ o = .488281250E-02 ¢ 13 = .292968750E-02
€ 99 = .976562500E-02 ¢ 93 = .585937500E-02
€ 3o = .585937500E-02 ¢ 33 = .390625000E-02
Denominator Coefficients
d oo = .100000000E+01 d oy = .875000000E+00
d ;o = .875000000E-+00 d,; = .875000000E+00
d 9o = .312500000E+00 d 5, = .312500000E+00
d 35 = .625000000E-01 d 3, = .546875000E-01
d gy = .312500000E-+00 d o3 = .625000000E-01
d 12 = .312500000E+-00 d13 = .546875000E-01
d22 = .125000000E+00 d23 = .234375000E-01
d 30 = .234375000E-01 d 33 = .390625000E-02
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Table 3.4 Quantized Coefficients for (3 x 3) - Test
Filter represented by a 9-bit floating-point mantissa

Direct Form Structure

Numerator Coeflicients

Ao =
@10 =
@20
@30

@ o2
@19
@ 99
@39

.703334808E-04
.211238861E-03
.211238861E-03
.703334808E-04

.211238861E-03
.633239746E-03
.633239746E-03
.211238861E-03

o =
@11
a9
3 =

Qo3 =
a3
@93
@33

.211238861E-03
.633239746E-03
.633239746E-03
.211238861E-03

.703334808E-04
.211238861E-03
.211238861E-03
.703334808E-04

Denominator Coefficients

bOO
blO
b20
b30_

boy =
b12=

b22=

.100000000E+01 b = -.209375000E+01
-.209375000E+01 B
156640625E-+01 by,
-.404296875E+00 B

.156640625E4-01

-.342187500E+4-01 bg =

b 5 = -.707031250E4-00

.448437500E+01
-.342187500E+-01
.898437500E+-00

b og = -.404296875E+00
.898437500E4-00
.265625000E4-01 b o = -.707031250E+00
by = .187988281E+00

Table 3.5 Error Function Comparison
Fixed-point Arithmetic
Number of bits for Direct Form Integrator Form
Multiplier Coefficients Structure Structure
32 478516 477524
24 41716 47670
20 .686798 490082
18 1.92467 .503891
16 17.1559 307266
14 29.1746 3.8201
12 120.9 unstable 4.81192
10 17.2638
9 16.9095
8 52.8 unstable
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Table 3.6 Maximum and Minimum Accumulator values versus
Multiplier coefficient word length fixed-point arithmetic

Direct Form Structure

Number of bits D, D, D, D,
for Multiplier Maximum Minimum Maximum Minimum
Coefficients Denominator | Denominator | Numerator | Numerator
32 2.56E11 -1.63E13 5.99E14 -8.76E10
24 4.29E09 -6.51E10 2.34E12 -4.29E09
20 4.29E09 -4.28 K09 1.46E11 -4.29E09
18 4.50E06 -9.93E08 3.46E10 -1.24E09
16 7.37E05 -2.64E08 8.61E09 -5.99E08
14 1.19E07 -5.61E07 2.05E09 -3.75E08
Spatial Integrator Structure
32 1.59E12 -1.03E12 3.74E13 -5.39E09
24 4.35E09 -4.29E09 1.46E11 -4.29E09
20 3.87E08 -2.53E08 8.66E09 -7.05E08
18 9.67E07 -6.31E07 2.15E09 -5.34E06
16 2.32E07 -1.58E07 5.71E08 -8.22E04
14 6.05E06 -3.94E06 1.43E08 -1.94E04
12 1.51E06 -9.82E05 3.56E07 -4403
10 3.75E05 -2.45E05 9.55E06 -988
9 1.82E05 -1.15E05 4.76E06 -1113




Table 3.7 Comparison of Internal Stored values for (3 x 3)
Direct Form and Spatial Integrator 2D filters
for Fixed-point Arithmetic

S; - Number Direct Form Integrator Form
. Structure Structure
(Figure 3.11, 3.12) Minimum | Maximum | Minimum | Maximum

0 -137 64783 -497 502
1 -137 64783 -750 751
2 -137 64783 -1361 1375
3 -137 64783 -4486 3893
4 -137 64783 -750 751
5 -137 64783 -967 935
6 -137 64783 -1538 1533
7 -137 64783 -5205 5170
8 -137 64783 -1361 1375
9 -137 64783 -1538 1533
10 -137 64783 -2835 2768
15 -137 64783 -9955 9682
12 -137 64783 -4486 3893
13 -137 64783 -5204 5170
14 -137 64783 -9955 9682
15 -137 64783 -906 60884

Maximum Multiplier Word Length R, is 16 bits
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Table 3.8
represented by 16-bit fixed-point arithmetic

