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Abstract

This dissertation concerns itself with the design
of a programmable real time adaptive delta modulation
voice processor and the formulation of the autocorrelation
function of the linear delta modulation algorithm.

Design requirements for the voice processor are
established. A specific processor configuration is
chosen and an instruction set is developed. BSeveral
delta modulation encoder algorithms and a programmable
decoder capable of receiving them are ji‘upiemented.

This, establishes compatability and enables communication
between different delta modulation systems.

A Markov chain approach is used in obtaining the
autocorrelation function of the linear delta modulation
system. An algorithm, to obtain the transition
probabilities matrix arnd the steady state level
probabilities, is developed for the zero-order and
first-order Markov cases. This enables the Fformulation
of thé autocorrelation function of the LDM estimate

signal.
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hapter 1

1.1 Statement of Problem

This dissertation presents the design of a programmable
real time voice processor and the formulation of the auto-
correlation function of the estimated signal when the
Linear Delta Modulation (LDM) algorithm is employed. The
problem that motivated the design of the processor was the
lack of compatability and communication between different
DM algorithms as well as the need for a single programmable
device capable of real time testing and implementation of
various DM algorithms suitable for different applications.

The philosophy behind all digital Adaptive Delta
Modulation (ADM) schemes known, in particular the two
shown in Figs. 1.2-5 and 1.2-10Q, is conceptually the same.
All employ a comparator and a two level quantizer., In
each system the estimated signal, ﬁ(t), is obtained by
adding the computed step size to the previous estimate and
the information sent at sampling time k, is always the sign
of the error between the input and estimated signals at time
k. The step size generator, or the algorithm controlling the
formation of the new step size, on the other hand, is unique

to each scheme.



However, in spite of the similarity between the
different Delta lodulation (DM) schemes, one cannot use
a delta modulator transmitter employing a continuous
companding scheme, and a delta modulator receiver employing
a syllabic companding scheme, for example, and expect a
reasonable guality of the réceived signal. As a matter of
fact one would do just as well by processing the errof bit
information by a band pass filter which passes speech
frequencies. On the other hand, since different people may
use different delta modulation schemes, there is a need for
a device that will interface between the various algorithms,
or equivalently, a programmable device that can be adapted
to the different delta modulation systems employed.

Adaptive delta modulation systems are extremely
difficult to analyze mathematically. Therefore gquantitative
performance of a proposed system must be measured in one of
two ways: al simulation on a computer, {(not a real time
operation) where the input is either a sine wave or stored
speech. b] hard wired implementation of a proposed system.

Since simulations on a computer are usually done at
very low sampling frequencies, to introduce some sense of
reality the input is slowed down. When determining the
adaptive delta modulator performance one is required to
decide whether distortion is due to this non real time

operation or due to the system under investigation.
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The three basic quantitative performance measurements
used to test delta modulation systems and to obtain their
performance are: a)] Linearity - that is ygiven two inde-
pendent sources, will the response of the delta modulator
to the composite signal be the same as the sum of responses
to the individual sources? Also, when connecting few delta
modulator systems in tandem is the overall system linear?
b] Idle channel noise - what is the ratio of the average
power of the response when no input is present, to average
power of the response to an input with maximum allowable
input power? c¢] Sinewave SNR -~ what is the ratio of the
average power of the response to a sine wave, to the average
power of the guantization noise?

The only mathematical performance criteria applicable
is the Signal-to quantization Noise Ratio (SNR). However,
adaptive delta wmodulators when following a sine wave of a
single frequency reduce to a LDii. Hence, the SNR criteria
is an invalid or meaningless performance criteria. The
only real way to test a system designed for voice-type
input signals is to hard wire a proposed system and then
perform all possible guantitative and subjective tests.
However, should the proposed system turn out to be invalid
then the time spent on the design, implementation and
debugging is futile. It is, therefore, desirable to have
a system which will simulate and interface all different
adaptive delta modulation systems in real time and be
programmable such that new algorithms can be tested and

debugged easily.
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1.2 Introduction and Historical Background

i.2—l Linear Delta Modulation

Delta Modulation is a technique by which an analog
signal can be encoded into binary digits (bits) and
transmitted across a communication channel. Delta
modulation encoding has been utilized for two decades
and numerous contributions to its analysis and performance
have been made by De Jager [l], Van de Weg [2], Zetterberg
[3], and others.

A DM system is shown in Fig. l.2-la. When an input,
m(t), is applied to the DM encoder, it is compared to
ﬁ(t), where m(t) is the estimate of m(t). The difference,

or error, signal,

A(t) = m(t)-m(t) (1.2-1)

is examined at fixed time intervals kT; where T is the
sampling period of the DM and k is a positive integer.
If A(t=kt) is positive, the output of the guantizer
‘e(t=kT), will be 1, and if A(t=kt) is negative, e(t=krt)
will be ~1. The estimator utilizes the output signal
e(t) to form the estimate.

A LDM system is shown in Fig. 1.2~1b. When an input
m(t) is applied to the LDM encoder, it ié'compared to m(t).
The output of the one bit quantizer, or hard limiter, is 1

if A(t=kt) is greater than or equal to zero, and -1 if
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A(t=kt) is less than zero. The estimate, m(t=kt), will be
incremented (decremented) by a step of value 8, if e (t=kT)
is 1 (-~1). PFigure 1l.2-2 shows a typical DM response to an
arbitrary input. At the receiver, the estimate signal is
reconstructed from the transmitted bit stream e(t) in the
same manner ﬁ(t) was constructed at the transmitter.

