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PREFACE

This volume is part of a five-volume set that summarizes the research of participants in the 1996 AFOSR
Summer Research Extension Program (SREP.) The current volume, Volume 1 of 5, presents the final
reports of SREP participants at Armstrong Laboratory. Volume 1 also includes the Management Report.

Reports presented in this volume are arranged alphabetically by author and are numbered consecutively —
e.g., 1-1, 1-2, 1-3; 2-1, 2-2, 2-3, with each series of reports preceded by a 35 page management summary.
Reports in the five-volume set are organized as follows:

VOLUME TITLE
1 Armstrong Laboratory
2 Phillips Laboratory
3 Rome Laboratory
4A Wright Laboratory
4B Wright Laboratory
5 Arnold Engineering Development Center
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PERFORMANCE ANALYSIS OF AN ATM-SATELLITE SYSTEM

Valentine A. Aalo
Associate Professor
Electrical Engineering Department
Florida Atlantic University

Abstract

We have studied the impact of the bit error characterictics of a satellite channel on an
ATM-satellite network performance. By considering the ATM header error control
(HEC) mechanism, we calculate a number of ATM quality of service (QoS) parameters
such as cell loss ratio and cell error rate, for the satellite link. The analysis considers both
random as well as burst error channels. The results show that using additional Reed-
Solomon coding to protect the ATM cells reduces cell loss rate considerable. This
improved performace is at the expence of a 17% reduction in transmission rate.
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PERFORMANCE ANALYSIS OF AN ATM-SATELLITE SYSTEM

Valentine A. Aalo

1. Introduction

The switching and multiplexing technique defined for Broadband Integrated Ser-
vices Digital Network (B-ISDN) is the Asynchronous Transfer Mode (ATM), and
is designed to provide a single common format for transporting voice, video, and
data in an integrated network. ATM requires that the information from one or
several users be multiplexed, buffered, and partitioned into blocks of fixed length,
called cells. The fixed-length cell structure allows ATM to support applications
with continuous bit-rate and variable bit-rate simultaneously. Each ATM cell con-
sists of 5 bytes of header and 48 bytes of payload. The header contains information
about channel identification, priority, payload type, and error control mechanism.
The payload carries the actual information to be transmitted. The mode of infor-
mation transfer is connection-oriented and as such, a virtual connection must be
established between the source and the destination before the information trans-
fer can take place. ATM is independent of the information transmission system
provided and may be transported using any digital transmission format [1].
ATM was designed for transmission over a physical channel with excellent error
characteristics, such as the fiber optic channel where the error rate is very low and
due mostly to random errors. In a wireless environment such as a satellite chan-
nel, however, the error rate is usually very high, and bit errors usually occur in
bursts due to multipath, interference, and fading. Spectrum congestion resulting
from increased demand for wideband telecommunication services has forced satel-
lite designers to consider operating at very high frequencies, where atmospheric
propagation effects, especially attenuation and fading due to rain, are very severe.
For example, NASA’s Advanced Communications Technology Satellite (ACTS)
operates in the Ka-band (20/30 GHz) where rain attenuation effects are partic-
ularly severe. Also, satellite systems are power limited and usually require the
use of forward error correction (FEC) to improve the quality of the transmission.
Residual errors associated with the decoders used extensively with the receiver
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on satellite links also tend to be bursty. Today, due to their ability to offer wide
bandwidth on demand and allow flexibility regarding topology, reconfiguration,
or network expansion, satellites are used extensively in wideband communication
systems. Therefore, it is expected that satellites will play an important role in
the provision of ATM services. For example, ATM transmission at OC-3 (155.54
Mb/s) has been successfully demonstrated over the ACTS, and commercial ATM
service is available at 45Mb/s [2]. However, many performance issues regarding
the reliable transmission of ATM signals over a satellite channel remain to be
resolved. In this study we focus on the impact of the bit error characteristics of
a satellite channel on the ATM layer.

This report is organized as follows. Section 2 discusses tha satellite chan-
nel error characterization including the type of modulation and channel coding
used. In section 3, the specific ATM quality of service (QoS) parameters under
consideration are defined and quantified. Then the impact of both random and
bursty channel errors on the QoS parameters is then analyzed. Some techniques
to improve the ATM system performance are discussed in section 5 while some
concluding remarks are given in section 7.

2. Satellite Channel Chéracterization

The performance of an ATM-Satellite network depends largely on the bit error
characteristics of the underlying physical link. In the fiber optic link for which
ATM was originally designed the bit errors are randomly distributed and very
low. However, in a wireless environment and in a satellite channel in particular,
bit error rates are usually high and the errors are sometimes bursty. A geostation-
ary satellite channel can be approximated as an Additive White Gaussian Noise
(AWGN) channel with random errors. Because the satellite system is power-
limited, M-ary phase shift keying (MPSK) modulation will be considered. In this
case, assuming perfect phase coherence, the bit error rate (BER) for an uncoded
system is well approximated by

pezzQ( o sm(fM-)) (2.1)

where
E, = (log, M)E,,

__1 [ 2p
Q(y)—m/y e dz,




and I—f’,% is the bit energy to noise density ratio. Since power at the satellite is
limited, to improve the performance of satellite communication systems forward
error control coding is usually employed. On an average, coding reduces the bit
error rate but requires the addition of redundancy in the transmission. Viterbi
decoders are usually used at the receiver in satellite systems and results in the oc-
currence of burst errors. Typically, the coding system use concatenated codes with
inner convolutional codes with soft-decision Viterbi decoder combined with outer
Reed-Solomon codes. In such case, when the Viterbi decoder strays erroneously
onto an incorrect trellis path, it results in a burst of errors at the decoder output.
Since ATM was designed to be robust to random single bit errors, the presence of
burst errors considerably degrade the performance of the ATM-satellite system.
Thus the outer code is designed to correct the burst error provided that the burst
length does not exceed the error correcting capability of the bounded distance of
the outer code. v

A commonly used coding scheme in satellite modems is the Reed-Solomon code
which achieves the largest possible code minimum distance for any linear code with
the same encoder input and output lengths and therefore, are particularly useful
for burst-error correction. The Reed-Solomon decoded symbol error probability
may be expressed in terms of the channel symbol error, p, as (3]

pert > ()P - o 22)
M j=t+1 \J ‘

where n is the Reed-Solomon block symbol code length, k is the number of data

symbols being encoded, and

_n—k

T2

Thus in the MPSK system under consideration, p is given in (2.1) with E, replaced

by (ﬁ) E,. When the effect of Reed-Solomon coding is considered it will be

assumed that the entire ATM cell is protected at a time, that is, k = 53 x 8 = 424

bits and n = 511 bits.

t

3. ATM QoS Parameters

A number of quality of service parameters have been identified as being very
important in assessing the performance of the ATM protocol. Recall that the
ATM cell of 53 bytes comprises of 5 bytes of header and 48 bytes of payload.
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The header is again subdivided into 4 bytes for the information field and 8 bits
(1 byte) for header error control (HEC). The HEC which is used to protect the
header information from transmission errors can detect certain multiple bit errors
but can correct only single bit errors: ATM was designed to be robust to random
single bit errors. During the transmission, the ATM header may have no errors, a
single bit error, or multiple bit errors. If single bit errors occur in the header, it is
usually detected and corrected by the HEC mechanism. Since the HEC can detect
both single bit errors and multiple errors but can correct only single bit errors, two
events are possible when multiple bits in the header arrive in error. If the errors
are detected, the entire ATM cell is discarded. Otherwise, if the errored bits are
undetected, the ATM cells are transmitted with false valid address leading to the
misinsertion of the cell into a wrong address. Although errors may occur in the
payload, the ATM payload has no error correction mechanism. Fig. 1 summarizes
the ATM error characteristics.

ATM Cell
Header Payload
Single Bit No Error | | Multiple Bit ATM Layer Other Layers
Error Error (No Errors Detection) (e.g. AAL)

: Cell Loss Cell Loss
Correctable Detected Unde_tected SECR (CER)
(Valid Cell) (Cell Loss- (False Valid Address- (SECR)

CLR) Cell Misinsertion-
(CMR))

Figure 1: = ATM error characterization
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Depending on the nature of the error and whether error is detected and cor-
rected, the following QoS parameters will be considered.

Cell Loss Ratio (CLR):

This is the ratio of the number of lost ATM cells to the total number of
cells sent by the user in a specified time. Due to the statistical nature of the
ATM multiplexing, the limited size of the ATM buffer, the complex flow control
mechanism, and the random nature of the transmission channel, it is usually
possible that the header HEC is unable to correct the errored bits leading to
ATM cells being lost. On the average, the probability with which ATM cells are
lost in the system is the cell loss ratio. It is given by the probability that two or
more header bits arrive in error.

In practice, in order to reduce the vulnerability of the system to burst errors
a two-state Markov model [4], shown in Fig.2, may be used. Under normal con-
ditions, the receiver is in the single bit error correction mode and remains in this
mode as long as no errors are detected. However, if a single bit error is detected,
it is corrected and the receiver switches to the detection mode. If multiple bits
are detected, since more than one bit cannot be corrected by the HEC, the ATM
cell is discarded and the receiver makes a transition to the detection mode. When
the receiver is in the detection mode, no attempt is made to correct errors, and all
errored cells (including single bit errors) are discarded. The receiver remains in
this mode as long as the cells are received with error. When the header is exam-
ined and found to be error free, the receiver makes a transition to the correction
mode. Thus with the Markov model, a cell is discarded if the receiver is in the
correction mode and more than one bit error occurs or if the receiver is in the
detection mode and at least one bit error occurs in the header [5].

No error detected Multibit error detected
{no action) {cell discarded)

No error detected

(no action)

Single bit error detected Error fietected
{correction) {cell discarded)

Figure 2: Two-state Markov model for HEC operation

1-7




Cell error ratio (CER):
This is the ratio of errored ATM cells (that is, cells with at least one error in
the payload) to the total number of successfully delivered cells.

Severely Errored Cell Ratio (SECR):
This is defined as the ratio of severely errored ATM cells to the total number
of successfully delivered cells. A cell is referred to as severely errored if N (N > 2)

errors occur in the payload of the ATM cell. Throughout this report we assume
N=2.

Cell Misinsertion Ratio (CMR):

This is defined as the ratio of the cells delivered to a wrong destination to the
total number of cells sent. A cell misinsertion occurs as a result of an undetected
error in the header that causes a change of the cell destination resulting in the
misinsertion of the cell a wrong virtual channel or virtual path.

4. Effect of Channel Errors on ATM Parameters

In this section we consider the effect of the satellite channel error characteristics
on the ATM quality of service parameters. The effect of both random errors
(typical of optical fiber link) and burst errors (typical on a satellite link) are
considered. For the uncoded system, the probability of channel bit error, p.,
given in (2.1) will be used. However, for the case that additional Reed-Solomon
coding is used to improve system performance, (2.2) will be used for the channel
bit error probability.

4.1. Random Errors

We assume that the occurrences of single random bit errors in the channel be
independent and identically distributed, with probability p.. Then the probability
that k out of the 40 header bits arrive in error is binomially distributed and is
given by

(k) = Jrbta - o (41)




Then it can be shown that if the receiver operates with the dual-mode Markov
model, the cell loss ratio Pgp is given by [5]

Porr = pe[1 — ps(0) — ps(1)] + (1 — pc) [1 — p4(0)] (4.2)

where
D= p,(O) = (1 - pe)40'

To obtain the cell error ratio Pogr, we compute the probability that one or more
error bits occur in the payload of the ATM cell. Since there are 48 x 8 = 384 bits
in the information field, we have

PCER =1- (1 bt pe)384 (43)

In the case of severely errored cell ratio Psgcg, the probability that at least two
bit errors occur in the information field is given by

PSECR =1- (1 - pe)384 - 384pe(1 - pe)383' (44)

4.2. Burst Errors

Typically, satellite links are susceptible to the occurrence of burst errors resulting
not only from the dynamic nature of the channel but also from coding schemes
that are commonly used to improve the power efficiency of the satellite link. Thus
multiple bit errors occur frequently. One commonly used model to characterize
the bursty nature of the channel assumes that the error bursts as well as errors in
the burst are Poisson distributed leading to the Neyman-A contagious model [5].
In this model, the probability that k errors occur in an interval of m bits is given

by [5]

k

_b mpe\ §° m&-b)’i
pb(k)—k!exxn( : );( 5 ¢ ) T (4.5)

where p, is the channel bit error rate and b (6 < b < 40) is the mean error burst
length. Throughout we use b = 6 to obtain the numerical results. It can be shown
from (4.5) that

ps(0) = exp [—- mg) - (1 - e“b)} (4.6)

and

ps(1) = (mpe) exp [_mg) “(1- e;b) - b] : (4.7)




Therefore, the cell loss ratio for the bursty satellite link using the two-state Markov
model is given by

Porr = pc[1 = ps(0) — po(1)] + (1 = pc) [1 — po(0)] - (4.8)
Also, the cell error ratio in this case is given by
384p. -
PCER =1- exp [— bp (1 — € b)] (4.9)

and the severely errored cell ratio is given by

Pspor = 1 —exp [— e (1 - e'b)} _ (384p.) exp [—Tg—“ (1-e) - b] . (4.10)

5. ATM Performance Enhancement

ATM cells are usually transmitted over fiber optic channels where the error rate
is not only very low but the bit errors are also randomly distributed. However,
when ATM cells are transmitted over a satellite channel where error rates are high
and the bit errors occur in bursts, the system performance is expected to degrade.
This is because in the ATM-satellite link with bursty errors, these errors cannot
be corrected since the ATM header is capable of correcting only single errors.
In such a system there are a number of techniques that can be used to improve
system performance. Some techniques that will be discussed in this section are;
cell loss recovery using FEC, interleaving to spread the error bursts into dispersed
single-bit errors, HEC extension to correct multibit errors, and use of additional
coding for tha ATM cell stream.

5.1. Cell Loss Recovery

Typically, two major factors cause ATM networks to discard cells. One factor is
bit errors in the physical channel. As stated earlier, since the HEC can correct
single bit errors in the header field, cell loss due to uncorrectable header error in a
random bit environment reduces greatly. If the bit error rate is small (p, < 1079)
as in an optical transmission channel, the probability of cell discard due to bit
errors may be neglected. Burst errors, on the other hand, encountered in a wireless
network such as the satellite channel, can be a major source of cell delineation.
Although cell loss may not occur too frequently, once it occurs, consecutive cells
are also discarded. Therefore, at least 13 cells are usually consecutively discarded



whenever a cell loss occurs. The other cause of cell loss is due to buffer overflow in
multiplexing. When buffer overflow occurs in an ATM node, consecutive overflows
may usually be expected because the buffer is close to full. A two-state Markov
model may also be used to model the cell discard process due to buffer overflow
[6].

A number of cell loss recovery techniques based on forward error control have
been used to improve the performance of ATM networks. These range from no
protection of the ATM cells to using a variety of error detection/correction tech-
niques. Thus, while some of these techniques deal with only single cell loss, others
deal with consecutive cell loss compensation. A commonly used technique con-
sists of cell loss detection and lost cell regeneration and is applicable to the virtual
paths of the ATM network. However, this technique is more effective in optical
networks where transmission errors are low [6].

5.2. Interleaving

An FEC based cell recovery technique may not be desirable in a heavily wireless
network since, in general, the FEC method requires the transmission of redundant
cells, thus increasing the total network traffic. On the other hand, the method
of interleaving has a very small overhead and can improve the cell loss and inser-
tion probabilities in systems that are vulnerable to burst errors without requiring
complex interfacing. Two approaches may be used to apply interleaving to ATM
cells. One approach is to interleave the headers of several cells in a block of ATM
cells (also called block unit interleaving or inter-cell interleaving). A particular
block unit interleaver (the ATM Link Enhancer) reduces cell loss probability by
performing the interleaving of headers of ATM cells in a unit block of 12 ATM
cells and has been shown to provide considerable performance improvement on
a DS3 ATM-satellite link [7]. Another approach, known as cell unit interleav-
ing (also called intra-cell interleaving), disperses each bit of the header over the
entire data field of the particular ATM cell. Although not as effective as block
unit interleaving, this approach has a much smaller processing delay and is more
effective when burst lengths are small (shorter than 11 bits) [8].