Quantized Coefficients for (3 x 3) - Test Filter

a) Direct Form Structure

Numerator Coefficients

A o = 2364 Ay = 7093 Ay = 7093 A o3 = 2364
A o = 7093 A =21279 A |, =21279 A 15 = 7093
A 5y = 7093 A, =21279 A 5 =21279 A gy = 7093
A 5y = 2364 A = 7093 A 5o = 7093 A 5y = 2364

Numerator Divide Value

N = 33554432

Denominator Coefficients

By =1 B, = -8602 By, = 6431 B g = -1659
B, = -8602 B,, = 18415 B, = -14044 B s = 3684
By, = 6431 By, = -14044 By = 10908 B g = -2897
Bgy = -1659 B, = 3684 B, = -2897 B, = 771

Denominator Divide Value

M = 4096

b) Spatial Integrator Structure

Numerator Coefficients
Coo = 148 Coy = 887 Coy = 1773 C o3 =1182
Co = 887 C,; = 5320 C |, = 10640 C 13 =7093
Coy = 1773 C4, = 10640 Cqy = 21279 Cy3 =14186
C oy = 1182 Ca; = 7093 Cay = 14186 C 2 =9457

Numerator Divide Value

N = 2097152

Denominator Coefficients

Dy = 1 Dy = 29489 D gy = 12123 D s = 2133
D 1o = 29489 D, = 29344 D, = 12217 D3 = 2029
D g = 12123 D, = 12217 D 5y = 4976 D g3 = 846
D 5y = 2133 D 5; = 2029 D ,, = 846 D ;3 = 146

Denominator Divide Value

M = 32768
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63 SEIS 1180I59l58157I56I55 54F53l52I5 1|50]49]4B
Exponent V Mantissa W

1;————— Sign Bit

47 46 45 44 43 42 441 40 3938 37 36 35 34 33 32
1Tttt 1T 7T 17T 17T T 7T 1T 177
Mantissa W

313029282726252423222120191817 16
b1 17T 1T 1T 17 T 17T 1T 177
Mantissa W

1514131211109 8 7 8 5 4 3 2 14 0
1T T T T T 17T T 1T 1T T T1
Mantissa W

Figure 3.4 Floating Point Format for
Charles River Data Systems Microcomputer
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Figure 3.7 Error Comparison - Floating-point
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2D Direct Form Filter Calculated Using Floating Point






Ago AAm AAao AAao
O-> Sy B Sy N Sp < Sa
+  YB, % YB, % YB, %
> > S
771
y 2
‘ N 5N - Da
7 " g 7
Y
Ao1 AAu J\Aax ,\Am
S4 . St , Se ...
7 r_1 r-1 r_i
z ) A 1 4 1 \
By, 1 (B“ 1 \ B, 1 \ By,
- > N\
Y74
Z,
- Y
/M) /oa LA A 22 A As2
Se o Ss . Ss o Sy
z? zt oy
\%a + YB, % Y, % YB, 4
. Ly I |
y =1
\ Z,
Y
Aoa AAaa ,\Aas Aaa
Sy o 543 . Sy y Si
g4 i ) e
Byg 1 YB,, “4 18, “t Vass
Y
D1 <
Figure 3.114 3 x 3 Order 2D Filter Direct Form Structure



93

- = > >0
/‘oo ,\Aio AAeo ,\Aso
o> So/ TS| TS| T Ss
~ rz-—a Y rz-a Y '2—1 I A 1/N
1 By ¢ By 1 B3
> > /N
Z"i
2
Y D,

-1 T -1 T -1
YA Z ( YA
By, t YB,, “t YB, “t Y8,, A
> > > /N
y >—1
\ za
-1/M A A A A Y
/ A 02 A 12 A 22 ) a2
Se . Sg /;‘\S“ /\“\S’_

y£!
Aoa ,LAaa ,\Aas Asa !
So/ ~TINSY TINS5
Boaz? Y8, z,! YB. z! YB,,
> > > !
D <

Figure 3.12 3 X 3 Order 2D Filter Spatial Integrator Structure



(E) 10910 E

(4000) 3.0
A Direct Form
(100) (2.0 [] Spatial Integrator
(10.0) 1.0
LOG
Error
(1.0) 0.0
]
R
(0.4) -1.0 1 ] 1 1
5 10 15 20 25
Number of Bits for Multiplier

Coefficients Rjgngtn

Figure 3.13 Error Comparison —— Fixed-point



o Q
A o e
N Cam
= \H \; \L _
Lol Q 1
< /J = e _
A m m -t - A o ™ I
m m m m
< a 4 < o 4 < a 4 "
<> 7 <> !
%) ) 0 :
-t -t -t 1
1 = I - 1 =
A AN A AN A A AN A
S e P = 8 ] _
< m < m < m I
—< >— < > —<ot—> 1
[\] o —
o) %) 0
-t -t Ral -l
| - | = 1 - I -
A AN X 2% &k A AN A A AN A
o o - -t [4'] o m m
-t hal -t -l hal - - -t
< m < m < m < m
e Lo < 0 Came < @ > <o P
0 0 7)) 0
-t -t - -t
I -t I = I = 1 =
g{AN s{ANg AN 8{ANg
< < - < . < o,
T o T w T o
& N S o ) N &}
mmi
A A