5.3. HEC Extension

The ATM header error control scheme may detect multiple bit errors but is capable
of correcting only single errors. In the HEC extension method, the error control
scheme typically used in the ATM header is replaced with a more powerful code




that is capable of correcting multiple bit errors. The residual bit error rate may
be reduced considerably. However, this method is usually incompatible with the
standard ATM header format and may require complex interfacing [8].

5.4. Additional Coding

The use of block interleaving requires a continuous stream of ATM cells which
may not be readily available in very small aperture terminal (VSAT) systems.
Although cell unit interleaving may used in this case, however, the associated
performance gain may be too small to be effective when the burst lengths are
long. Better performance improvement may be expected if additional coding is
used on the satellite link to protect the ATM cells. This introduces additional
overhead and thus reduces the data rate. In this work, we consider the effect of
using Reed-Solomon coding to protect each ATM cell at a time.

6. Numerical Results

In this study we examine the effect of channel bit error on a number of ATM QoS
parameters. We consider both random errors and burst errors (based on equation
(4.5) with b = 6). For both random and burst errors, we first assume that no
additional coding is provided for the ATM cell protection. We refer to this as the
uncoded performance. Then we consider the simplified case where each ATM cell
(424 bits) is block coded with a (424, 511) Reed-Solomon code. This is referred to

as the coded performance. In Figs. 3 and 4, the cell loss ratio (Pgorg) is plotted
against the channel bit error probability (p.) for both channels with random errors
and burst errors, respectively. We observe that there is considerable decrease in
cell loss rate with the additional Reed-Solomon coding. Since, for a given value
of p., the type of modulation (MPSK) and power level (E;/N,) will have to be
specified, the rest of the results consider the effect of M and E,/Ny on the ATM
QoS parameters. The QoS parameters for uncoded ATM cells are shown in Figs.
5-7 for a channel with random bit errors and in Figs. 810 for a burst error
channel. The corresponding results for coded ATM cells are given in Figs. 11-13
for a channel with random bit errors and in Figs. 14-16 for a burst error channel.
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7. Conclusion

In this report we have studied the effect of using Reed-Solomon coding to protect
the ATM cells to be transmitted over a satellite channel. The simplified link
considered assumes that the channel is an AWGN channel and the modulation
QPSK, 8PSK, or 16PSK. For a given modulation level M, the SNR. E}, /N, required
to obtain a given QoS performance level can be obtained for both the random bit
error channel and the bursty channel. It is observed that a considerable gain in
performance is obtained. However, this gain is at the cost of a 17% reduction in
the transmission rate.
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Abstract

Mahy researchers have been paying attention to formalize and automate various sources of
programming knowledge and integrate them into highly automated tools for developing specifications
into correct and efficient software programs. Such tools serve to raise the level of language from which
programmers can obtain correct and efficient executable codes through the use of the automated tools.
One such tool is KIDS -- the Kestrel Interactive De?elopment System. It provides automated support
for the development and has components for performing algorithm design, deductive inference,
optimizations, data type refinement, and compilation.

Unfortunately, although this system provides logical tools that help the user to specify correct
programs, it does not help the user to find efficient designs. The goals of this research are to design and
implement job-shop scheduling problem theories by decomposition using KIDS and to identify and

incorporate useful scheduling heuristics for such problems.
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FORMAL SPECIFICATION
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Harapan Sinaga
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Introduction

Many researchers have been paying attention to formalize and automate various sources of
programming knowledge and integrate them into highly automated tools for developing formal
specifications into correct and efficient software programs. Such tools serve to raise the level of
language from which programmers can obtain correct and efficient executable code through the use of
the automated tools. These tools help users design and develop from formal specification methods.
One such tool is KIDS ~ the Kestrel Interactive Development System. It provides automated support
for the development and has components for performing algorithm design, deductive inference,
program simplification, partial evaluation, finite differencing optimizations, data type refinement,
compilation, and other development operations [Smith, 1990]. Unfortunately, although this system
provides logical tools that help the user to specify correct programs, it does not help the user to find
efficient designs.

This research is a continuation of the research initiated by one of the authors, Paul Benjamin.
He conducted research to design software for a class of problems such as N-queen problems. In this
project we focus our research to deal with a class of specific problems, namely job-shop scheduling
problems. The purpose of this research is to designing and implementing job-shop scheduling problem
theories by decomposition using KIDS and identifying and incorporating useful scheduling heuristics

for such problems.




KIDS -- Kestrel Interactive Development System

In our research, we will use KIDS as the automated tool. KIDS is a semi-automatic program
transformation system in which users apply a sequence of consistency-preserving transformations to
an initial formal specification of a problem and get a correct and efficient program for the problem. It
emphasizes the application of complex-high level transformations that perform significant and
meaningful actions. KIDS combines a theory of problem solving with a domain theory to derive a high
level program, which can be transformed to improve efficiency.

KIDS features algorithm design tactics and deductive inference components. It is capable of
automated supports for the development and has components for performing algorithm designs,
deductive inferences, optimizations, data type refinement, and compilation. The optimizations are
program simplification, partial evaluation, finite differencing, and other development operations.

KIDS is currently run on Symbolics, SUN-4, and SPARC workstations. It is built on top of
REFINE, a knowledge-base programming environment. Its environment provides an object-attributed-
style database to represent software-related objects via annotated abstract syntax trees, grammar-based
parser/un-parser translating between text and abstract syntax, and a very high level language and its
compiler. The language supports first-order theory, set-theoretic data types and operations,
transformations and pattern constructs supporting the rule creation. The compiler generates codes.

Typical steps developing a program using KIDS are the following [Smith 1990a]
® Developing a domain theory for a problem in terms of a collection of data types, operations, laws,

and inference rules;
® Creating a specification for the problem in terms of the underlying domain theory;

® Performing a design tactic by selecting an algorithm and applying it the specification;



® Applying optimizations by a selecting optimizing methods and applying to an expression in the
program;

® Applying data type refinements by selecting detail implementations for high level data types in the
program; and

® Compiling to get an executable code.

As mentioned above, in order to use KIDS, a user builds up a domain theory. A domain theory
defines the basic concept of a problem in terms of functions, data types and laws and inference rules to
reasoning about the concepts. It specifies the concept, operations, and the relationship that characterize
the problem and support reasoning about the domain via a deductive inference rule system. It is
represented using first order theory.

A formal specification serves to define the problem for which we desire an efficient
computational solution in terms of the underlying domain theory. The problem is defined by means of
functional constraints on the input/output behavior. A specification will be represented as a quadruple
F =<D, R, I, O> in a more program-like format:

function F(x : D) : set(R)

where I(x)
returns {z | O(x, 2)}
= Body.
This quadruple means that function F needs input type D that satisfies input condition I and results
output type R that satisfies output condition O. If exist, Body is a code to be executed to compute F.
The input condition or input assumption is a map from D to set {true, false}:
I: D — Boolean

and the output condition is a map from DxR to set {true, false}:
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O : DxR — Boolean.
This specification for problem F returns the set of all values z of type R satisfying the output condition
0. This is consistent if for all possible inputs satisfying the input condition, the body produces the
same set as specified in the returns expression, formally

V(x € D) (I(x) = F(x)= {z e R | O(x, 2)}

Those will be represented as axioms in the extended first order theory using A-calculus like format.

Job-Shop Scheduling Problem Formal Specification
The essential notion of scheduling is that certain activities are assigned to resources over
certain time intervals. Various constraints on the assignment must be satisfied and certain measure of
the cost or goodness of the assignment is to be optimized. For job-shop scheduling problems, activities
are a set of jobs, each consisting of sub-jobs or tasks, and resources are a set of machines. Jobs are to
be scheduled by assigning them to machines. A time interval model is used to partition the activities.
In this section, we will develop a scheduler involving several steps:
e Developing a formal model of the job-shop scheduling domain called a domain theory;
¢ Stating the constraints, objective, and preferences of job-shop scheduling problems within a
domain theory as a problem specification; and
e Selecting and applying a design tactic and identifying heuristic filters for the problem to get
efficient code.
A domain theory for a problem defines the basic concept of the problem in terms of functions
and data types and laws and inference rules to reasoning about the concepts. It specifies the concept,
operations, and the relationship characterizing the problem and supporting reasoning about the domain

via a deductive inference rule system. It is represented using a formal language.
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A domain theory for a job-shop scheduling problem defines the basic concepts of scheduling
and the laws for reasoning about the concepts. The general components of a domain theory for job-
shop scheduling problems are jobs — including to state their internal structures and characteristics,
hierarchies, and various operations on jobs; machines - including to state their internal structures and
characteristics, hierarchies, and various operations on machines; time -- including to state a calculus of
discrete time partition; constraints -- including to state the condition to be satisfied and a calculus for
reasoning about them; objectives — including to state the cost of a schedule to be minimized; and a
schedule.

In job-shop scheduling problems, several classes of constraints commonly arise. The most
common constraints are precedence constraints and capacity constraints. The precedence constraints
are to state an activity that must precede others. That is, tasks are partially ordered. Meanwhile, the
capacity constraints are to state bounds on the capacities of resources. Other constraints may involve
[Fox et al., 1989].

There are several objectives in job-shop scheduling problems. Typically, it is to minimize the
cost of a schedule. Cost can be measured in terms of time to completion, due time, earliness, tardiness,
work-in-progress, total cost of consumed resources, or resource utilization. These determine the
goodness of a schedule.

Using the above concept, a job-shop scheduling problem can be formulated. A schedule to be
found is a set of assignments satisfying those constraints and objectives. Some constraints that are
usually in job-shop scheduling problems are:

e Consistent-Ordering
Each job goes through requested machines for a service in certain order
o Consistent-Machine-Assignment

No machines serve more than one job at any time.
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e Consistent-Job-Assignment
No job is assigned to more than one machine at any time.

¢ Consistent-Release-Time
The start time of jobs assigned to a machine must not precede before their availability.

o Consistent-Due-Time
If any, the finish time of jobs must be no later than their due time.

e Consistent-Scheduling
All jobs must be scheduled.

To simplify the problems, all necessary movements of jobs from one machine into another are
already counted including an operator for the machine. It is possible however to include these certain
aspects of job-shop scheduling problems. Also, no jobs visit certain machines more than once and
there is no preemption; i.e., if a machine services a job, the service cannot be interrupted until the job is
done. In addition, we may assume that all machines are available during the whole operation and the
number of machines and the number of jobs to be scheduled are fixed and known. The number of jobs
is N, the number of machines is M and there is no duplicate machines.

In job-shop scheduling problems, objectives are functions used to measure the “goodness” of
the schedule. Some common objective functions are;

e Minimizing-Flow-Time — The purpose of this objective function is to minimize the flow time, i.c.,
the sum of the completion times of the whole jobs in the system. It gives an indication of the total
holding or inventory, costs incurred by the schedule. It is common to include weighted in the
completion times, called a weighted flow time.

e Minimizing-Makespan — The purpose of this objective function is to minimize the completion of

the last job to leave the system.



e Minimizing-Maximum-Lateness — The purpose of this objective function is to minimize the worst
violation of the due times of jobs.

In addition some policies may be enforced. These could be the “longest processing time first,”
the “shortest processing times first,” etc. However, we do not consider such policies in this research.

In general, a job-shop scheduling problem is to construct a set of assignments. These
assignments are called a schedule. Formally, it is a simple relation:

Schedule : set(Job x Machine x Time)

A scheduler assigns a set of jobs into a set of machines at certain times for given constraints and good
values of an objective function. Time states the start time of a certain job serviced by a certain
machine. For simplicity, we assume that time is discrete represented by an integer type. Therefore,
release time, due time, processing time and start time will be considered as integer.

Before we present the formal specification of the underlying domain theory for job-shop
scheduling problems, we first define the data type for these problems. These data types are used to
deal with the properties of the scheduling problems. The primitive data types will be represented as

type Job-type = symbol

type Machine-type = symbol

type Time = integer
Other data types will be represented as a tuple based on the primitive data types such as

type Schedule-type =

Tuple(Job : Job-type,
Machine : Machine-type,
Start-time : Time)
type Processing-Time-type =

Tuple(Job : Job-type,
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Machine : Machine-type,
Processing-time : Time)
type Release-Time-type =
Tuple(Job : Job-type,
Release-time : Time)
type Due-Time-type =
Tuple(Job : Job-type,
Due-time : Time)
type Processing-Order-type =
Tuple(Job : Job-type,
Machine : array of Machine-type)
Note that the maximum number of elements of the array is M, which is known. It is used to represent
the order of the machine servicing a job.
The constraints now can be expressed as follows:
¢ Consistent-Release-Time(Schedule : set(Schedule-type))
= Vsch e Schedule then Release-Time-F(sch.Job) <= sch.start-time
*  Consistent-Scheduling(Processing-Order set(Processing-Order-types), Schedule : set(Schedule-
type))
= (Vproc e Processing-Order) Vi Isch € Scheduling > proc.Job = sch.Job and proc.Machine[i] =
sch.Machine
* Consistent-Machine-Assignment(Schedule : set(Schedule-type))
= (Vsch, sch’ € Schedule) (sch.Machine = sch’.Machine A Start-Time-F(sch.Job) <= Start-Time-
F(sch’.Job) <= Start-Time-F(sch.Job) + Processing-Time-F(sch.Job)) — sch = sch’

¢ Consistent-Job-Assignment(Schedule :set(Schedule-type))
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(Vsch, sch’ € Schedule) (sch.Job = sch’ Job A Start-Time-F(sch.Job) <= Start-Time-

F(sch’ Job) <= Start-Time-F(sch.Job) + Processing-Time-F(sch.Job)) — sch = sch’
e  Consistent-Ordering(Schedule : set(Schedule-type))
= (proc € Processing-time) A (sch, sch’ € Schedule > sch.Job = sch’.Job = proc.Job A
proc.Machine[i] = sch.Machine A proc.Machine[j] = sch’ Machine) if i < j — Start-Time-
F(sch.Job) < Start-Time-F(sch’.Job)
Deriving these constraints is straightforward. Furthermore, the objective can be an objective
function mentioned previously.
Now we present the formal specification of a job-scheduling problem as follows:
function JSPS
(Job : set(Job-type),
Machine : set(Machine-type),
Processing-Order : set(Processing-Order-type))
returns {sch : set(Schedule-type) |
Consistent-Release-Time(Schedule)
Consistent-Scheduling(Processing-Order, Schedule)
Consistent-Machine-Assignment(Schedule)
Consistent-Job-Assignment(Schedule)
Consistent-Ordering(Schedule)}
This specification specifies a function called JSSPS (Job-Shop Scheduling Problem Scheduler), that
needs three inputs: a set of job, a set of available machines, and a set of all tasks to be performed and
their order. This function returns a schedule consisting of a job j, a machine m, and a start time t of the
job j serviced by the machine m. The schedule must satisfy all constraints given. The constraints are

defined as above and transformed into, for example
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function Consistent-Release-Time
(Schedule : set(Schedule-type)) : boolean
= Vsch in Schedule =
(Release-Time-F(sch.job) <= sch.start-time)
Here Release-Time-F is a function defined as follows:
function Release-Time-F
(ob : Job-type) : integer
= (rt : Release-Time-type)
(rt.Job = job) = rt.time
This function takes input job of a job-type and returns a value of an integer type, which is the release

time of the job.

Decomposing an Algorithm for Job-Shop Scheduling Problems Using KIDS

To compute a schedule for a given formal specification of Jjob-shop scheduling problem, we
can approach two different ways. They are local and global approaches. A local approach pays
attention to individual schedules and finds a similarity relationship among them. It starts from an
initial schedule and iteratively improves the schedule by considering the neighboring to complete the
schedule. One major problem with a local approach is that it may fall into a local solution. Another
approach is a global approach. A global approach pays attention to a set of schedules. An optimal
schedule is search by iteratively splitting an initial set of schedules into subsets until the feasible
schedule is easily extracted. Some examples of global approaches are backtracking, heuristic search,
branch-and-bound.

In this research, we will apply a global approach to job-shop scheduling problems. As

mentioned previously, KIDS has specialized design tactics for creating algorithms of various kinds. A
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global approach is one of them. A global search algorithm generalizes the computational paradigms of
binary search, backtracking, branch-and-bound, constraint satisfaction, heuristic search, and others.
The basic idea is to represent and manipulate sets of candidate solutions. The principal operations are
to extract candidate schedules from a set and to split a set into subsets. Derived operations include
various filters which used to eliminate sets containing no feasible schedules. Global search algorithms
start from an initial set containing all feasible schedules to a given problem instance and repeatedly
extract schedules, split set into subsets, and eliminate via filters until no set remains to be split. The
process is often described as a tree search in which a node represents a set of candidate schedules and
an arc represents the split relationship between set and subset. The filters serve to prune off branches
of the tree that cannot lead to feasible schedules. Those are to raise the level of efficiency of the
program.

In solving job-shop scheduling problems using KIDS, a collection of candidate schedules is
often infinite and they are very seldom represented extensionally even when finite. Therefore, the
intuitive notion of global search can be formalized as the extensions of a problem theory with an
abstract data type of an intensional representation called a space descriptor. In addition to the
extraction and splitting operations mentioned above, the types also include a satisfaction predicate to
determine when a candidate solution is in the set denoted by a descriptor. It is usually the term space or
subspace used to denote both descriptor and the set that it denotes.

Formally, a gs-theory consists of the following structure [Smith, 1987], where D is the input
domain, R is the output domain, I is the input condition, O is the output condition, Satisfies is the
denotation of the descriptor, and Extract is the extractor of schedules from the spaces,

Sorts

D,R, R

Operations
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I: D — Boolean

O : DxR — Boolean

I :DxR - Boolean

Satisfies : R x R — Boolean

Split : D x R x R - Boolean

Extract : R x R - Boolean

Axioms

GSO. I(x) =1 (x, T,(x))

GS1. I(x) A I(x, T) A Split(x, T, §) = 1 (x, §)

GS2. I(x) A O(x, z) = Satisfies(z, T,(x))

GS3. I(x) A 1(x, T) = (Satisfies(z, T) = 3§ (Split*(x, T, §) A Extract(z, §)))
where R is the type of space descriptors; T defines legal space descriptors; T and § vary over
descriptors; T,(x) is the descriptor of the initial set of the candidate solutions; Satisfies(z, T ) means z
is the set denoted by descriptor T or z satisfies the constraint T represents; Split(x, T, §) means that
§ is a subspace of T with respect to input x; Extract(z, T ) means that z is directly extractable from
T. Axioms GSO asserts T,(x) is a legal descriptor, GS1 asserts legal descriptors split into legal
descriptors and Split induces a well founded ordering on spaces, GS2 provides the denotation of the
initial descriptor, meaning all feasible solutions contained in the initial space, and GS3 provides the
denotation of arbitrary descriptor T : an output object z is in the set denoted by T if and only if z can
be extracted after finitely many applications of Split to T where

Split*(x, T,§) =3k (Splitk(x, T, 3))

and
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(Splitd(x, T, 1)) =(T = 1)
and for all k,

Splitki(x, T, T)=3F (Split(x, T, §) A Splitk(x, §, t)).

Note that all variables are assumed to be universally quantified unless explicitly specified otherwise.

The initial schedule is just an empty schedule. This initial schedule is extended by first
assigning a job into a machine at a certain start time. Given an assignable tuple (job, machine, start
time), Split will attempt to extend a schedule with the tuple and check its legal descriptor. This process
is repeatedly attempted until all jobs scheduled. Of course, it is possible that this assignment causes
impossible to complete a feasible schedule. In tree search algorithm it is important to avoid such a
violation as early as possible. Next we will examine this.

Beside those assignments, there are other derived operations that could lead to produce an
efficient algorithm. These derived operations are called filters. In KIDS, filters play an important role
to produce an efficient code. They are crucial to the efficiency of a global search algorithm and
correspond to the notion of pruning branches in backtrack algorithm and pruning lower bounds and
dominance relations in branch-and-bound. A feasibility filter

YD XR - BOOIEAN ..ooeiiiiiii e ¢y
is used to eliminate nodes from further processing. The ideal feasibility filters decide the question
"Does there exist a feasible solution in space T ?" [Smith, 1990a] or to be more precise,

3(z € R) (Satisfies(z, T) A O(X, Z)).  wooviiiieieeeeceeeeee ettt )
Using (2) directly is too costly. Usually, other approaches are used such as:

e necessary feasibility filters W(x, T):

3(z € R) (Satisfies(z, T) A O(x, 2)) = P(x, T).

They only eliminate spaces not containing solutions, so they are generally useful but hard to find;
e sufficient feasibility filters y(x, T):
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y(x, T) = 3(z € R) (Satisfies(z, T) A O(x, z)).
They are mainly used when only one solution is looked for; and
o heuristic feasibility filters bearing other relationships to 3(z € R) (Satisfies(z, T) A O(x, z)).
These filters offer no guarantee, but a fast heuristic approximation to it may have the best
performance in practice.
Given a global search theory G and a necessary filter ¢, Smith proved that the following
program specification F is consistent [Smith, 1987]:
function F(x : D) : set(R)
where I(x)
returns {z | O(x, 2)}
=if ¢(x, T,(x)) then F_gs(x, T,(x))
else {}
where
function F_ gs(x:D, T : R) : set(R)
returns {z | Satisfies(z, T) A O(x, z))
= {z | Extract(z, T) A O(x, z)}
U reduce(u, {F_gs(x, ) | (Split(x, T, $) A ¢(x, $)})
This abstract global search program works as follows. Program F on input x calls F_gs with initial

space T, (x) if filter ¢ holds; otherwise, no feasible solutions. Program F_gs unifies two sets:

(1) all solutions that can be directly extracted from the space T, and

(2) the union of all solutions found recursively in spaces T that are obtained by splitting T and

preserve the filter.




In other words, the global search unifies ali solutions found at the current node with the solutions found
at decedents. Note that filter ¢ is an input invariant in F_gs.

As mentioned above, it is important to detect a violation as early as possible during an
extension of a partial schedule to lead an impossible feasible schedule. To detect such a violation, a
necessary feasibility filter will be used. In this case we use a contrapositive of the necessary filter.
That is, if —y(x, T ), then there are no feasibility schedule in T. Therefore, it can be eliminated from
the search space. So, the global search will apply this filter by testing y(x, T ) at any node that it visits
and prune all nodes that y(x, T) is false.

One way to get a pruning test is to initiate (2) with Satisfy and output condition O and use the
inference system to derive a necessary condition.

Below will show a simple example of this pruning technique. Consider the following tree.

T orune

.
.
. .
. .
. .
. .
.
3 .
. -

ofo o Re

At the root, there are four successor nodes. It means there are four ways to assign a job to a
machine. However, by further investigation of the necessary condition for the successor node, that
there may be some assignments not possible. For example, the assignment is not possible due to the
violation of the release time of the jobs. In this case, the whole subtree rooted at the successor node is
pruning without further investigation. These kinds of tests can lead to early detection of infeasible

schedules.
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The above example involves the Consistent-Release-Time constraint. Another example is to
examine constraint Consistent-Ordering. In extending a partial schedule, some nodes could be
eliminated. The elimination involves the Consistent-Ordering constraint. Consider the following
scenario. When a global search attempts to examine the éuccessor of the current nodes, it is necessary
to test whether the successor node will violate condition Processing-Ordering. If it is, that should be
eliminated and there is no need to consider. In other words, we can eliminate all nodes that violate the
constraint. Therefore, these kinds of tests could result an efficient code.

By early detection such pruning, the search space is converged faster. So, it is important to
derive such necessary conditions.

Another way to get an efficient code is to perform constraint propagation. This technique is a
more general way. It is essential for an early detection of infeasibility.

As mentioned before, a search space can be viewed as a tree. Each node is a data structure
denoting a set of candidate solutions. A node is rooted at a node. It is called a parent. So, the parent
node denotes the set of all candidate schedules found in the tree.

As contrast with pruning which removes a node from further consideration, constraint
propagation changes the space descriptor so that it denotes a smaller set of candidate schedules. Its
effect is to sharpen the subspace descriptor. In result, the descriptor becomes tight and exposing
possibly infeasibility.

Constraint propagation is based on the concept of cutting constraints. Let T be a subspace
descriptor in a global search tree denoting a subspace S = subspace(T ) and let c(z, t) be a cutting
constraint where z is a candidate solution and 1 is an arbitrary subspace descriptor. Define an
operation Cutting that takes T and ¢ and generate a new descriptor § such that

Cutting(T) = § < subspace(3) = {z | z € subspace(T) A c(z, T)}
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This operation will throw away space that does not contain the feasible solution. By applying this
operation over and over, the space descriptor becomes smaller and smaller until no more space to throw
away. This operation is similar to a fixpoint operator:

Cutting(S) =3
In a fixpoint operator, we repeatedly apply the operator until there is no more or a little changing in the
operand.

This constraint propagation is used to optimize algorithm to find a tight lower bound on the
cost of optimal solution for given objective functions [Nemhauser and Wosley, 1988].

To derive a cutting constraint is similar to deriving pruning. That is to find a candidate

schedule that is feasible:

VixeD, Te R, z € R) (Satisfies(z, T) A O(x, ZD DV, Z, T) e 3)
It means that W(x, z, T) is a necessary condition to extend the candidate schedule for a given output
condition.

Now we apply the constrapositive to this to determine the feasibility of the candidate schedule.
That is, if =¥(x, T) then z is not a feasible schedule that extends the previous schedule. Therefore, it
can be pruned.

So, we may incorporate the derived necessary condition ‘\W(x, T) into T to obtain a new space

descriptor to get an efficient code.

Concluding Remark

In this research we examine job-shop scheduling problems. After reviewing some literature,
we come up with components of job-shop scheduling problems. Then we formulate a domain theory
for the job-shop scheduling problems. This domain theory defines the basic concept of the problems in

terms of functions, data types, and law, and inferences rules to reasoning about the concept.
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We develop a formal specification for the domain theory. The formal specification serves to
define the problem for which we desire an efficient computational solution in terms of the underlying
domain theory. The problem is defined by means of functional constraint on the input/output behavior.

We identify some of heuristic filter that can be used to speed the process of finding the
solutions. There are two main filters presented: pruning and constraint propagation. Pruning serves to
eliminate all nodes that do not contain any feasible solution. Constraint propagation can be used to
optimize algorithm to find a tight lower bound on the cost of optimal solution for a given objective

function.

By using KIDS, we push in those two specification and design tactic to get high level
programming. Later on, the high level programming is optimized and compiled into a correct and

efficient executable code.
Due to an internal problem in installing KIDS in our system, we are not able to verify our

result. However, we will continue to work in this problem until the system is properly working.
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Abstract

Researchers have developed and examined Space-Time Adaptive Processing (STAP)
schemes to cope with the clutter spectral spreading that occurs for a radar mounted on a
moving platform. Analysis shows these schemes have great potential. Unfortunately, much
of the previous evaluation of STAP algorithms was based on the assumption that accurate
estimates of the interference-pulse-noise statistics are available which is usually unrealistic.
In this report, performance evaluation is based on a highly non-homogeneous environment
where interference-plus-noise statistics are unknown. Further, estimates which attempt to
characterize the interference-plus-noise environment are obtained by probing nearby range
cells which is typical in practice. Often, as we show, these estimates are very inaccurate. A
general formulation of a STAP algorithm is defined and several specific cases are described
and studied. Both simulated data and real measured radar data are used in the tests. The
results indicate that STAP schemes can be developed which will perform well when operating
with limited information and possibly mismatched estimates of the interference-plus-noise
environment. Further development and study are needed to identify the best STAP schemes

for this purpose.
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An Analysis of the Adaptive Displaced Phase Centered Antenna,

Space-Time Processing Algorithm
Rick S. Blum

1 Introduction

In airborne radar, the detection of targets is often limited by ground clutter and other forms
of interference. Platform motion causes Doppler shifts in the ground clutter that makes
Doppler filtering alone ineffective. In such cases Space-Time Adaptive Processing (STAP)
offers a potential solution.

STAP has been an active research topic for at least the last two decades. Much of
the interest was generated by the results in [1] and [2]. Since then several algorithms have
been proposed and evaluated using simulated radar data. With the recent improvements in
phased array antenna and digital signal processing technology, a STAP-based radar system
is becoming an attractive alternative for detection of small airborne targets in severe clutter,
as compared to classical low-sidelobe beamforming [3].

Current STAP research efforts [4] are focused on, among other things, improved esti-
mation of the clutter-plus-noise statistics, calibrated clutter measurements, real-time process-
ing hardware development, and performance evaluation for the competing STAP approaches.
The last one is the interest of this report. In most previous research, STAP schemes were
evaluated using simulated data or by manipulating stationary platform measurements to
simulate motion. While simulated data is very useful in the development and analysis of
algorithms, a more complete evaluation includes using actual recorded radar data. Thus,
in this report, we compare various STAP schemes using both simulated data and actual
measured airborne data. A general STAP processing approach, which includes most linear
processing schemes, is developed. This should be useful in designing robust STAP algorithms

which is an important topic for future research.
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In section 2 we describe the system under consideration and we provide an introduc-
tion to STAP. In Section 3 we define a general STAP scheme and give a detailed description
of several specific approaches. In Section 4 we present comparison results which utilize sim-
ulated radar data. Comparison results based on measured airborne radar data are presented

in Section 5. Conclusions are given in Section 6.

2 System Overview

A radar operates by transmitting energy into the environment and obtaining information
concerning the location of objects by detecting reflections of the transmitted energy [5].
Detection of an object requires that the received energy from a reflection be larger than
the background energy. There are many contributors to the background energy. The most
fundamental one is the random energy fluctuations that result from the random motion of
electrons. This contribution is often called noise. The presence of other reflectors, such as the
ground, whose energy tends to obscure that of the reflector of interest, can also contribute
to background energy. These contributors are denoted as clutter.

Thermal noise [6] is always present in electronic circuits. As the name implies, thermal
noise is a function of temperature. For our purpose, an important aspect of thermal noise
is that its power spectral density is constant over the bandwidth of typical radar receivers.
The effective received noise power P, due to the combined effects of the antenna and receiver

is directly proportional to bandwidth. Thus
P, =kT,B (1)

where k is Boltzmann’s constant, B is the receiver bandwidth measured in Hz and T}, is the
effective temperature of the receiving system.

In military radar applications, an adversary can decrease a radar’s detection capability
by inserting a signal in the bandwidth of the radar. This type of interference is known as
jamming [3]. Typically, the energy received by the radar due to jamming is far greater

than that of thermal noise, so the presence of the jammer can significantly decrease the
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performance of the radar system. One significant difference between interference due to
jamming and thermal noise is that interference due to jamming typically emanates from
a single spatial angle, whereas thermal noise has essentially uniform density over spatial
angles. Thus, modifying the antenna pattern to ensure a low response in the direction of the
jamming will often decrease the effectiveness of the jamming [3].

Clutter [5] can be distributed in angle and range. Further, clutter can be distributed
in Doppler frequency. For an airborne surveillance radar, the major source of clutter is
ground clutter which is due to the backscattering of radiation from the ground. To detect
a target in the presence of clutter with a stationary radar platform, a useful discriminant
is that often targets have high velocity, and therefore high Doppler shifts, whereas ground
clutter has zero or low velocity, and therefore zero or low Doppler shifts. Delay-line [7]
cancelers can be easily configured to have nulls at zero Doppler to suppress this clutter. For
moving platforms, Doppler shift is dependent on the aspect angle of a scatter relative to the
radar look direction. As a result, this makes the Doppler spectral spread quite large. In

order to cancel these aspect-dependent clutter returns, STAP has been found to be useful.