3 x 3 Order 2D Modified Spatial Integrator Structure

Figure 3.14



96

4. A VIDEO ENHANCEMENT INSTRUMENT USING 2D IIR

FILTERS

4.1. OPERATING PRINCIPLES OF THE VIDEO ENHANCE-

MENT INSTRUMENT

The ideas and methods of the previous chapters have been used to con-
struct a Video Enhancement Instrument (hereafter referred to as the Instru-
ment) that is portable, relatively inexpensive and high speed. It offers a par-
ticularly attractive alternative to the use of a dedicated supermini computer

or mainframe computer with an array processor.

A photograph of the Instrument is shown in Figure 4.1. The architec-
ture of the Instrument shown in Figure 4.2 is designed to implement the 2D
Spatial Integrator filtering algorithm described in chapter 2 and summarized
in Figure 2.4. That is, the input image to the 2D Processor, X in Figure 4.2
is a stream of rows (input vectors U, in Figure 2.4) and results in an output
image Y as a similar stream of rows (output vectors V, in Figure 2.4). The
2D Processor in Figure 4.2 is the hardware corresponding to the 2D Filter in
Figure 2.4. The Controller, the Display Memory, the Frame Grabber, and
the other input/output (I/O) circuitry in Figure 4.2 are for the purposes of

acquiring and displaying images and for controlling the flow of image pixels
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into and out of the 2D Processor. In this sense, the 2D Processor is the cen-

tral part of the Instrument.

The Instrument shown in Figure 4.3 is connected to a standard B/W
television camera for image acquisition and is capable of converting a com-
posite video image to a (512 x 512) by 8-bit digital image in one video frame
cycle ( 1/30 seconds). The input/output images are displayed on a standard
Output TV Monitor connected to the Instrument. The Instrument operates
by interacting with the user and providing a menu of selectable 2D filter
algorithms on the screen of a Video Display Terminal (VDT) having a key-
board. A photograph of the Video Enhancement system is given in Figure

4.4.

The Instrument combines the following elements in a single portable

unit:
(1) standard video input - composite video.

(2) digitization of a video image in 1 frame (1/30

seconds).

(3) control of the gain and offset of the input video sig-

nal for effectively increasing image contrast.
(4) standard composite video RGB output.

(5) Look-up Table for loading color information for

output display.
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(6) DMA access to the stored image for transferring

data efficiently.
(7) parallel processing for increased throughput.

(8) large selection of (3 x 3) order recursive 2D filter

algorithms for image enhancement.

(9) standard RS-232C interface for user access and for

hardware testing.
4.2. THE VIDEO INPUT FRAME GRABBER

The hardware used to acquire the TV image is manufactured by Matrox
Electronic Systems[9], Montreal, Quebec, and is known as a Frame Grabber.

A photograph of the Frame Grabber is given in Figure 4.5.

A composite video signal from a camera or video recorder is received by
the input port of the Frame Grabber. At this point, the horizontal and verti-
cal synchronization pulses of the composite video signal are separated from
the video information. The period of the synchronization pulses from the
camera are used to obtain a reference frequency to keep the video display
synchronized to the video input. The video portion of the composite video
signal is channeled to an analogue to digital converter (A/D) where an 8-bit
converter continuously digitizes the video information at 30 frames/second.
The 8-bit output of the A/D is stored in a (512 x 512) by 8-bit Display

Memory via the Matrox video bus shown in Figure 4.2. The data acquisition
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circuitry also provides a mechanism for adjusting the gain and static offset
of the input video signal. These adjustments are useful since they allow the
video signal level to be adjusted so that digitization can occur on that por-
tion of the video signal that contains the most relevant information. A video
signal is illustrated in Figure 4.6a that has a high level of contrast; the static
offset is set to zero and the gain is maximized so that the full analogue range
is digitized. The contrast of the video signal of Figure 4.6b is limited; the
gain and static offset are adjusted so that digitization occurs at the point
that will maximize the contrast of the input video signal. The system allows
for 16 different levels of gain and 16 different levels of offset. These adjust-

ments are under software control via an 8-bit I/O port on the Multibus.

4.3. THE DISPLAY MEMORY

The hardware used to store the TV image is also made by Matrox Elec-
tronic Systems[10], Montreal, Quebec, and is resident on two separate
boards, each of which contains four (512 x 512) bit planes. Thus, the two

boards constitute the 8 (512 x 512) bit plane Display Memory of Figure 4.2.