2.1 Radar System

The system under consideration is a pulsed Doppler radar residing on an airborne platform.
As defined by the IEEE Standard Radar Definitions [5], a Doppler radar is one which utilizes
the Doppler effect to determine the radial component of relative radar-target velocity or to
select targets having particular radial velocities. It functions to enhance targets within a
particular velocity band while rejecting clutter and other echoes outside the velocity band
of interest. When a Doppler radar uses pulsed transmissions, it is called a pulsed Doppler
radar.

We assume the radar transmits a coherent burst of M pulses at a constant pulse
repetition frequency f, = 1/T,, where T, is the pulse-repetition-interval (PRI). The time
interval over which the waveform returns are collected is commonly referred as coherent-

processing-interval (CPI).
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Figure 1: Structure of the observed signal returns.

In our analysis, the radar antenna used is a uniformly spaced linear array antenna
with N identical elements (For the measured data cases we consider a two dimensional
array.). These elements may be the beamformed columns of a rectangular planar array. It is
also assumed that the radar array has a fixed transmit pattern. Each element of the array
has its own down-converter, matched filter receiver, and A/D converter. For each PRI, L
time samples are collected to cover the range intervals as illustrated in Fig. 1.

With M pulses and N antennas, the received data for one CPI comprises LM N
complex baseband samples. This multidimensional data set, collected as shown in Fig. 1,
is often referred to as a datacube. Denote the observation corresponding to the i** antenna
element at the j* pulse for the k** range cell as z; ;5. It is convenient to denote the part of

the datacube which represents the k** range cell of the datacube as

Xy = [$1,1,k, Ta1,ks-+ v TN,k T1,2,ky -+ -CCN,M,k]T (2)

where o denotes the transpose of the vector a. We will refer to X}, as a space-time snapshot.

As in most analysis of radar systems [8], we assume we can decompose the samples
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in the datacube as

X = aV(S) + X(C) (3)

where V() is the normalized target response, given as
V(S) = b(w) ® a(¥). (4)
In (4), ® denotes the Kronecker product,
b(w) = [1,e2, ..., dM-1)2m=) (5)

is an M x 1 temporal steering vector in which t is the normalized target Doppler frequency

as defined in [8], and
a(®) = [1,e2™, ... dN-1)2m9) (6)

is an N x 1 spatial steering vector in which ¥ is the target spatial frequency as defined
in [8]. The symbol V(S) used in (4) is often called a target steering vector. In (3), « is
an unknown constant and X (C') denotes the additive interference-plus-noise returns. X (C')
usually consists of additive contributions of clutter, jamming and thermal noise. A typically

model for each of the components of X(C) is given in [§].

2.2 Space-Time Adaptive Processing

Most of the STAP schemes that have been suggested can be represented as an inner product
of the conjugate of a weight vector w and the vector X, which represents the snapshot of

interest. This inner product

z =wiXy (7)

produces the complex quantity z whose magnitude is often compared to a threshold to
make a decision. The weight vector w may depend on the estimated interference-plus-noise

environment and on the target of interest.
One way to view a space-time processor is as a two-dimensional filter. Conventional

schemes only use Doppler frequency selectivity and could produce a filtering action as shown
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Spatial Frequency
Figure 2: One-dimensional Doppler filter applied to ground clutter (adopted from [9]).

in Fig. 2. Fig. 2 shows the clutter ridge that is characteristic of ground clutter in airborne
radar [8]. It is clear that although such a filter can cancel the clutter return due to the
mainlobe (assumed to be at zero Doppler) of the antenna response, it is unable to cancel
the clutter returns due to sidelobes. STAP schemes combine both the spatial and temporal
information and are able to rotate the filter to produce a null along the clutter ridge as shown
in Fig. 3. Ideally, the space-time processor provides coherent gain for a target while forming
angle and Doppler response nulls to suppress interference. As the interference scenario is
not known in advance, the weight vector must be determined in a data-adaptive way from
the radar returns.

In the well-know sample matrix inversion (SMI) algorithm [2], which is a fully adaptive

algorithm, the weight vector is given, to within a scale factor, by
w= RV(S) (8)

where R is the estimated interference-plus-noise covariance matrix. The estimate is based
on a set of reference data, typically chosen from the surrounding range cells. V(S) is the

normalized target response defined in (4).
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Figure 3: Space-time filter applied to ground clutter (adopted from [9]).

In the case where the interference statistics are known or the estimated covariance
matrix is exactly equal to the true covariance matrix, SMI can achieve optimal performance.
A fully adaptive STAP scheme is one that requires the formation of an NM by NM covari-
ance matrix which can be a problem. Even for moderate M and N, the computational cost
of the estimation and computation of £~! becomes excessive in real-time implementations.
As a result, reduced complexity approaches have been developed whose computational cost
is substantially smaller. Some examples of reduced complexity approaches are given in the
next section.

The schemes which estimate the interference-plus-noise statistics typically require a
large set of independent and identically distributed (iid) reference data vectors to achieve an
accurate estimation. This requirement may be unrealistic, since measurements [10] indicate
that multichannel airborne radar clutter data is often severely non-homogeneous. For this
reason the reference data set available for estimation of clutter statistics is usually quite small.

Therefore it is important to know how different STAP algorithms perform for such cases.
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A particular STAP algorithm, the adaptive displaced phase-centered antenna (ADPCA)
algorithm, appears to provide benefits in some non-homogeneous environment cases where

the interference statistics estimates may be inaccurate.

3 Some Reduced Complexity STAP Schemes

STAP is an active research area and new schemes are continually being developed. In order
to compare schemes, a standard terminology is useful. Here, we will mainly follow the
terminology used in [8]. We caution the reader that other terminology also appears in the
literature. We first define a general formulation of a for STAP processing approach which
encompasses most of existing STAP schemes. We limit consideration to those schemes which

linearly combine the space-time observations. Next we describe six specific approaches which

are
¢ Adaptive displaced phase-centered antenna (ADPCA)
e Factored post-Doppler (post-Doppler adaptive beamforming)
e Element-space pre-Doppler
e Beam-space pre-Doppler
¢ Beam-space post-Doppler

¢ Joint-domain localized (JDL) approach

each of which are included in the general formulation.

3.1 General STAP Approach

Consider the transformations

Xi(P) = (4 ®B,)" Xy; p=10,1,2,...,P~1 (9)

where X is the space-time snapshot from the kth range cell and A, and B, are scheme-

dependent matrices. The operations in (9) ~an be interpreted as a pre-processor applied to
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the received signals. This pre-processing generates data for the adaptive processing to follow.
Note that P vectors are produced by the operations in (9). Typically, the pre-processing in
(9) performs a coordinate transformation and a selection operation.

We describe the adaptive processing on the pth vector produced by (9) as

7 (p) = STR! (p) Xi (p) (10)
where
_ 1 ke —
Ry (p) = 0 Y Xi(p) Xi(p) (11)
i=k—Q/2,i#k

and S is a scheme-dependent steering vector. Ry (p) is the interference-plus-noise covariance
matrix estimated from @ adjacent range cells. Note that (10) resembles the SMI scheme de-
fined in (7) and (8). Further, based on accepted principles, the covariance matrix estimation
of an r x r matrix like By (p) nominally requires @@ = 2r iid secondary data.

In different schemes, 7x (p) may or may not be the final output of interest. If 7 (p)
is the final output of interest, its magnitude will be compared to a threshold to decide if
signal is present. For cases where 7, (p) will be processed further, we assemble the complex

outputs from each adaptive processor into a P x 1 vector as
V=[5 (00,5 (1), 5 (P = 1)) (12)

and compute

Zem = [V, (13)

which we call post-processing (after adaptive processing). Typically, f,. is the mth column
of a P x P filter matrix F', and Z, is the final output whose magnitude will be compared
to a threshold to produce a decision. A diagram of the complete processing flow is shown in

Fig. 4.

3.2 Adaptive Displaced Phase-Centered Antenna

ADPCA is a low complexity alternative to fully adaptive schemes like SMI. ADPCA uses

adaptive processing with K, (typically 2 or 3) pulses at a time rather than all the pulses of
p p g p ) p
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Figure 4: Processing flow for a general STAP scheme.

the CPL To be more precise, define a set of P sub-CPIs Xj(p),p = 0--- P — 1 in the kth
snapshot. Each sub-CPI contains possible signal returns from K, pulses and all N elements.

Fig. 5 shows two different ways to form the sub-CPIs. As indicated in Fig. 5, imple-
mentation (a) does not overlap pulses. Given M pulses in a CPI where M can be divided by
K, implementation (a) generates P = M/K,; sub-CPIs. The 0th sub-CPI consists of pulses
0, ..., Ky —1 and the pth sub-CPI consists of pulses pKj, ..., pK; + K; — 1. Implementation
(b) forms the sub-CPIs by using the same pulse returns in several sub-CPIs. Given M pulses
in a CPI, implementation (b) generates P = M — K, +1 sub-CPIs. The 0th sub-CPI consists
of pulses 0, ..., K; — 1 and the pth sub-CPI consists of pulses p, ..., p+ K; — 1. In Fig. 5,
K is set to 3 and in implementation (b), neighboring sub-CPIs overlap 2 pulses. Of course,
other overlaps are possible.

The pre-processing we have just described can be put into the framework of (9). B,

is set to Iy which is an N x N identity matrix and

Op(}\"t—h) x K

Ap = IK (14)

t

O(M—K:—pK.+ph) x K:

Where the notation 0y, refers to an [ x m matrix of zeros. k indicates the number of pulses
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Figure 5: ADPCA sub-CPI formation.

which are overlapped. In implementation (a) & is set to be zero and in implementation (b)
h is set to be K; — 1. A, is an M x K, selection matrix.

The adaptive processing in ADPCA is described by (10) with the steering vector
S=5®5; (15)

where S is the N x 1 spatial steering vector as in (6), S; is a K; x 1 vector, which is composed
of the binomial coefficients, with each coefficient altered in sign (start with positive). As a
particular example, we have
S, =(1,-2,1)T (16)
for a three pulse case. If ﬁk(p) is an identity matrix, and we consider steering to broadside,
then application of the ADPCA steering vector has a simple interpretation. At each element,
subtract the amplitude of neighboring pulses. Next subtract neighboring results and repeat
this process until only a single output is obtained. Finally the outputs from each antenna are
summed. It is clear that in this case ADPCA is implementing a pulse differencing scheme
which will tend to “whiten” clutter present in the observations.
Typically, post-processing as described in (13) is employed in ADPCA. In ADPCA
F is a matrix corresponding to a Doppler filter bank, and f,, is the mth Doppler filter.
Typically F is DFT matrix and this Doppler processing can then be efficiently implemented

3-13




target data ~
8 o
1 y
¥,
M >
Zm
———.»
e . vV 0 0 4 R\
reference data ~
ypi1
3 Re -
Covariance Estimation Adaptive Processing Post Processing

Figure 6: Block diagram illustrating the ADPCA algorithm.

by computing an FFT. If adaptive processing completely “whitens” the data, then FFT post
processing is optimum. |Zj .|, the final output for Doppler bin m, is compared to a threshold
to make a decision if a target is present at this Doppler frequency.

Fig. 6 illustrates the principle of the ADPCA processor. One advantage of this ap-
proach is that it allows an accurate estimate of Ry(p) to be obtained with only a small
number of reference samples, since the dimensions of Ek(p) are kept small. This can be
quite important in practice due to the difficulty in obtaining a large set of homogeneous
reference samples [10]. Further, if we assume stationarity returns over the CPI, we can use

only one Ry (p) for all p.

3.3 Factored Post-Doppler

In factored post-Doppler STAP [8], Doppler processing is first performed on each spatial
channel resulting in a transformed signal matrix. Let the Doppler filter on each element

be represented by f, and for convenience collect the Doppler filters in the M x M matrix
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Fy = [fo, f1,- -, fm—1]. Then the pre-processing is described by (9) with 4, = f,, P = M,
and B, = Iy. This pre-processing transforms the signal into Doppler space. In this case
p indicates the index of Doppler bin in question. Next, the adaptive processing in (10) is
employed with the steering vector S defined as in (6). As for most of the STAP schemes we
discuss, tapering could be applied to the steering vector [8]. Post-processing is not usually
employed, so |yx (p) | is compared to a threshold to test for a target in the pth Doppler bin.

The extended factored approach (EFA) [11] is a slight extension of the factored post-
Doppler approach. In EFA, adaptive processing is applied to several adjacent Doppler bins
instead of just one. Thus, the pre-processing performs both transformation and selection.
In a case where the scheme adapts over 3 adjacent bins, the pre-processing can be described
as in (9) with A, = J, = [fp-1, fp, fr+1]. The other quantities are set the same as in factored
post-Doppler STAP. Using EFA as opposed to post-Doppler STAP, will necessarily increase
the size of the covariance matrices to be estimated and makes this approach closer to fully

adaptive schemes like SMI.

3.4 Element-Space Pre-Doppler

In element-space pre-Doppler STAP [8], the adaptive processing considers only a few pulses at
a time. Utilizing more than one pulse provides the temporal adaptivity required for clutter
cancellation, while retaining full spatial adaptivity provides a means to handle jamming
simultaneously. Clearly this approach is similar to ADPCA in structure. We begin with
defining P sub-CPIs each containing signal returns from K; successive pulses and all elements.
Asin ADPCA, one could utilize either an overlapped pulse configuration or a non-overlapped
pulse configuration (as illustrated in Fig. 5). Thus, the pre-processing is described by (9)
with A, as described in (14) and with B, = Iy. The adaptive processing is described by
(10) with the steering vector S being a K;-pulse, N-element normalized target response as
in (4). Post-processing is usually employed to transform the output into Doppler space. In

the standard approach, this post-processing is similar to what was described for ADPCA.
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3.5 Beam-Space Pre-Doppler STAP

In beam-space pre-Doppler STAP (8], the dimensionality is reduced in two ways. First, the
element data is pre-processed with an N x K; beamformer matrix G to produce K, beam
outputs (see [8] for examples and further discussion of the choice of G). Second, only the
beam outputs from a K;-pulse sub-CPI are adaptively processed at one time. Typically
K; < M and K, < N so that a significant reduction in problem size is achieved. This
pre-processing is described by (9) with A, as defined in (14), and B, = G.
The adaptive processing is described by (10) with the beam-space steering vector S
defined as
S=(Ig,o06)s, (17)

In (17), Sc is the steering vector for element-space pre-Doppler STAP. In the standard

approach, the post-processing is the same as that described for element-space pre-Doppler.

3.6 Beam-Space Post-Doppler STAP

In the beam-space post-Doppler approach [8], the pre-processing is described by (9) with
Ap = Jp and B, = G, where J, is an M x K, matrix of Doppler filters. A good example of
Jp was that given when we introduced EFA. G is an M x K, beamforming matrix similar
to that described in Section 3.5. As in factored post-Doppler, the pre-processor transforms
the data into Doppler space. The adaptive processing is as defined in (10) with the steering
vector

S=J,o@y (18)

where V' is the M-pulse, N-element normalized target response as in (4). g (p) in (10) is

the final output for pth Doppler bin. Post-processing is not usually employed.

3.7 Joint-Domain Localized Approach

In the joint-domain localized (JDL) [12] approach, pre-processing transforms data from the

space-time domain into the angle-Doppler domain. Then only a few angle-bins covering
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angles near the target of interest are considered in the adaptive processing. Further, only a
few Doppler bins adjacent to the Doppler bin of interest are adaptively processed. Thus, the
pre-processor performs two-dimensional transformation and selection. Most conveniently,
the transform is the two-dimensional DFT, and the selection picks out a local processing
region (LPR) of width L, in angle and L,, in Doppler.
More precisely, we can define this pre-processing using (9) with

Ay, =[fma, fmz2, s fmL.), where fagit =1... L,,, are the columns of an M x M DFT ma-
trix corresponding to the L, Doppler bins in the LPR, and with B, = [fn1, fve, -+, fN.L.),
where fy; ¢ =1...L,, are the columns of an N x N DFT matrix corresponding to the L,
angle bins in the LPR. The adaptive processing can be described as in (10). For a uniform
PRI and array spacing, the steering vector used in (10) has all its entries equal to zero except
for the one corresponding to the angle and Doppler bin of the target. No post-processing is

employed for JDL.