The Display Memory can be accessed via the Multibus using one of two
methods. The first method of access is through the use of programmed Row
and Column Registers which are pointers to a specific pixel z(m ,n) in the
Display Memory. One can read or write to this pixel via a third register,

known as the Data Register.
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The second method of access is by mapping a 1 Kbyte block of the
Multibus address space (1024 pixels or two rows) into the Display Memory.
The Row and Column Registers are loaded with the lowest Display Memory
location of a 1 Kbyte sequential block; that is they identify two rows. When
a pixel is accessed via the Multibus the Row and Column Registers are
automatically incremented (for two rows) to point to the next pixel in the
Display Memory. This second method of access is chosen for the Instru-
ment. It allows for a 1 Kbyte block of Display Memory to be accessed
sequentially by DMA before it is necessary to re-initialize the DMA Con-

troller in Figure 4.2.

The Matrox Video Bus (Figure 4.2) transfers data from the input A/D
converter to the Display Memory and from the Display Memory to the
Look-up Table for display on a Output TV Monitor. The on board logic

arbitrates these requests so that they are transparent to the Multibus user.

4.4. LOOK-UP TABLE

The Matrox Frame Grabber board also contains a Look-up Table to
establish a range of colors or intensities for the display of RGB composite
TV signals (Figure 4.7). The Look-up Table contains 3 independently acces-
sible 8-bit wide columns each 256 words long. The screen on the Output
Monitor is refreshed each frame by sending pixels from the Display Memory

to the Look-up Table. The 8-bit values are used for addresses to the 24 bits
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(8 red, 8 green, 8 blue) of data information at each address location in the
Look-up Table which are used to drive three 8-bit Digital to Analogue (D/A)
converters. The three D/A converters generate an analogue video signal for
the RGB monitor. Each address location in the Look-up Table may be
loaded with any 24-bit combination. Thus, each address location may con-

sist of 1 of a possible 16 million colors (224).

4.5. 2D PROCESSOR HARDWARE

The 2D Processor in Figure 4.2 has been constructed on a single circuit
board and is designed to specifically meet the high speed processing require-
ments for filtering 2D images. It contains 4 Texas Instruments TMS32010
digital signal processors each with (1K x 16) bits of Program RAM, Input
and Output FIFO buffers (first in first out) and a Transfer FIFO buffer. The
Input/Output FIFO buffers allow for the efficient transfer of data between
each TMS32010 and the Display Memory and the Transfer FIFO allows for
the efficient transfer of data between adjacent TMS32010 processors. A pho-

tograph of the 2D Processor is given in Figure 4.10.

4.5.1. TMS32010 Microprocessor

The TMS32010 microprocessor was chosen for the 2D Processor because
of its high speed and an architecture that is particularly suited to digital sig-
nal processing [11,12]. The TMS32010 combines the following features in a

single chip:
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(1) 16-bit data bus

(2) (144 x 16) bit on chip RAM for data

(3) double precision 32-bit ALU and accumulator
(4) 200 ns (16 x 16) bit multiplier

(5) barrel shifter for shifting data memory words into

the ALU
(6) on chip oscillator

The TMS32010 uses a modified Harvard architecture in which the pro-
gram memory and the data memory are on separate buses. This permits
simultaneous execution and fetching of program instructions. For most
instructions, this is a rate of 5 million instructions per second at the max-

imum clock frequency.

4.5.2. TMS32010 Program RAM

The Program RAM, 1K x 16-bit words, for each of the four TMS32010s
is shown in Figure 4.2 in the 2D Processor. The Program RAM is down
loaded from the 16 Kbyte EPROM with the 2D filtering algorithm and the

multiplier coefficients for nine filters through the DMA interface.

4.5.3. Input/Output FIFO Buffers

The Input FIFO (Figure 4.8) is a 512 x 8-bit buffer which is loaded with

a row of input image pixels (U, in Figure 2.4) from the Display Memory.
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The row U, is transferred by DMA via the Multibus using the DMA Con-

troller in Figure 4.2.

The Output FIFO (Figure 4.8) is a 512 x 8-bit buffer which contains a
row of output pixels (V) in Figure 2.4) that have been computed using the
2D filtering algorithm. An output row V, is transferred by the DMA Con-

troller (Figure 4.2) from the Output FIFO to the Display Memory.

4.5.4. Transfer FIFO

The Transfer FIFO (Figure 4.8) is a 16-bit wide buffer that allows for
one way asynchronous data transfers from one TMS32010 microprocessor to
the next TMS32010 microprocessor. The organization of the Transfer FIFOs
for each TMS32010 microprocessor is shown in Figure 4.9. The number 1
TMS32010 can send data to the number 2 TMS32010 processor but cannot

send data to the number O or number 3 TMS32010 processor.

4.5.5. Operation of 2D Processor

The 2D Processor implements the (3 x 3) order SFG of the Spatial
Integrator structure shown in Figure 3.14. A flow chart showing the steps
involved in transforming a row of input pixels U, into a row of output pix-

els V, is shown in Figure 4.11.

The Program RAM of the TMS32010 contains the multiplier coefficients

for 9 separate filters. On initialization, the microprocessor controller (Figure
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4.2) sends a single byte of value 0-8 to each of the four Input FIFOs via the
Multibus. The TMS32010 uses this byte to select multiplier coefficients.

This completes step (c¢) of Figure 4.11.

All the internal signals of the SFG (Figure 3.14) are stored in the
TMS32010 on chip RAM. At the start of each row U,, internal signals
S,-S3, 8S5—S7, Sg—S;;, and Sy — S5 (Figure 3.14) are set to zero (step
(e) Figure 4.11). The values of internal signals S,, Sg, So (Figure 3.14)
which are calculated from the computation of output row V,_; are read
from the Transfer FIFO (Figure 4.8). The input pixel z(m ,n) is read from
the Input FIFO (step (g) Figure 4.11). This completes the gathering of the
necessary information for the calculation of the output pixel y(m ,n) (step
(h) Figure 4.11). The output pixel y(m ,n) is stored into the output FIFO
(Figure 4.7) until the DMA Controller can transfer a row of pixels V,, to the

Display Memory.

The next step (j) (Figure 4.11) is to calculate new values for internal
signals S, - S3, S5-S4, Sg—S,;, and S9-S5 (Figure 3.14) by row
integrations (Equation 3.4) for the processing of output pixel y (m +1,n).
New values for S, Sg and S, are calculated by column integrations (Equa-
tion 3.4) and the results are stored to the Transfer FIFO for the calculation
of y (m ,n+1) in the next row V, . ,. The row index is decremented (step m)

and the program branches to step (d) to calculate the next output pixel
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y(m+1,n).

4.5.6. Efficient Buffering Between TMS32010 Microprocessors

The TMS32010 to TMS32010 Transfer FIFOs for all four processors are
shown in Figure 4.8. FIFO Transfer buffer number 3 is 1536 words. This
larger buffer is necessary to accommodate all the column integrations (sig-
nals Sy, Sg, S19, Figure 3.13 (512 x 3)) necessary for the calculation of a
complete row of output pixels (512)V, for the (3 x 3) order filters imple-
mented. The buffering between TMS32010 processors allows each processor
to work independently. For example, consider when the number 2 TMS32010
has just completed processing a row V, and its Output FIFO is full (Figure
4.7). While the number 2 TMS32010 is waiting for DMA service, the
number 1 TMS32010 may still calculate output pixels placing them into its
Output FIFO. The number 1 TMS32010 will place the column integrations
necessary for number 2 TMS32010 into FIFO Transfer buffer number 1 (Fig-
ure 4.9). When the Input FIFO for TMS32010 number 2 receives data
number 2 TMS32010 will use the values from the number 1 Transfer FIFO
while the number 1 TMS32010 is waiting for DMA service. The FIFO
buffers contain Full and Empty flags which are polled before each transfer to

prevent the loss of data.
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4.6. SYSTEM CONTROLLER

The system Controller (Figure 4.2) contains a general purpose 8-bit
microprocessor with a serial interface between the Instrument and a VDT
terminal. The Controller also contains a programmable DMA Controller for
transferring data from the Display Memory to the 2D Processor. The Con-
troller contains 3 - 16-bit parallel ports that are used for down loading the

TMS32010 Program RAM.

The Controller’s microprocessor is a MC68B09 with 8 Kbytes of scratch
pad RAM and 16 Kbytes of EPROM. There are two asynchronous serial
interfaces, one for a terminal and the other to connect to a device like a
computer for remote testing. The EPROM space contains all the DMA,
Display Memory, Look-up Table, terminal interface, TMS32010 program and
down loading routines. Also in the EPROM is a monitor for debugging 6809
programs. The 6809 controls the initialization of the Matrox boards and the

initialization of the TMS32010 Program RAM.
4.7. SOFTWARE CONSIDERATIONS

The Instrument is used to implement (3 x 3) order 2D IIR filters using
the Spatial Integrator structure of Figure 3.13. A TMS32010 assembly
language program corresponding to the algorithm for this SFG contains
approximately 250 instructions per pixel and requires 61.4 micro-seconds per

pixel at a clock rate of 5 MHz. The number of 6809 instructions required to
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initialize the DMA Controller to transfer each row U, of the image to the
TMS32010 2D Processor is 54 instructions or 1.36 micro-seconds per row for
a 6809 clock rate of 2 MHz. Using four TMS32010 processors with an image
size of (512 x 512) pixels, the processing time 7' for one complete image is

therefore approximately

__ 512 % 512 X 614-10°°
4

T

+ 512 X 1.36:10% = 4.025 seconds. (4.1)