4 Performance Comparison Using Simulations

The performance comparison will be separated into two sections. In this section, theoreti-
cally based clutter and noise models are used to described the covariance matrix and hence
generate data by computer simulation. A non-homogeneous environment is simulated by
choosing an intentional statistics mismatch between the reference samples and the the sam-
ples taken from the cell-under-test. In the next section, actual measured radar data is used

[10].

4.1 A Simple Model

Consider a simple model [12], which assumes that ground clutter is dominant over other
sources of interference. Noise-plus-clutter observations are assumed to consist of additive
contributions of noise and clutter and the noise and clutter are assumed to be statistically

independent. Furthermore, the noise contribution to the noise-plus-clutter is assumed to
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be Gaussian distributed and the noise observations at different antenna elements and in
different pulses are assumed to be statistically independent.

The clutter contributions have a two dimensional power spectral density (psd) as

described by [12]

K o? t — fet.d)? s — Jfesd)?
Pc(ftyfs) - Z c,d exp [_ ((f f ,d) + (f f ,d) )} (19)

d=1 27r0'ft’d0'fs’d 20-}tyd ZU?s’d

which is a function of Doppler frequency f; and spatial frequency fs. The psd in (19)
consists of K Gaussian-shaped humps, the dth of Which is centered at (fi, fs) = (feta, fesd)
and has amplitude 02, and a spread in angle and Doppler controlled by ct.qand of ;. The
parameters in (19) are taken to model the clutter ridge observed in airborne radar. Using
this model, we can easily generate mismatched reference data by manipulating parameters
in (19). In our tests we frequently add one extra hump to the psd corresponding to either the
cell-under-test or the reference data. For convenience of reference, we refer to this model as
the simple model. Various experiments showed that how the mismatch is generated (whether
the extra hump is added in the reference data or added in the cell-under-test and the exact
location where the extra hump is added) will influence the relative performance of STAP

schemes. Next we present some typical examples.

4.1.1 Casel

Consider a case where the reference data can be described by the simple model with the
parameters set as shown in Table 1 and with K = 5. The noise power in the sample observed
at each antenna element and due to each pulse is taken to be 0.001 which gives the clutter-
to-noise-ratio CNR = 50 dB. We show the psd of clutter contributions in Fig. 7, where the
highest peak is from the mainlobe and the rest of peaks represent sidelobes. This simplified
clutter spectrum is useful for performance evaluations. It gives a simple representation of
the clutter ridge. Assume that the cell-under-test has the same statistics except that its
clutter psd includes an additional sixth hump with 0.6 = 2.0, ost6 = 0.01 and o456 = 0.01.

We present three comparison results and in each of them the sixth hump is added at a
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Ocd | Ofta | Ofsa | fetd | fesid
0.5588 { 0.01 | 0.01 | -0.35 | -0.35
0.5588 | 0.01 | 0.01 | -0.2 | -0.2
9.9837 | 0.01 | 0.01 | 0.0 0.0
0.5588 | 0.01 | 0.01 | 0.2 0.2
0.5588 | 0.01 | 0.01 | 0.35 | 0.35

S [ W N =] A,

Table 1: Parameters of assumed psd for training samples.

(dB)

Figure 7: Clutter power spectral density for simple model.

different Doppler and spatial frequency. The sixth hump is placed along the clutter ridge
at fue = 0.1 and f,6 = 0.1, f4e = 0.18 and f,6 = 0.18, or fug = 0.3 and f.,6 = 0.3.
This type of mismatch could model a case where there is a large clutter return from a few
discrete scatters which are not present in the reference data. Such cases have been observed
in recently measured airborne data [14]. Alternatively the difference between the psd of the
cell-under-test and the psd of the referencé data could be the result of false target jamming
[4]. For simplicity, a single target is assumed at ¥ = 0 and w = 0.2, where ¥ and w are

defined in (6) and (5).
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Figure 8: Performance comparison for simple model in case 1 with f..g = 0.1 and fese = 0.1.

We compare the probability of detection of different STAP schemes as a function of
signal-to-interference-plus-noise-ratio (SINR), as discussed in [15]. For each example, two
groups of tests are conducted. In group (a), SMI, factored post-Doppler, element-space
pre-Doppler, and ADPCA (with two different pulse grouping configurations as shown in
Fig. 5), are compared for the case where the datacube consists of 2 elements and 12 pulses.
In group (b), SMI, beam-space pre-Doppler, beam-space post-Doppler, and ADPCA (with
two different pulse grouping configurations) are compared for the case where the datacube
consists of 4 elements and 12 pulses. See Appendix A for the beamforming matrix, as well

as for a summary of all the particular parameters chosen.

Fig. 8 through Fig. 10 illustrate the results. All the results were obtained by setting
the true false alarm probability to be P; = 0.0001, and using a Monte Carlo simulation with
10000 runs. Note that in group (b), the datacube includes more pulses than in group (a), so

that detection performance is generally improved for all schemes.
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Figure 9: Performance comparison for simple model in case 1 with f.¢ = 0.18 and fis6 =

0.18.
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Figure 10: Performance comparison for simple model in case 1 with f..¢ = 0.3 and f.;6 = 0.3.
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Figure 11: Performance comparison for simple model in case 2 with fete =0.1and fo6 = 0.1.

4.1.2 Case 2

Alternatively, mismatch may occur when the psd of the reference data contains an additional
hump which does not exist in the psd of the cell-under-test. Assume that the psd for
the clutter from the cell-under-test has the parameters in Table 1 and that the psd for
the reference data contains an additional sixth hump with 0.6 = 4.0, osi6 = 0.01 and
0fs6 = 0.01. Results are provided for examples where the extra hump in the psd of the
reference data is located at fete = 0.1 and f. 6 = 0.1, fete = 0.18 and f.,6 = 0.18, and
Jete = 0.3 and fo;6 = 0.3. As in case 1, we assume a single target at ¥ = 0 and w = 0.2.
Fig. 11 through Fig. 13 illustrate the results. We conduct two groups of tests under the same

condition as described in case 1.

4.2 SSC Model

The other model used, which we call the SSC model, is based on a more detailed description
of the physical situation as described in [13]. In the SSC model, moving targets, jamming,

receiver noise, and ground clutter are considered. The ground clutter model follows the
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Figure 14: Performance comparison for SSC model with additional jamming in the psd of

reference data

approach used in [8], where the contributions of many point scatters are added. By varying
parameters in the SSC program, it is possible to model cases where there is a statistical
mismatch between the cell-under-test and the reference data used to estimate R.

For cases with mismatch between the statistics of the estimated and true ground
clutter, we found results which were very similar to those found for the simple model. In
contrast, here we show one case where the mismatch is caused by jamming. In this case, the
psd of the data from the cell-under-test consists of only noise and clutter. The clutter-to-
noise-ratio (CNR) is 55dB. In the psd of the reference data, there is a jamming signal located
at zero spatial frequency which is distributed over all Doppler frequencies. The jammer-to-
noise-ratio is 40dB. We conducted two groups of tests with schemes and parameters set
exactly the same as in the tests for the simple model. The probability of detection of all

these schemes, is shown in Fig. 14 as a function of SINR.
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4.3 Discussion of Results

The results indicate that none of the schemes always outperforms all the others. Generally,
SMI is not good for a case with mismatch between the reference data and the cell-under-test.
If the additional hump is only in the cell-under-test psd then the additional hump is usually
not suppressed by the processing. This may be the more common mismatch case. In the
other case, where mismatch is due to an additional hump in the reference data psd, things are
more complicated. In Fig. 11 and Fig. 13, SMI outperforms all the other schemes. A possible
explanation is that, in the cases of Fig. 11 and Fig. 13, the reference data has statistics which
are a good match to the data from the cell-under-test for angle and Doppler frequencies near
the target. Since the effect of an extra hump is to overly suppress the signal returns from the
specific Doppler frequency and spatial frequency where the mismatch located, this won’t hurt
too much if the target is far from that location. When there is no mismatch between the psd
of the reference data and the psd of the data in cell-under-test, SMI is the optimal scheme.
This also explained why SMI’s performance was degraded in Fig. 12. In this case, the target’s
Doppler frequency is near the mismatch. We showed one case where the mismatch was due
to an additional jamming signal in the reference data. In this case, ADPCA performed well.

ADPCA with overlapped pulses performs well in the most of the cases considered.
This is especially true in those comparisons with element-space schemes. Although ADPCA
has a similar structure to the element-space pre-Doppler schemes, it usually outperforms
them. The reason is apparently based on the pulse canceling structure embedded in its
steering vector, which makes it possible to cancel clutter with high correlation across several
pulses even if this correlation is not present in the training data. ADPCA without overlapped
pulses is not as good as ADPCA with the overlapped pulses. However, in most the cases,
the performance difference between the two was not too large. Considering the computation
saved, ADPCA without overlapped pulses may still be a good choice in practice. In the
results in Fig. 9 (b), ADPCA does not perform very well, but in this case none of the

pre-Doppler schemes perform very well.
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5 Performance Comparison Using Measured Data

The multichannel airborne radar measurements (MCARM) program of Rome Laboratory is
aimed at accelerating the development of STAP technology through the use of a common
set of data. This program provides a database of measured airborne radar data which was
collected by Westinghouse during several Delmarva and east coast fly-overs. Data used in
this section comes from MCARM database flight 5 acquisition 575. Detailed information on
the MCARM program and the measurements is available in [10] and [16]. Acquisition 575
includes non-homogeneous clutter. An animation of power spectrum of flight 5 acquisition
575 can be found at http://sunrise.oc.rl.af.mil/java/index.html. We inserted synthetic mov-
ing targets into different range bins to compare the detection performance of several STAP
algorithms. This performance comparison includes ADPCA, factored post Doppler STAP,
EFA and JDL. Reference data are selected from consecutive range cells on each side of the
cell-under-test excluding the two closest guard cells. In the ADPCA implementation, each
sub-CPI includes 3 consecutive pulses. Further, consecutive sub-CPIs overlap two pulses
as shown in Fig. 6 (b). In the EFA scheme, adaptive processing is applied to 3 adjacent
Doppler bins. In the JDL scheme, we define the LPR as a 3 x 3 square. See Appendix A for
a summary of the parameters chosen for each algorithm tested.

In the first example, we inserted the synthetic target which corresponds to range bin
290 and Doppler bin 10. We employ a normalized test statistic (as in [14]) which provides
a constant false alarm rate (CFAR) characteristic for homogeneous clutter. Results, in the
form of the final test statistic, are provided for different range bins but these results are
restricted to Doppler bin 10. In the results which appear in Fig. 15, we set the amount of
reference data @) to 3 times the data vector length.

To evaluate the impact of the amount of reference data on detection performance, we
reduce the amount of reference data @) to twice the data vector length. After the modification,
the performance of the different schemes is shown in Fig. 16. We further reduce the amount
of reference data () to be equal to the data vector length. We show the performance in

Fig. 17 for this case.
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Figure 15: Performance comparison for example 1 with @) 3 times the data vector length.
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Figure 16: Performance comparison for example 1 with @) 2 times the data vector length.
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Figure 17: Performance comparison for example 1 with () same as the data vector length.

In the second example, the synthetic target is inserted which corresponds to range
bin 415 and Doppler bin 10. Similarly, we provide Fig. 18 through Fig. 20, which illustrate
performance for various Q.

In measured data cases, it is hard to evaluate exactly how the statistics of the reference
data and the statistics for the data from the cell-under-test are mismatched. A rough idea
can be obtained from considering the energy fluctuation which occurs over range. In Fig. 21,
we plot the energy in range bin 150 through 400 at Doppler bin 10 with the target signal
in example 1. Here the target is located at range bin 290. In Fig. 22, we plot the energy in
range bin 300 through 550 at Doppler bin 10 with the target signal in example 2. The target
in example 2 is located at range bin 415. In Fig. 22, there is extreme variation in energy
which includes step changes and linear variation in clutter power.

We note that ADPCA appears significantly more robust than EFA, JDL and factored
post-Doppler in the results for example 1. Note that ADPCA is not affected significantly
by the amount of reference data used. After reducing the amount of reference data used,
ADPCA still performs well. The performance of all the other schemes degraded quickly as

() was reduced. To further explore ADPCA’s potential, we reduced the amount of com-
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Figure 18: Performance comparison for example 2 with () 3 times the data vector length.
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Figure 21: Energy for Doppler bin 10 and range bin 150 through 400 (target at range bin
290).
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Figure 22: Energy for Doppler bin 10 and range bin 300 through 550 (target at range bin
415).

putations needed in ADPCA by estimating only one covariance matrix per range bin. We
used the covariance matrix estimated for the first sub-CPI for all of the rest of the sub-CPIs
corresponding to the same range bin. In this test, we set () to 3 times the data vector length.
As shown in Fig. 23 ADPCA still performs very well in this example.

However, in example 2, ADPCA fails to provide a distinguishable difference between
the magnitude of the output at the target bin and the next highest competing clutter peak.
Some of the other schemes did work well when there is enough quality reference data. Fac-
tored post-Doppler and EFA work well in this example. As in example 1, we tried testing
ADPCA’s performance when the computation is reduced by estimating one covariance ma-
trix per range bin. Fig. 24 illustrates the results. To our surprise, these results are better
than the results we obtained before we reduced the amount of computation. Similarly, we
find that in Fig. 19 and Fig. 20 JDL’s performance is improved after the amount of reference
data is reduced. Reducing the amount of reference data used will not always cause degrada-
tion in performance in a severely non-homogeneous clutter environment. This is because the

number of homogeneous range samples available for covariance estimation is limited. Thus,
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Figure 23: ADPCA with reduced complexity for the case where the target at Doppler bin
290.
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Figure 25: Energy for Doppler bin 30 and range bin 1 through 625 (target at range bin 150

of amplitude 0.1 is hard to see).

increasing the amount of reference data used could cause degradation. Actually, it is also
the quality of the reference data, not just the amount of the reference data which determines
the accuracy of the covariance estimation. In a severely non-homogeneous clutter environ-
ment, the situation could be subtle, a small part of the reference data could be dramatically
different from the other part and it could distort the estimation. JDL uses the least amount
of reference data of all the four schemes under comparison and it seems it is also the one
most affected by the change in the amount of reference data. ADPCA does not work well in
this example and we believe the reason is related to the step changes in energy near range
bin 435 as shown in Fig. 22. The normalization of the test statistic which was imposed to
achieve CFAR may also have contributed partially to the poor performance of ADPCA and
JDL.

In the third example, a synthetic target is inserted which corresponds to range bin
150 and Doppler bin 30. We show the energy from range bin 1 through 625 in Doppler bin
30 in Fig. 25. Fig. 26 through Fig. 28 illustrate performance for various @) for example 3.

In example 3, ADPCA is not influenced much by changing the amount of reference
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Figure 26: Performance comparison for example 3 with @) 3 times the data vector length.
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Figure 27: Performance comparison for example 3 with @) 2 times the data vector length.
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Figure 28: Performance comparison for example 3 with ) same as the data vector length.

data used. In Fig. 26, when the reference data size is 3 times the data vector length, factored
post Doppler provided the biggest amplitude difference between the range bin in which target
is located and the amplitude of the next highest peak. After reducing the amount of the
reference data used, the performance of factored post Doppler degrades. JDL’s performance
seems sensitive to the quality of the reference data, as we already observed in the previous
examples. An increase in the amount of reference data from one to two times the data vector

length causes performance to degrade for JDL.

6 Conclusion

Our results show that the performance of SMI can be severely degraded in a non-homogeneous
environment. This is especially true for cases where the reference data used in the estimation
of interference-plus-noise statistics does not have statistics which closely match those for the
data in the cell-under-test. However, a few STAP schemes appear to outperform SMI in
these cases.