4.8. SUMMARY

A description of the architecture (Figure 4.2) of the Video Enhancement
Instrument used for implementing 2D IIR filters is presented in this chapter.
The Instrument consists of five Multibus cards. The (512 x 512) by 8-bit
Display Memory is contained on two of the cards. The Instrument continu-
ously digitizes a composite video input image for storage in the Display
Memory. The output circuitry converts the digital information from the
Display Memory into an RGB composite video output for display on a TV
Monitor. The 2D Processor contains four high performance 16/32 bit
microprocessors (TMS32010) which are used to implement the IIR Spatial
Integrator filter algorithm. The system Controller contains an 8-bit
microprocessor, a DMA Controller and an interface between the Instrument
and a terminal, which are used to control the transfer of data between the

Display Memory and the 2D Processor.
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Extensive use of buffering, DMA and the multi-processor Spatial
Integrator IIR filter algorithm allows the four high speed microprocessors to
operate concurrently. The Instrument can process a (512 x 512) by 8-bit
image using a (3 x 3) order filter in about 4 seconds. The same structure
implemented in 'C’ on a Digital Equipment Corporation, Vax 11/780

requires approximately 8.5 minutes to execute.
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Figure 4.1 The Video Enhancement Instrument
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Figure 4.4 System For Image Enhancement

Figure 4.5 Matrox Frame Grabber
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5. FUNCTIONAL DESCRIPTION OF THE VIDEO ENHANCE-

MENT INSTRUMENT

5.1. FILTER CLASSES

The menu shown in Figure 5.1 indicates that the Instrument imple-
ments three major classes of filters, Lowpass, Highpass and Image Enhance-
ment. A lowpass filter attenuates the frequency components of the input
signal X that are above the cutoff frequency of the filter and will pass those
frequency components that are below the cutoff frequency. The Instrument
implements nine lowpass filters whose magnitude frequency responses are
given in the Appendix. A highpass filter attenuates frequency components
below the cutoff frequency. Because all the highpass filters used in the
Instrument have a gain of two, the Instrument will amplify frequency com-
ponents above the cutoff frequency. The magnitude frequency response of
the nine highpass filters implemented by the Instrument are given in the

Appendix.

The Instrument also implements a class of filters called Image Enhance-
ment filters. An Image Enhancement filter has unity gain below the cutoff
frequency and a gain of two above the cutoff frequency. Image Enhancement
filters are a type of highpass filter except that they pass the low frequency

background intensity components of the input signal X . It has been found
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experimentally that objects in the output image Y are easier to recognize
with Image Enhancement filters than with highpass filters because they have
approximately the same intensity level as in the input image X . The magni-
tude frequency response of the nine Image Enhancement filters implemented

by the Instrument are shown in the Appendix.

The user selects the desired class of filter from the menu shown in Fig-

ure 5.1 by pressing the appropriate number on the keyboard of the VDT.

5.2. CAPABILITIES OF THE VIDEO ENHANCEMENT

INSTRUMENT

The subsection titles below correspond to the Video Enhancement

Instrument menu items shown in Figure 5.2.

5.2.1. Image Digitization

The Instrument displays a B/W image from the input camera on the
screen of the output TV monitor. The acquired image size is (512 x 512) pix-
els and the displayed image size is (485 x 512) pixels with the value of each
pixel corresponding to a linear gray level from O black to 255 white. The
Instrument displays the menu shown in Figure 5.3. The user may adjust the
16 levels of gain or the 16 levels of offset (discussed in Section 4.2 of chapter
4) or may capture a single digitized TV frame by pressing the appropriate

number on the keyboard of the VDT.
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5.2.2. Image Filtering

This selection allows the user to choose one of the nine possible cutoff
frequencies for the class of filter chosen from the menu given in Figure 5.1.
An Example of the menu used for this selection is shown in Figure 5.4. The
Instrument processes the image in the Display Memory using the Spatial
Integrator multi-processor algorithm and the 2D Processor described in
chapters 3 and 4. The output image Y is displayed using the same memory

that was occupied by the input image X .

5.2.3. Pan

The term panning is used to refer to movement of the display window
in x and y, or both, coordinates. The Instrument panning function is avail-
able on the Matrox Display Memory board and allows any pixel z (m ,n) to
be defined as the center of the screen. Panning allows for easier examination

of an object that is along one of the edges of the screen.

5.2.4. Zoom

The zoom function, which is available on the Matrox Display Memory
board, allows the upper left hand portion of the TV monitor display to be
enlarged. The zoomed image replaces the original image from which it was
taken. The resolution of the output image is not affected since it contains

the same number of pixels before and after zooming. The zoom function
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allows for magnifications of x2 and x4.

5.2.5. Post Processing

Upon the selection of the Post Processing option in Figure 5.2 the
Instrument displays the menu shown in Figure 5.5. The three post processing
choices are; 1) reverse the image for zero-phase filtering, 2) contrast stretch,

3) histogram stretch and shift.

The concept of zero-phase filtering is explained in chapter 1. To filter
an image X with zero-phase using a 2D recursive LSI system having an
impulse response of A (m ,n ), the output image Y is filtered a second time
using a filter having an impulse response of h(-m ,—n). The Instrument
achieves zero-phase filtering by employing an image reversal operator R | |
that reverses the output image Y = y(m,n) into an intermediate image

Z = z(m,n) where
z(mu;m)=yM-1-m ,N-1-n) (5.1)

where 0<m <M-1, 0<n <N-1, M is the maximum number of columns
and N is the maximum number of rows for the spatially bounded image X .
The reversed image Z is then processed a second time, using the same filter
with impulse response h (m ,n ). The output of this second filtering operation
is then image-reversed using the operator R [ ]. This is exactly equivalent to
filtering the image Y with a filter which has an impulse response of

h (-m ,—n ), therefore, zero-phase filtering of X has been achieved.
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The Instrument is capable of changing the output Look-up Table (Sec-
tion 4.4). The operation of clipping and contrast stretching involve the
manipulation of the Look-up Table. In the case of clipping a pixel of value
r, and all the values less than r, are forced to black and another pixel of
value t, where t > r, and all pixels of value greater than ¢, are forced to
white. In the case of contrast stretching, intermediate pixels s, where
r <s < t, are varied linearly between black (pixel value = 0) and white
(pixel value = 255). The Post Processing selection Contrast Stretch in Fig-
ure 5.5 allows the user to define values for r and ¢. For an output image in
which all the pixel values are in a small range, contrast stretching can reveal
hidden features that may be only a few intensity levels apart. The contrast
stretch option in the Post Processing menu is often required to fully display

the detail that exists in a video image.

The term histogram is used to refer to a graph of the relative frequency
lreq with which a gray level [ occurs in an image X'. The histogram of an
image X that is quantized to K discrete levels can be represented as a bar
graph with [ usually displayed horizontally and [;,,, displayed vertically.
The image X will usually contain some levels that are highly populated;
that is the relative frequency /.., of certain levels will be large. An image
that has a flat histogram has a high level of contrast so it is highly desirable
to have all levels [ with approximately the same relative frequency [/, .

The algorithm used by the Instrument to manipulate an image histogram is
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calculate the relative frequency ., (i) for each
gray level 7; that is, for each 8-bit pixel in image
X count the number of pixels that have a value of

¢+ and repeat for+ = 0,1, 2,3, - - - 255.

determine a new gray level distribution using

. J K'lfreq (7) :l
N - Jrag\J )
reoli) = INT [g il

where [,,,, (¢) is the output gray level for a pixel of
value v, M is the number of pixels per row, N is

the number of pixels per column, and K is the

number of gray levels per pixel.

5.3. SUMMARY

The Instrument contains multiplier coefficients for 27 filters. There are

nine lowpass filters, nine highpass filters and nine Image Enhancement

filters. An Image Enhancement filter is a type of highpass filter in which fre-

quencies below the cutoff frequency have unity gain and frequencies above

the cutoff frequency have a gain of two.

A description of the capabilities of the Video Enhancement Instrument

is presented. The Instrument can capture and digitize a (512 x 512) by 8-bit

Black and White TV image in 1/30 second. Output display routines for
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zooming in on an object or panning an object into the center of the screen
are provided. To facilitate zero-phase IIR filtering a routine for reversing an
image in memory is provided. The Instrument implements two functions for
improving the quality of low contrast output images. The first of the func-
tions, contrast stretching, linearly varies the output Look-up Table between
a lower threshold (black level) and an upper threshold (white level). The
second function, histogram stretching and shifting, manipulates the histo-
gram of an image so that it is a closer approximation to the desired histo-

gram in which all gray levels contain the same number of pixels.
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Figure 5.1 Menu of Filter Classes
of the Video Enhancement Instrument
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Figure 5.3 Menu of Input Signal Adjustments
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*** Post Processing ***

1-> Reverse the Image for Zero-Phase Filtering
2-> Contrast Stretch

3-> Histogram Stretch and Shift

4-> Exit to Processing Choices

Type number of selection

Figure 5.5 Menu of Post Processing Choices
of the Video Enhancement Instrument
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6. CONCLUSIONS AND RECOMMENDATIONS

6.1. CONCLUSIONS

A Video Enhancement Instrument for enhancing television images using
2D LSI recursive filters is presented. An outstanding feature of the Instru-
ment is its speed. The Instrument can digitize an image in 1/30 second, pro-
cess a (512 x 512) by 8-bit image in approximately 4.0 seconds and then
instantaneously display the results on the screen of a television monitor. The
Instrument permits much faster processing than can be achieved on a typical
dedicated supermini computer. Examples of applications include biomedical
images such as CAT scan, ultra-sound, and X-ray images, industrial inspec-
tion in low illumination conditions, inspection of the ocean floor, radar

images, sonar images and computer vision.