ADPCA is one of the promising schemes which performs well in many of the cases
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studied in this report. However, there are some cases where ADPCA performs poorly. Using
the knowledge we gained in the current research, we intend to develop generalizations of
ADPCA, which will provide even better performance in a practical non-homogeneous clutter
environment. One possible approach for developing these generalized schemes is to search
for optimal pre-processing and post-processing transformations for cases with inaccurate
parameter estimations. Modifying the steering vector so that it can work most effectively

with theses transformations would also be interesting to study.
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Appendix

Most of the parameters used in the comparisons are listed in the following tables. Here,
we use M to denote the number of pulses per CPI, N to denote the number of elements.
Definitions of A,, B, and f, can be found in (9) and (13) where pre-processing and post-
processing are defined. We define Fi as a K x K DFT matrix and frp is its pth column. I,
stands for an r X r identity matrix. The notation 0;y,, refers fo an [ x m matrix of zeros. Dp

1s used to denote the Doppler bin where target is located. NA stands for Not Applicable.

Scheme M|N p A, B, | fu
SMI 12 2 0 Iz I, | NA
Opx3
ADPCA (overlap) 121210...9 I I | fiom
O(Q—p)XS
O3px3
ADPCA (without overlap) [ 12| 2 {0...3 I I | fam
O(9—3p)x3
OpXS
Element-Space Pre-Doppler [ 12| 2 | 0...9 Is I | fiom
0(9—1))><3
Factored Post-Doppler 121 2 0 fi2,0p I, | NA

Table 2: Parameters for comparison tests in Section 4 group (a).
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Scheme M| N p A, B, I
SMI 12| 4 0 I, 1, NA
OpXS
ADPCA (overlap) 121410...9 I 1, f10,0p
O(o-p)x3
O3p><3
ADPCA (without overlap) | 12| 4 | 0...3 I 14 fa,pp
O(9—3p)x3
10
s 11
Beam-Space Pre-Doppler | 1214 [ 0...9 I3 fi0,0p
11
O(s-p)x3 01
= z
10
11
Beam-Space Post-Doppler | 12 | 4 0 fi2,0p NA
11
-O 1...

Table 3: Parameters for comparison tests in Section 4 group (b).

Scheme M | N P A, By | fm
Factored
Post-Doppler | 128 | 22 0 f128,0p Iy NA
EFA 128 | 22 0 [f128,Dp-1, f128,Dp; fr28,0p+1) | 122 | NA
Opx3
ADPCA 1128 {22(0...126 I Iz | fi26,0p
O(125-p)x3
JDL 128 | 22 0 [f128,Dp-1, f128,Dp, fr28,0p11] | * | NA

Table 4: Parameters for comparison tests in Section 5.
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*MCARM data is not collected by a uniformly spaced linear antenna array, so its
beamforming matrix is relatively complicated. This matrix is provided with the MCARM

database.
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Development of Efficient Algorithms and Software Codes for Lossless and
Near-Lossless Compression of Digitized Images

Abstract

As modern digital imaging technology makes its ever-growing inroads in today’s military and
commercial applications, computer scientists and engineers face the increasingly difficult task of archiving,
transmitting, and manipulating gigantic volumes of image data that result from the process of digitization.
Although the cost of storing and transmitting data continues to decrease, such reductions seem only to
stimulate new applications encompassing ever-increasing use of digital information. An excellent solution
to this data explosion problem is afforded by a lossless or near-lossless image compression scheme, which
will significantly reduce the cost of storage or transmission, and at the same time, allow subsequent
recovery of the images with either very little, or no loss at all. The goal of this project is to investigate

such a solution.

Based primarily on the PI's past experience and the outcome of his research conducted as a
Summer Faculty Research Participant at Rome Laboratory, New York, three specific objectives are
addressed in this project; namely, i) development of usable software codes for two new image compression
algorithms developed by the PI during his summer research at Rome Laboratory, ii) further improvement
of their compression performance by incorporating context-dependent source coders, and iii) development
of an efficient scheme for coding and transmission of thumbnail images, used at Rome Laboratory and
elsewhere within the Air Force.

The results of the experimental studies indicate that the proposed coding schemes hold much

promise for widespread applications in transmission and archival of images used by the Air Force.
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L INTRODUCTION

The sheer explosion of data resulting from the digitization process poses a formidable problem
for widespread use of digital techniques for transmission and/or archival of raw images. For instance, a
2048x2048 image, quantized to 8 bits per pixel, requires storage and/or transmission of approximately 4.2
megabytes of picture data. The lossless transmission of such an image over a 19.2 kilobits/second channel
requires approximately 29 minutes, which is rather long. The problem becomes even more acute for video
pictures, such as, color television scenes. Typical television images have a spatial resolution of
approximately 512x512 per frame. Assuming 30 frames are transmitted per second and 24 bits are used
to digitize the intensity and color information of each pixel, the storage of only one second of the signal
would require approximately 23.6 megabytes. Transmitting such a signal in real time would require a
188.7 million bits/second channel.

One of the most promising solutions to the above data explosion problems is afforded by image
coding techniques. The goal of such a technique is concerned with the reduction of the number of bits
required to store or transmit images with either little or no loss of any information. For instance, an
information preserving image coding technique, which delivers a bit rate of the order of 2 bits/pixel, will
reduce an original 8 bits/pixel image file to only 20% of its original size, with a concomitant four fold
reduction in the transmission time.

Image data compression has been a popular research topic for the past two decades. As a result
of the concerted efforts of several researchers, a multitude of different image coding techniques have
emerged [1]-[4], most of which can be broadly categorized into three classes; namely, lossy, lossless, and
near-lossless. A lossy scheme [5]-[12] does not allow exact recovery of the original image, but can deliver
high compression ratios, e.g., fifty or more; a lossless scheme [13]-[24], on the other hand, allows exact
recovery of the original image, but delivers a compression of the order 3 or 4 only. Finally, a near-lossless
scheme [25]-[27] can deliver significantly higher compression compared to the lossless ones, and at the
same time, guarantee that the reconstruction error for each pixel will lie within some predefined limits
chosen by the user. For instance, the near-lossless compression of an 8-bit (i.e., 256 gray levels) image
can typically result in an eight fold reduction of the original file size, while still guaranteeing that the
reconstruction error for each pixel will lie within say, £1, or £2 of the original gray level value.

This research project was conceived as an extension of the summer research program pursued by
the PI at Rome Laboratory, New York, in the summer of 1995. The project focuses on development of
software codes for two new lossless and near-lossless image coders investigated by the PI at Rome

Laboratory, and study of some novel image coding algorithms. The specific objectives are summarized

below.
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2. OBJECTIVES OF THIS PROJECT

The three major objectives of this project are:

i Development of usable "'C"' codes for two new image coding algorithms developed by
the PI during his summer research at Rome Laboratory

This involves: a) development of "C" codes for two novel image coding algorithms called
suboptimal adaptive DPCM (SADPCM) [27] and hierarchical block-adaptive DPCM
(HBADPCM) [28], b) generation of efficient "C" codes for compression and expansion
modules, and c) testing of the codes.

IL. Development of new, improved lossless/near-lossless image coders by combining
SADPCM and HBADPCM with context dependent source coders

This involves: a) selection of an appropriate image modeler that offers the best trade-off
between cost and performance, b) selection of a good contextual source coder [29]-[31],
and c) experimentation with a variety of images.

iii. Development of an efficient coding scheme for storage and/or transmission of
thumbnail images used at Rome Laboratory

This involves: a) selection of an edge preserving filter for smoothing of thumbnail images,
followed by coding using either lossy SADPCM or JPEG coders, b) selection of the most
appropriate multiresolution decomposition scheme based on a comparative evaluation of
the available techniques, such as, Laplacian pyramid method [8], difference pyramid
technique [19],[32],[33], and reduced difference pyramid decomposition [20], and c)
selection of the most appropriate coding strategy, such as, DPCM coders, 2-D MAR
coders [12], or JPEG [3].

The following sections provide detailed discussion of the methodologies used to realize the above
objectives, and experimental results. Specifically, Section 3 describes the usable "C" codes developed for
the SADPCM and HBADPCM algorithms, whereas further improvements of these algorithms through
incorporation of context-dependent entropy coders is addressed in Section 4. Also, the coding of thumbnail

images is discussed in Section 5, and finally, some concluding remarks are given in Section 6.

3. DEVELOPMENT OF USABLE "C" CODES FOR SADPCM AND HBADPCM
ALGORITHMS

Two efficient algorithms for lossless compression of digitized images were developed by the PI

during his tenure as a Summer Research Fellow at Rome Laboratory, New York. These represent adaptive

and hierarchical versions of the conventional fixed differential pulse code modulation (DPCM) scheme,
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and are called suboptimal adaptive DPCM (SADPCM) [27] and hierarchical block-adaptive DPCM
(HBADPCM) [28], respectively. The SADPCM algorithm is designed for full-frame compression of

dvantages include: i) easy implementation, ii) fast execution, iii)

ared to conventional fixed DPCM method (by a margin of

monochrome still images, and its main a
higher lossless/near-lossless compression comp
about 8% or more). On the other hand, the HBADPCM algorithm is designed for progressive or

hierarchical compression, where a coarse reproduction of the image is first constructed using a small

fraction of the pixels, and this coarse reproduction is gradually updated as the remaining pixels arrive.
Progressive coding is particularly helpful when browsing a large image data base, because in this case the
user can quickly determine from the coarse version of the image whether it is an appropriate one. If not,
the user can realize significant cost savings by stopping the transmission of the finer versions of the image.

The main advantages of the proposed HBADPCM algorithm include: i) easy implementation, ii) fast

execution, iii) higher lossless/near-lossless compression compared to conventional hierarchical interpolation

(HINT) [13] scheme (by a margin of about 10% or more), and iv) selective, segment-by-segment

transmission of an image frame.
Brief descriptions of the above algorithms are provided in the following subsections. Details can

be found in the references cited above.
31 The SADPCM Image Modeling and Estimation Approach
To begin with, we assume that a two-dimensional (2-D) digitized image can be regarded as a

nonstationary 2-D signal consisting of pixel intensity values, {f(1,j), 1<i<L, 1<j<L}, where i denotes the

row index and j stands for the column index, respectively. A conventional 2-D DPCM compression
scheme uses an image model of the following form:

£(i,j) - a,f(i,j-1) - a,f(-1,j) + a,a,f(i-1,j-1) = w(i,j), N
where a; and a, denote the model coefficients, and w(i,j) denotes the modeling error, which is usually
regarded as a zero-mean, 2-D white noise sequence. In case of conventional fixed DPCM schemes, it is

customary to set a; = a, and a commonly used value for both coefficients is 0.95 [5]. Henceforth, this

scheme is referred to as the fixed DPCM technique.

In order to develop a suboptimal adaptive DPCM (SADPCM) image model, first equn. (1) is
rewritten in the form of a 2-D multiplicative autoregressive model [12],

(1 - 2yq, (1 - ayq,™) Foj) = wii), @
where ql'l and q2'1 denote the unit backward shift operators in the vertical (i.e., row-wise) and horizontal
(i.e., column-wise) directions, respectively. Because of the multiplicative nature of the polynomial operator

in the left side of (2), we can further express (2) in the cascade form,

(1 - a,q,7") f@,j) = £y i (3a)
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(1 - ayq;™) fy (i) = wli), (3b)
where f,(i,j) is an intermediate signal regarded as the output of the first stage of the cascade structure.
In order to be useful for adaptive image coding, the coefficients a, and a,, of model (3) must be
estimated from the given image data. As discussed in [12], an optimal method of estimating a; and a,
involves either minimization of a nonlinear cost function, or a pseudo-linearization approach. However,

both of these approaches are beset with moderately high computational cost, and therefore, a suboptimal

estimation scheme, as described below, is deemed to be more appealing from the point of view of practical

implementation.
3.1.1 A suboptimal scheme for estimation of the model coefficients

The selection of a suboptimal estimation scheme depends on the trade-off between performance
and computational complexity. The simplest coders, presented in this section, use a fixed value for a; and
an estimated value for a,, whereas for the improved coders, presented in a subsequent section, estimated
values of both a, and a, are utilized. To find the estimates of both a; and a,, the following three-step
suboptimal strategy may be used:

Step 1. Estimate a; from (3a) ignoring the correlation, if any, between f,(i,j) and f(i,j);

Step 2. Using the estimated value of a;, evaluate the residuals of the first stage to form an

estimate, f,(i,j), of f,(i,j) as,
£y(i.) = £G,)) - ayf@j-1);

Step 3. Finally, estimate a, from (3b).
Notice that the above procedure is a suboptimal one because the estimate of a; is biased due to non-zero
correlation between f(i,j) and f;(i,j). However, it is still useful for predictive coding because of two
reasons: i) in a predictive coder, the modeling inadequacies get masked to a certain extent through the
process of adding back the quantized residual errors during reconstruction, and ii) the error cannot grow
provided the estimated model is stable.

Using the above strategy, estimates of a, and a, are simply obtained as,

a, = rf(O,l)/rt(0,0), (4a)

a, = rgy(1,0)/r1(0,0), (4b)
where r¢k,l) and rey(k,1) denote the autocorrelation coefficients with ’lag (k,I)’ of f(i,j) and f,(i,p),
respectively. Notice that for raw image data, the value of a; almost always lies between 0.95 and 1.0,
which represents the typical range of normalized column-wise autocorrelation coefficients for most images.
Thus, for the simplest SADPCM coders, which process f(i,j) directly, the value of a; can be assumed to

be a constant.

Next, notice that the estimation of a, can be carried out either in a forward, or backward fashion.
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In the forward scheme, the image is first subdivided into smaller, say MxM, blocks, and a separate set of
coefficients is estimated for each block. In this case, the blockwise estimates of a, need to be transmitted
as the side information. On the other hand, in the backward scheme, the estimation of a, is carried out

over a causal window consisting of a few reconstructed pixel values, and therefore, avoids the necessity

of transmitting any side information. The overall coding schemes based on forward and backward

estimation techniques are henceforth referred to as forward ADPCM (FADPCM) and backward ADPCM

(BADPCM), respectively.
In the forward scheme, two alternative estimation strategies are useful; namely, batch and recursive

methods. The batch method involves blockwise estimation of r¢;(1,0) and 1£,(0,0), followed by evaluation

of a, from (4b). The recursive method, on the other hand, involves calculation of a, using a recursive

estimation algorithm, such as, recursive least squares (RLS) or Jeast mean squares (LMS) [9]. Since we

need to estimate a single parameter, the use of RLS is preferred because it converges faster and involves

only a little extra computation than LMS. The RLS estimation update equations can be summarized as

follows:
error update: e(i,j) = fy(1.) - afG-1.)), (5)
covariance update: p" = p%g, (5b)
normalizing gain: g=1+ p°[f1(i,j)]2, (50)
parameter update: a,"=a,° + pf;G.jdeC.), (5d)

where the subscripts *o’ and "u’ refer to the old and the updated values, respectively, of the associated

variables.
In the backward scheme, the use of a recursive estimation technique is mandated, and two

alternative strategies are found to be useful. The first method uses either RLS or LMS to update the a,

estimate for each pixel. In the second method, first the values of r;(1,0) and r4(0,0) are updated over a
sliding causal window, and then pixel-by-pixel estimates of a, are calculated from (4b). The window used

in some of our experiments is shown in Fig. 1. Using this window, the estimated values of 1£(0,0) and

1£(1,0) for the (i,j)Lh pixel are obtained as,

r;(0,0) = cx [fl(i-m,j—n)]z)/7.0, (6a)
m,neS
r;(1,0) = [fl(i,j-l)f](i-l,j-l) + fl(i-l,j-l)fl(i-Z,j-l) + fl(i-l,j)fl(i-z,j)
+ fl(i-l,j+1)f1(i-2,j+l)]/4.0, (6b)

where S={(m,n) | me[0,2}, ne [-1,1], n # (O or 1) for m=0}. It may be mentioned that because of the

partial overlap of the windows for two neighboring pixels, the actual computational load required for

5-7




implementation of (6a) and (6b) is only about five multiplications and four additions per pixel, which can

be reduced further by choosing a window of smaller size.

In both forward and backward approaches, the robustness of the overall scheme is greatly
improved by adding a stability check for &,, the estimated value of a,, at every step. Notice that the
stability of the estimated model is guaranteed if

la ) < 1. 0

If (7) is violated, the estimate is first projected inside the stable zone before continuing with prediction

and encoding steps.