The Instrument uses 2D recursive filters because they are computation-
ally efficient when compared to other methods such as 2D nonrecursive
filters and 2D filtering techniques using the FFT. Recursive filters may be
implemented with a minimum of scratch pad storage and they may start

processing an image immediately after the first pixel has been digitized.

For many years, a major disadvantage of 2D recursive filtering was

ensuring the stability of the difference equation. However, stable 2D recur-
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sive filters for any transfer function can be obtained wusing the
Ramamoorthy /Bruton method [3,4]. The multiplier coefficients of the filters
used in the design of the Instrument were obtained using a program
developed by Bruton/Bartley that is an implementation of the
Ramamoorthy /Bruton method called 2DFil [8]. If other filter classes or cutoff

frequencies are required, 2DFil can generate the required multiplier

coefficients.

Preliminary studies on the Spatial Integrator SFG structure suggested
that it would be capable of implementing 2D filters with much shorter multi-
plier coefficient word lengths [5,13]. This motivated this investigation of the
Spatial Integrator structure for high-speed 2D filtering because shorter word

length arithmetic is easier to implement.
In this context, the main contributions of this thesis are:

(1) A detailed experimental investigation of the Spatial
Integrator SFG structure and the Direct Form SFG struc-
ture. This investigation shows the improved performance
of the Spatial Integrator structure over the Direct Form
structure under actual image processing conditions. Spa-
tial Integrator recursive filters of order (3 x 3) may be
implemented using 16-bit multiplications and 32-bit addi-

tions. The widely used Direct Form structure requires 20-
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bit multiplications and 34-bit additions. The results show
that the low sensitivity of the Spatial Integrator structure
to quantization of multiplier coefficients makes possible a

16-bit single precision arithmetic implementation.

(2) An algorithm has been developed for a multi-processor
implementation. It is shown by examination of row-
recursive 2D filtering, that the (n +1) th row of an image
may be processed concurrently with the n th row, provid-
ing the recursion in the (n +1) th row follows by one pixel
the recursion in the n th row. For a highly parallel system
which contains M row processors, it is shown that square
images may be processed at T :(2M —1) seconds per image,
where M is the maximum number of pixels per row or
column and 7 is the time taken to process 1 pixel. If one
processor is used the total time to process an image is
M?2T  seconds. Typically for T = 26.4-10° and
M = 512, multi-processing reduces the processing time

from 6.92 seconds for one processor to 27.0-10~2 seconds.

(3) An Instrument for 2D LSI filtering has been designed and
constructed. The Instrument uses the Spatial Integrator

SFG structure and the multi-processor algorithm to



132

enhance digital television images in approximately 4
seconds. It uses four high performance 16-bit micropro-
cessors operating in parallel to perform the image

enhancement.

6.2. RECOMMENDATIONS

The primary limitation of the system is its inability to archive images.
To remedy this situation would involve incorporating a fixed disk to store
images for further processing and/or for image comparison. A multi-
megabyte disk is desirable since each (512 x 512) by 8-bit image occupies 256
Kbytes. The system would also require a tape drive or floppy disk for sys-
tem back-up and long term storage. A disk operating system is necessary for

the storage, retrieval and removal of image files from the disk.

It would also be advantageous to have several RAM (512 x 512) image
buffers so that images may be easily added or subtracted. This amount of
memory (256 Kbytes per image) would be most easily handled by incorporat-

ing a central processor with a larger address space such as the MC68000 or

the 8086.

The second RS232C port on the Controller of the Instrument could be
used to transmit an image serially to a remote computer. The incorporation
of a parallel communications interface is also desirable to increase the rate of

image transmission.
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For transmission or archiving of large numbers of images, data compres-
sion techniques should also be investigated and incorporated into the image

processing system.

The Instrument could also easily incorporate an operation called density
slicing, where only pixels in a certain intensity range are displayed. The
displayed pixels could be color coded through the use of the Look-up Table.

Color coding aids in the interpretation of the results.

Most of the abovementioned improvements are easily incorporated using
commercially available software and such hardware as disk controller boards,

megabyte memory boards and single board computers.
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(3 x 3) Circularly symmetric Highpass - Cutoff 0.2 7 radians
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(3x3) Circularly symmetric Image Enhancement - Cutoff 0.09 7 radians
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(3x3 ) Circularly symmetric Image Enhancement - Cutoff 0.4 7 radians
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