Next, lossless and near-lossless image coding schemes based on the above SADPCM modeling

approach is presented below.
3.2 Lossless Image Coding Using SADPCM Modeling Approach
As mentioned earlier, two different coding schemes are possible; namely, FADPCM and

BADPCM. Since they differ only in the estimation methodology, we summarize the overall coding scheme

below for a generic SADPCM model only.

A lossless image coder based on the SADPCM model consists of two main components, namely,
a predictor and an entropy coder. The predictor simply uses (1) to calculate a predicted value of f(i,j) as,
1(i,j) = 0.99f(i,j-1) + 4,f(i-1,j) - 0.998,f(i-1,j-1), 8
where aj is chosen to be 0.99 and 4, denotes the estimated value of a,. Next, f(i,j) is rounded to generate

the integer predicted values, f(i,j), i.e.,

£,(i.j) = RG], ®
where R[x] denotes the nearest integer value of x. The residual signals, d(i,j), are then obtained as,
d(i,j) = f(i.)) - £(0.9)- 10)

Finally, the residual sequence, {d(i,j)}, is entropy coded using an optimal encoder and the coded
residuals are transmitted to the receiver. At the receiver end, f(i,j) is exactly reconstructed by first
synthesizing f,(i,j) using (8), (9) and then utilizing the decoded d(i,j) to obtain

f(i,j) = f,(i,j) + d(i,))- an
33 Improved SADPCM Coding Schemes

It turns out that the coding performance of the above DPCM coders can be improved significantly

with a little additional computational cost. The basic idea and the motivation behind it are summarized

below.

Notice that most image data are nonstationary-in-the-mean, which is usually caused by the
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combined effect of both reflectance and lighting variations over different parts of an object or scene. Since
predictive coders work best on stationary data, it makes sense to attempt to improve the performance of
the SADPCM coders by removing the nonstationary attributes of the image data.

The simplest method of eliminating nonstationarity-in-the-mean consists of subtraction of an
estimated local mean from each pixel value. Since the SADPCM coders utilize two coefficients associated
with the nearest causal neighbors of each pixel, f(i,j), it makes sense to obtain the staionary-in-the-mean
image as follows:

f_(ij) = RI0.5*( f(i,j-1) + fG-1.)) )],

£(i,j) = f(i.j) - £ (D
where f_(i,j) denotes the local mean at location (i,j), R[.] denotes the operation of rounding to the nearest

(16a)
(16b)

integer value, and {fy(i,j)} denotes the stationary-in-the-mean image data.
Next, the SADPCM scheme is utilized to code {f(i,j)} using either a forward or a backward
approach, as discussed earlier. However, in this case, both a, and a, need to be estimated because a fixed

value for a, cannot be assumed any more. The modified methods are henceforth called improved

FADPCM (I-FADPCM) and improved BADPCM (I-BADPCM) schemes, respectively.
34 Lossless HBADPCM coders

There are two main reasons that can be regarded as the motivating factors for pursuing the

development of hierarchical coders. First, it is desirable to adapt SADPCM coders for hierarchical
transmission in order to achieve better compression than that afforded by the existing simple and elegant

coders, such as, HINT. Second, in many applications, it is desirable to develop a scheme that allows
selective, segment-by-segment transmission of an image frame instead of one full frame at a time. As far
as the first goal is concerned, since predictive coders work well only on a full image frame or subsections
of it, and performs rather poorly on subsampled images, a block-by-block encoding and transmission
method is attempted in the so called hierarchical block-adaptive DPCM (HBADPCM) method [28],
developed by the PI at Rome Laboratory. This also seems to be good for meeting the second goal because
an user can selectively access different segments of an image in any desired sequence. The implementation
of HBADPCM can be carried out using two alternative approaches, namely, forward or backward, as
discussed below.
3.4.1 A Forward Hierarchical Block-Adaptive DPCM (F-HBADPCM) Scheme

In order to achieve blockwise hierarchical transmission, first the image is subdivided into a number
of smaller, say MxM, blocks. The next thing needed is adoption of a suitable hierarchical framework for

coding and transmitting different blocks. Although a variety of different hierarchical frameworks could

have been chosen for this purpose, that of HINT is selected mainly because of its excellent performance
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as a hierarchical lossless coder. Also, as shown in the following subsection, this framework allows a nice
implementation of a backward HBADPCM coder.

Following [13] then, we arrange the blocks to be coded in the hierarchical order illustrated in Fig.
2. In this figure, the blocks are marked according to their designated level of hierarchy. Thus, the blocks
marked "4" denote the ones to be coded and transmitted first, followed by the blocks marked "3", and so
on.

Next, the coding and transmission of each individual block is carried out using either FADPCM
(which requires blockwise estimation of a, only), or its improved version, -FADPCM (which requires
blockwise estimation of both a; and a,). Then the block-by-block residuals pertaining to each hierarchical
level are encoded using an entropy coder and the coded residuals are transmitted. It is pointed out that
there is no need for construction of separate codebooks for different hierarchical levels, because all the
residuals generated by FADPCM or I-EADPCM exhibit narrow peaks and can be efficiently coded using
a single codebook. The overall coding schemes are henceforth referred to as forward HBADPCM (F-
HBADPCM) and improved F-HBADPCM, respectively.

Until now, our only use of the HINT framework has been restricted to the task of laying out a
hierarchy of blocks. As expected, fruitful exploitation of the above framework allows further improvement
of the HBADPCM coder discussed above. One such improvement, namely, a backward HBADPCM
coding scheme, is presented below.

342 A Backward Hierarchical Block-Adaptive DPCM (B-HBADPCM) Scheme

The main objective of a backward HBADPCM scheme would be to modify the parameter
estimation strategy such that transmission of the block-by-block model coefficients becomes unnecessary.
To realize the above goal, two useful strategies have been tried: i) a backward estimation scheme, where
the model coefficients pertaining to a block are estimated from the past reconstructed pixel values within
that block, and ii) a hierarchical approximation scheme, where the block-by-block model coefficients are
first laid out in the same hierarchical pattern as the blocks themselves, and an approximate set of
blockwise model coefficients is formed through hierarchical interpolation from the past reconstructed
blocks’ coefficients. This set of approximate coefficients is used by both the transmitter and the receiver,
avoiding the necessity of transmitting any side information.

A comparative experimental study of the two backward HBADPCM schemes indicates that the
hierarchical approximation scheme performs slightly better than the backward approximation one. Because
of this and the fact that the latter attempts a true exploitation of the HINT framework, the HINT
approximation approach is adopted here. However, it may be pointed out that like in the forward case,

there exist two versions of the scheme; namely, one based on blockwise estimates of a, only, and the other
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based on blockwise estimates of both a; and a,. The overall coding schemes are henceforth referred to
as the backward HBADPCM (B-HBADPCM), and improved B-HBADPCM (IB-HBADPCM), respectively.

Next, one important thing that needs to be addressed relates to the question of how to interpolate
for the missing blocks so that higher level approximations can be generated, if needed, from the

reconstructed image blocks pertaining to a lower hierarchal level. This issue is addressed in the next

subsection.
343 A Scheme for Interpolation for the Missing Blocks

Notice that the problem of interpolation for the missing blocks, in the above context, bears a
striking similarity to the problem of error concealment in case of loss of cells during transmission [36],
[37). Thus, techniques used for error concealment - particularly, the spatial domain ones, are well suited
to our task.

In view of above, a simpler version of the projective interpolation technique [37], is attempted
here for demonstration of interpolation for the missing blocks. In the projective interpolation scheme, Jung
et al suggests using bilinear interpolation adapted to the edge pattern of a missing block. Essentially, their
method consists of four steps; namely, 1) examination of the boundary pixel values of a missing block for
possible edge patterns within the missing one, ii) classification of a missing block into one of six
categories depending on the possible edge patterns, iii) determination of the interpolation direction, and
iv) interpolation of the missing block using a weighted bilinear interpolation.

A simpler version of the above technique consists of the following procedure:

. For each pixel within a missing block, examine four pairs of boundary pixel values -

located along the horizontal, vertical, 45°, and 1359 directions;

. Identify the pair possessing the minimum absolute difference among the four, and perform

a linear interpolation in the corresponding direction.
35 Software Codes

After experimenting with a wide variety of test images, it was decided to code the I'FADPCM
and F-HBADPCM algorithms, because they perform somewhat better than their backward counterparts.
For the sake of simplicity, these two algorithms are simply referred to as SADPCM and HBADPCM,

respectively, in the discussion to follow.
The software developed for each of the above algorithms consists of two basic modules: a

compressor and an expander. The compressor module, in turn, consists of three sub-modules; namely, a

residual generator, an integer-to-bit-stream converter, and a shifted Huffman encoder. The residual

generator constructs integer residual values using one of the algorithms mentioned earlier, the integer-to-

bit-stream converter converts the residuals first into a string of ASCII characters and then into a bit-stream,
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and finally, the shifted Huffman encoder encodes the residual bit-stream using either a plain Huffman
coder or an adaptive one. Similarly, the expander module consists of three sub-modules; namely, a shifted
Huffman decoder, a bit-stream-to-integer converter, and a reconstructor, the purposes of which are self-
explanatory.

There are two program sub-modules that are shared by all the coders; namely, Huff.c and bitio.c,
which are used for Huffman coding/decoding and input/output of bit-streams, respectively. The remaining
modules are:

sadpcm-raw-c.c (SADPCM compression algorithm for raw images),

sadpcm-raw-e.c (SADPCM expansion algorithm for raw images),

sadpcm-pbm-c.c (SADPCM compression algorithm for .PBM images),

sadpcm-raw-e.c (SADPCM expansion algorithm for .PBM images),

hbadpcm-raw-c.c (HBADPCM compression algorithm for raw images),

hbadpcm-raw-e.c (HBADPCM expansion algorithm for raw images).

The compiled programs are called sadpcm-raw-c, sadpcm-raw-e, sadpcm-pbm-c, sadpcm-pbm-e, hbadpcm-

raw-c, and hbadpcm-raw-e, respectively. Each of the above programs can be executed as follows:
program-name input output,

which assumes "input" as the file-name for the original image and "output” as the file-name for the

compressed image. However, the programs for raw images also prompt for the row and column

dimensions of the input image.

3.6 Testing of software codes

The performances of the above programs were tested on a wide variety of test images, which are
8-bit deep, i.e., digitized to 256 gray levels. Some samples of the test results are provided in Tables 1 and

2. In our study, the compression ratio is measured by:

Original file size

Compression Ratio = .
Compressed file size

The sample of five test images chosen for SADPCM consists of: two radiographs, called R1 and
R2, respectively, and three others are standard test images available at a number of internet sites. Most
of the standard pictures in our experiments are taken from the test-image database at the RPI site. These
are referred to as Lena, Pepper, and Flower, respectively. All the pictures selected for this experiment, with
the exception of Flower, are (512x512) in size. The picture, Flower, is of size (480x512).

Table 1 shows the lossless compression results using SADPCM-RAW-C and a block size of

32x32. As can be readily seen, the SADPCM method provides good compression for a wide variety of
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test images.

For HBADPCM, the block size is chosen to be 32x32, and both a; and a, are estimated using the
RLS method. Table 2 provides a sample of the test results. The results clearly indicate that in terms of
lossless compression efficiency, HBADPCM coders perform very well.

Finally, Figs. (3a) and (3b) demonstrate the effectiveness of the simple interpolation scheme for
the missing blocks, presented in Section 3.4.3 above. Fig. 3a depicts the missing blocks of Pepper in Level
1, assuming a block size of 8x8, whereas Fig. 3b shows the interpolated picture. As is apparent from these
figures, even a simple interpolation scheme produces reasonably good quality of interpolated picture. Of

course, block sizes have to chosen small for achieving good results.

4. IMPROVEMENT OF SADPCM AND HBADPCM CODING PERFORMANCE USING
CONTEXTUAL SOURCE CODERS

Researchers have shown that there are essentially two ways to achieve good lossless compression;
namely, 1) using a very efficient image model to decorrelate the data and then encoding the residuals by
a simple, memoryless entropy coder, such as, first-order Huffman coder [21], or 2) using a simple model
to partially decorrelate the image data and then employing a highly efficient contextual source coder to
encode the residuals. A good example of approach 1 is SADPCM [27], which is a suboptimal version
of the 2-D SMAR coder, introduced in [34]. On the other hand, examples of the second approach include
the powerful contextual source coders presented in [291-[31].

There are advantages and disadvantages shared by both of the above approaches. When approach
1 is used, one can employ a very large, spatial prediction mask to remove most of the linear dependencies
among the neighboring pixels, but the subsequent employment of a simple entropy coder can only capture
the memoryless, i.e., first-order, entropy of the residual signal source. When approach 2 is used, although
not much linear correlation gets removed by the simple image modeler, most of the nonlinear and high
order probabilistic interdependencies can be removed by using a sophisticated contextual source coder.
The main problem with the latter approach, however, is that it increases the complexity of the coder
significantly.

From the above discussion, it is clear that an ideal strategy to achieving good lossless compression
would be to marry a good, parsimonious image modeler with a reasonably good contextual source coder.

That is exactly what we pursue here. When such an approach is used, there is hope of removing most

of the linear dependencies by using an efficient, spatial prediction mask, which will decorrelate the data
to the extent that a relatively low order contextual source coder will be sufficient to remove the remaining

probabilistic interdependencies.
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In this study, we chose the I-FADPCM coder, described in Section 3.3 above, as the predictive
image modeler. As far as the contextual source coder is concerned, after conducting some initial
experiments involving higher order arithmetic coders (HOAC) [31], contextual arithmetic coders (CAC)
[291,{30], higher order Huffman coders (HOFC), and contextual Huffman coders (CHC) [35], we decided
to use the CHC as our source coder because of three reasons:

i) higher order coders require too much computation;

ii) CHC turned out to be easier to work with, because all of our other programs are based

on Huffman coders; and

iti) usually, the performance of CHC seems to be quite close to that of CAC.

The CHC introduced below is based on a novel coding strategy that seems to provide very good

performance.
4.1 Description of the Contextual Huffman Coder (CHC)

The contextual Huffman coder (CHC) proposed here is based on the following idea. Suppose we
have divided the image into smaller (MxM) blocks, and found the prediction residuals for each block. If
we could generate and transmit a Huffman codebook for each individual block, then significant
compression gain will result, because the block-by-block coders are now tuned to the local probability
distributions of the residuals. This concept is illustrated in Table 3, which shows the compression gain that
results from a gradual reduction of the block size, M.

The main difficulty in implementing the above idea is that the extra bits needed to transmit the
block-by-block codebooks eats up any gain that results from the block-size reduction. To solve this
problerri, a novel CHC, as described below, is proposed to be used here.

For coding the residuals of any block, say, the (m,n)th one, first define a context window, which
forms the search horizon for constructing the probability distribution of (m,n)th block residuals. In this
study, we restrict our context window to be the nearest four causal neighboring blocks of the (k,D)th one,
i.e., the blocks numbered (m,n-1), (m-1,n-1), (m-1,n), and (m-1,n+1). Next, the residual symbols of the
block (m,n) are divided into two categories; namely, 1) symbols that are common to both the (m,n)th block
and its context window, referred to hereafter as the matching symbols (MAS) and ii) the ones that beldng
to the (m,n)th block, but not to its context window, referred to hereafter as the missing symbols (MIS).
The MAS and MIS are coded using two separate codebooks, called as Codebook "MAS" and Codebook
"MIS", respectively. Whereas the Codebook "MAS" varies from block to block, the Codebook "MIS" is

common for all of them. The construction of these codebooks is described briefly in the following

subsections.
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4.1.]1 Construction of Codebook "MIS"
This codebook is basically a shifted Huffman coder based on the entire ensemble of the missing

symbols gathered from all the blocks, and therefore, an initial pass is necessary to construct it. The -
transmitter transmits this codebook to the receiver as a side information. In our study, we used a shifted
Huffman coder which is designed for the integer symbols pertaining to a fundamental range of [-126,126]
and two special symbols known as the shift-up and shift-down, respectively.

412 Construction of Codebook "MAS"

The codebook "MAS" (for the matching symbols) of the (m,n)th block is basically a shifted
Huffman coder based on the probability distribution of the context window’s symbols (PDCWS) and the
probability of occurrence of a missing symbol (POMIS). Notice that the POMIS requirement stems from
the need to generate a prefix codeword to tell the receiver that the codeword following it pertains to a
missing symbol. Whereas PDCWS can be generated on-the-fly by both the transmitter and the receiver,
POMIS may be either transmitted as a block-by-block side information or approximated using the POMIS
of the neighboring blocks. In this study, we follow the latter route and approximate the POMIS of the

(m,n)th block as the mean of the POMIS values of its four nearest causal neighbors, because this avoids

the necessity of transmitting any side information.

4.2 Experimental Results
The above SADPCM-CHC algorithm was tested on a wide variety of images. A sample of the

experimental results obtained with three images, called Lena, Pepper, and Building, is shown in Table 4.

As the results indicate, the proposed coder performs significantly better than SADPCM, albeit with some

increased computational complexity. Our current research efforts are geared toward reduction of the overall

computational burden.

5. EFFICIENT CODING SCHEMES FOR THUMBNAIL IMAGES

The thumbnail images, used currently at Rome Laboratory, are obtained by simply subsampling
their originals by a factor of about four to eight. Although such images are quite small in size, their
collective volume is often large enough to pose significant problems for efficient transmission, and
therefore, further compression of such images becomes highly desirable. However, the compression of the
currently used thumbnail images is made difficult by the facts that: i) there is very' little correlation (or,
redundancy) left among the neighboring pixels of such images, and ii) compression of such images using

simple methods often give rise to coding artifacts, such as, granular noise and false contours. Therefore,

improved techniques for both generation as well as compression of thumbnail images are deemed to be
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quite important, and we explore some of them here.

This study focusses on three different approaches to achieve either higher compression or better
quality of thumbnail images; namely, i) using simple, but more efficient, compression schemes, ii)
employing simple image enhancement filters, and iii) using improved subsampling strategies for generation
of such images. The results presented below seem to indicate that good compression gain can indeed be
realized by employing a judicious combination all the above approaches.

A new, simple and efficient image compression technique, which seems to be well suited for
compression of thumbnail images, is presented first. Comparative performance results with respect to its

better known (but, more complicated) counterpart, JPEG, are also given. And, then issues related to

compression of thumbnail images are addressed.
5.1 A Simple Image Model for Lossy Compression

For compression of a large volume of thumbnail images, one requires a simple and efficient
compression strategy to start with. In this regard, two alternative strategies, which immediately stake their
claims, are: i) differential pulse code modulation (DPCM) and ii) JPEG compression algorithm. Although
DPCM is very easy to implement, its performance is usually significantly poorer than JPEG’s. Thus, over
the past few years, JPEG has gradually emerged to be the de facto standard for lossy image compression.

In spite of the above scenario, however, considerable amount of research is still being devoted to:
i) improve the quality of JPEG-compressed images, and ii) devise new techniques that promise to offer
better performance versus complexity trade-offs than JPEG. In this Section, we present one such algorithm
which attempts to achieve the last of the two above objectives.

Our new lossy image compression algorithm is actually a significantly improved version of the
classical DPCM method [1],[2], but retains the computational simplicity of the latter. The key to its
improved performance lies in a simple and novel technique that is employed to adapt the coefficients of
a conventional DPCM ‘coder from pixel to pixel. The new algorithm is simply called adaptive DPCM

- (ADPCM) and it is based on a so called spatially varying DPCM (SVDPCM) image model, as discussed
below.
5.1.1 SVDPCM Image models and parameter estimation

Typically, a 2-D digitized image is regarded as a nonstationary 2-D signal consisting of pixel
intensity values, {f(i,j),1<i<L,1<j<L}, where i denotes the row index and j stands for the column index.
A fixed 2-D DPCM image model, fitting this data, has the form [5]:

f(i,j) - 0.95 [f(i,j-1) + f(i-1,))] + 0.9025 f(i-1,j-1) = w(i,)) amn
where w(i,j) is the modelling error, which is regarded as a zero-mean, 2-D white noise sequence.

As compared to above, a SVDPCM image model can be regarded as a spatially varying version
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of (17), which has the form:
f(i,j) + a,;(L,f,j-1) + a,(i,j)f(i-1,)) + al(i,j)az(i,j)f(i-l,j-l) = w(i,j),
) denote the spatially varying model coefficients. Whereas equation (17) allows

(18)

where a;(i,j) and a,(i,j
straightforward prediction of f(i,j) in terms of its three neighboring pixels, doing the same from (18)
requires estimation of a,(i.j) and a,(i,j) for all 1 and j. Although a variety of techniques can be used to

achieve this, in order to keep the computational complexity of the algorithm to a bare minimum, we use
a simple steepest decent strategy that minimizes the cost criterion,

T = le(iuj)l = i) - F)l
where le(i,j)l denotes the absolute value of the error between f(i,j) and its predicted value based on f(i,j-1),

(19a)

f(i-1,j) and f(i-1,5-1), which is given by
i) = -2, ()G - aDEG-1) - ay(paEREi-Li-1-

Notice that le(i,j)! can be written as,

(19b)

le(i,j)! = sgnle(i,jled)),
where sgn(x) equals +1 for x>0 and -1 for x<0. Therefore, differentiating le(i,j)l with respect to a,(i,j) and

a,(i,j), and setting them to zero, we obtain:

de(i,j)/0a,(i,)) = -8t(i,j)/da, (i) = O, (20a)
de(1,j)/0a,(i,)) = -3t(i,j)/da,(i,j) = 0, (20b)
which, in view of (19b), yield
-f(i,j-1) - a,f(i-1,j-1) = 0, (21a)
-f(i-1,j) - a,f(i-1,j-1) = 0. (21b)
Thus the optimal estimates of a;(i,j) and a,(i,j) are given by:
8,3,j) = £(i-1,j)/f(G-1,j-1), (22a)
(22b)

a(i)) = -f(i,j-1)/f(i-1,3-1).
The above estimates can be utilized to derive a predictive image coding scheme as follows.
5.1.2 Lossy image coding based on SVDPCM image model

The predictive coding scheme essentially consists of a one step ahead predictor of y(k), an

adaptive quantizer for the residual errors, and an encoder. The one step ahead prediction involves

calculation of 4,(i,j) and 4,(i,j) from (6), assuring stability of the predictive quantizer [12], and
constructing a predicted value of f(i,j) from (19b).

Notice that equation (19b) can also be rewritten in the form of a 2-D multiplicative autoregressive
(MAR) model [12],

a(qy.q,) f(i.)) = W),
I denote the unit backward shift operators along the columns and the rows, respectively

(23a)

where ql‘l and g,

5-17




and
a@@pa) = (1 + a;iiay )1 + ey ™). (23b)

Therefore, assuming 8(q;,q,) denote the estimated model, the predictive coder can be succinctly described

by [12]:

p(q;.q) =1- a(qy,q)s (24a)
f,j) = p@apaf) (24b)
d(i,) = £i.j) - f@j), (24¢)
d(i,j) = quantize[d(i.)], (244d)
f0,j) = F@.j) + dGi) (24e)

where p(q;.q,) is called the predictor, ?(i,j) is the predicted value of f(1,)), f(i,j) is the coded pixel value,
d(i,j) denotes the prediction error, and d(i,j) is the quantized prediction error. For the purpose of simplicity,

a three-level block adaptive quantizer [12],{38] is used. In this case, the quantized prediction error is given
by:

) (A, dij) >
dij)= 10, -a<dij<o, (25a)
l-a,  d(,)) <-a,

where
A=Dao, and o=Bo,, (25b)

and cse2 denote the prediction error variance computed over an MxM block. The parameter D controls the
dynamic range of the quantizer and the tradeoff between granular noise and peak-clipping, whereas the
parameter B determines the entropy of the quantized prediction error signal, a(i,j) [12],{38]. Increasing the
value of B reduces the entropy of a(i,j) but causes the signal-to-noise-ratio to deteriorate. Finally, the
quantized residuals are coded using a fixed-to-variable-length block code (FVBC) [12],[38].

Next, we address the issue of stability of the predictive quantizer. The stability criteria of 2-D
MAR predictive coders have been analyzed in detail by Burgett and Das [12], the results of which are

directly applicable here. In particular, we have the following stability result.

Lemma 1
i) The predictive quantizer given by (24a)-(24e) is stable provided the 2-D MAR model, (23), is

BIBO stable, and ii) the BIBO stability of (23) is assured provided la,(i,j)l<A and la,(i,j)I<A, 0<A<1, for
all i and j.
Proof

The proof is given in [39]. For purpose of brevity, it is omitted here.

Next, we develop a robust predictive coding scheme by utilizing the above lemma. First, notice
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that the substitution of (22a) and (22b) into (19b) yields a predicted value of f(i,j) as,

1(i,j) = f(i,j-DEG-1,j/EG-1,5-1)-
In light of Lemma 1, however, the above predicted value has to be corrected if the criteria stated in

(26)

Lemma 1 are not met. The corrected predicted value is computed by setting

a (ij) = -\, if la, (i)l 2 A k = 1, 2,
and correcting the computation of f(i,j) as necessary. As is easily shown, the procedure for computation
of the corrected f(i,j) can be summarized as follows:
« First, compute the estimates of 4;(i,j) and 8,(i,j) from (22a) and (22b).
o If both la;(i,)l 2 A and lay(i,j)l 2 A, compute fG,j) as
fij) = MEGij-D) + fG-L)] - A2 fG-1j-D), @7

else compute it from (26).
The subsequent steps of the coding scheme are same as what is depicted in equations (24c)-(24e) and
discussed earlier.

Next, some experimental results are presented.

5.1.3 Experimental results

To evaluate the performance of the image coding scheme described in the previous Section, three
different images were selected. These are called Lena, Pepper and Jet. Each of these images is digitized
to 256 gray levels, and constitutes of 512x512 pixels. Three quantitative performance measures were used;
namely, mean square reconstruction error  (MSRE), peak signal-to-noise-ratio (PSNR =
1010g10(2552/MSRE)), and average bit-rate (BR) {12]. For computation of the average bit-rate (BR), a
FVBC scheme, as described 1n [12},[38], was used. The input block size for FVBC was chosen to be 4
and variable-length Huffman codes, as discussed in [12],[38], were used to encode the residuals.

The parameters, D and B, of the three-level center-clipping quantizer were varied from one
experiment to another. The value of the first set of experiments uses the Lena image with 16x16 block
size and D fixed at 2.0. The value of B was then varied from 1.3 to 1.7. In this case, Table 5 shows the
variation of SNR and BR. As expected, the bit-rate decreases, but the granular noise degrades the picture

quality as B is increased. In the next experiment, D and B were kept fixed at 2.0 and 1.3, respectively,

and the block size is varied. Table 6 summarizes the variation of MSRE, SNR and BR with block size.
In general, larger block sizes decrease the effectiveness of the block adaptive quantizer which results in
lower reconstructed picture quality. Finally, the performance of ADPCM was tested on two additional

images, namely, Pepper and Jet, using 16x16 block size with D = 2.0 and B = L.5. Table 7 summarizes

the values of MSRE, SNR and BR for different pictures.

The performance of the algorithm was also compared with that of JPEG. These results are shown
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in Table 8. Notice that the performance of ADPCM is slightly inferior compafed to that of JPEG.
However, it must also be borne in mind that JPEG’s computational complexity is higher than that of
ADPCM. As an example, for an MxM image block, the computation of DCT (needed by JPEG) using a
fast algorithm would require approximately 4M210g2M multiplications, whereas ADPCM would need about
5M? multiplications.

52 Enhancement Filters for Image Compression

As far as image compression is concerned, low-pass filters are often found to be useful for: 1)
generating subsampled images, ii) enhancement of coarsely quantized images, and iii) preprocessing an
image to remove unnecessary details before coding. All of these aspects are important for compression
of thumbnail images, because such images often result from decimation, coding, and quantization of the
original pictures.

With the ultimate objective of simplicity in mind, this investigation focusses on only two kinds
of low-pass filters; namely, i) zero-phase smoothing or averaging filters, and ii) median filters. Both of
them use either 3x3 or 5x5 sliding windows centered over a pixel. The smoothing filter replaces each pixel
value by its local mean computed over the window, whereas the median filter replaces it by the local
median. Since false contours often result from coding and coarse quantization of an image and the median
is robust in presence of them, the median filters often enhance such images better than the mean filters.
5.3 Subsampling Strategies

The choice of a good subsampling strategy is very important for efficient generation and
compression of thumbnail images, because it has a direct bearing on both quality and compressibility of
such images. In this study, we made a comparative evaluation of three alternative subsampling strategies;
namely, i) plain down-sampling, ii) mean-pyramid down-sampling, and iii) median-pyramid down-
sampling.

The plain down-sampling simply involves subsampling by a factor of say, 4 to 6, along both rows
and columns. The mean-pyramid down-sampling, on the other hand, consists of successive stages that
involve simple averaging followed by subsampling. The averaging can be accomplished using a variety
of sliding masks or windows. For example, one of the popular schemes uses a nonsymmetric 2x2 window
to compute the average of {f(m,n), f(m,n+1), f(m+1,n), f(m+1,n+1)} before performing subsampling.
However, in this study, we have used a 3x3 symmetric window that computes the average value of f(m,n)
and its eight nearest neighbors before performing subsampling. It should also be mentioned that the mean-
pyramid down-sampling scheme is basically a special case of Laplacian pyramid down-sampling [8],
where each successive stage consists of a low-pass filter followed by a down-sampler.

Finally, the median-pyramid down-sampling scheme is basically a variant of the above technique,
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where the mean is replaced by the median computed over a sliding window. Although usually both mean

and median pyramid schemes perform equally well, the median one may work better if the high resolution

image contains granular noise, false contours, or other artifacts that often result from coding and coarse

quantization.
54 Choice of an Efficient Scheme for Thumbnail Image Compression

As mentioned before, the primary goal of this study is to find compression strategies for thumbnail
images that either offer better performance versus complexity trade-off, or improve quality of the
reconstructed images. In order to achieve these goals, several alternative strategies were investigated.

Essentially, these involve judicious combinations of the strategies outlined in Sections (5.2)-(5.4) above

and these can be described as,
i) plain subsampling and compression (PSC) scheme (which is currently used at Rome
Laboratory);

ii) plain subsampling, compression, and interpolation (PSCI) scheme;

iii) mean-pyramid subsampling and compression (MPSC) scheme;

iv) median-pyramid subsampling and compression (MEDPSC) scheme;

v) compression and plain subsampling (CPS) scheme;

vi) compression and mean-pyramid subsampling (CMPS) scheme;

vii) compression and median-pyramid subsampling (CMEDPS) scheme.

In the PSC scheme, the original image is first subsampled (by a factor of say, 4) using the plain
down-sampling strategy and then the subsampled image coded using either JPEG/ADPCM, or some other
compression technique. The PSCI is a slight variation of the above one, which attempts to gain higher
compression by first down-sampling to a level lower than the required one (say, by a factor of 8 when
the required reduction factor is only 4), compressing the lowest resolution image and subsequently
interpolating it to obtain the required thumbnail image. The MPSC scheme is similar to PSC except for
the replacement of plain-subsampling by mean-pyramid subsampling. The MEDPSC scheme a simple
variant of MPSC, where the mean-pyramid is replaced by the median-pyramid one. Finally, the CPS,
CMPS and CMEDPS are variants of PSC, MPSC, and MEDPSC, respectively, where the order of
performing subsampling and compression are switched.

The performance of the above strategies were evaluated using both quantitative and qualitative
methods. For quantitative performance evaluation, we used the measures of PSNR and BR, as described
earlier, whereas for qualitative evaluation, we used the measure of perceived quality as judged by
independent observers. The main results can be summarized as follows.

. among the seven schemes, the PSCI scheme performs worst;
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. the performance of MPSC and MEDPSC are quite similar to each other and both allow

higher compression than PSC