The difference wave form A(t) may be viewed as hoise
due to the quantization process and is called the
quantization noise or error. The guantization error can
be considered to consist of two parts: granular noise and
slope overload noise. Granular noise is due to the finite
step size S and slope overload noise is due to the fact
that the LDM can not follow a signal whose fate of change,
or slope, is larger than S/t.

A method of overcoming the slope overload deficiency
in the LDM is to compress the large amplitude levels in the
input signal relative to the smaller ones prior to encoding
and to expand after decoding as shown in Fig. 1.2-3. The
companding - expanding action can be integrated into the
DM scheme by the introduction of a non-linear network in
the feedback loop. A DM with a non-~linear network is
known as an Adaptive Delta Modulator (ADM).

The adaptation can be "Syllabic" [4-6] with an
adaptation time constant equal to several samples or
several tens of samples, in the order of msec, or

instantaneous {7-9] with significant step size modification



over one sampling period. In the various adaptive schemes
that have been proposed, the step size is made to increase
when following rapidly varying inputs, and to decrease
otherwise. This reduces slope overload noise, but
increases the granular noise in the form of overshoots

and oscillations if a rapidly varying input suddenly
becomes idle as shown in Fig. 1l.2-4. However, simple
forms of delayed encoding can provide very useful
stabilizations. The stabilizing action results because
signal anticipation provides an interpolative capability
which can usefully complement the extrapolative action

of predictive coding. In either case adaptation is based
only on the immediate history of the ADM bit stream.

The step size information can be automatically recovered

at a receiver by observing the received bit information.

1.2-2 1Instantaneously Companded Delta Modulation

In an Instantaneously Companded Dﬁ (Icpl), the step
size varies, or adapts, according to instantaneous
changes in the transmitted bit stream. An example of
an ICDM is the one proposed by SONG [2], where an
optimum (in the mean square sense)} encoder-decoder
combination, based on immediate two-bit history and a
first order larkov input, is derived. To simplify the
hardware implementation (the original performance

equations were very complex) a high sampling rate was



assumed (i.e. correlation of 1 between adjacent samples).

The resulting equations were found to be:

fi(k+l) = m(k) + s(k+1)
- 1.5]8(k) |e(k) e (k)=e(k-1)
s(k+1l) =
0.5|s (k) |e (k) e (k)#e (k-1)
e(k) = sgnim(k)-m(k)] (1.2—2)

where m(k+1l) and m(k) are the next and present

estimate values respectively, s(k+l) and s(k), are the
stepsizés used to generate m(k+1) and m (k) respectively
and e(k) is the sign of the error at sampling time k.
(Mote: for simplicity of notation we have assumed T is
unity).

The ADM is shown in Fig. 1.2-5. A clock signal at
time k will sample the instantaneous error A(t) and the
sign of the error just prior to the positive transition
of the clock will be stored as e(k). The present sign
bit e(k) together with the past one e(k-1l) and the
previous step size will form the next step size s(k+1)
according to the rules of Eq. (1.2-2), The approximation
to the input signal at time k+1 is formed by adding the
present estimate and the newly generated step size.

The response of the ADM to a step input is shown
in Fig. 1.2-6. It is quite clear that the step size
is increasing in an exponential manner as shown in

Fig., 1.2=7. This feature makes the above coder-decoder
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scheme very attractive for video coding applications
since video information changes in steps. The mean square
error will be a minimum if the ADM estimate level can
reach the input signal level as fast as possible. On the
other hand, since the envelope of voice changes slowly
compared to the sampling frequency, the fast increacse
causes the above algorithm to be inadequate in encodihg
voice~like signals.

Experimental results [10] have indeed shown that
video information can be encloded quite satisfactorly
(20 Mbits/sec compared to 40 Mbits/sec of PCM encoding)
whereas voice encoding was quite poor for same sampling
frequency to signal bandwidth ratio.

To improve the voice encoding performance of the
SONG ICDM, Eg. (1.2-2) was modified such that the step
size did not rise as rapidly as it did. The desired

algorithm was chosen to be:

m(k+1) m(k)+s (k+1)

S (k+1) |s(k)|e(k)+S e (k-1) (1.2-3)

e(k) = SGN[m(k)—ﬁ(k)]

where S, is a constant usually between 10 and 30
millivolts. The response of Eq.(l.%2-2) to a step input
is redrawn in Fig. l.2-2 and on it superimposed the

response to a step input of Eg.(1.2-3). llote that



although initially Eq. (1.2-3) rises faster, the
exponential rise of Eg. (1.2-2) takes over quickly
whereas Eq. (1.2-3) rises much more gracefully.
Equation (1.2-2) is known as the SONG Video Mode ADM
(svMADM) and Egq. (1.2-3) as the SONG Voice Mode ADM

(SVADM) .

-1.2-3 Syllabically Companded Delta Modulation

Incorporating the companding feature into the DM
action can be achieved yet in another way. An audio
waveform band linited to 2.5 kHz and amplitude limited
to Vo volts peak-to-peak (usually in the order of 5
volts) has an envelope with a frequency between 25H:z
and 100 Hz., 1In a Syllabic Companded DM (SCDM) the
increase or decrease in step size follows this envelope.

It was found that the best results are achieved
when changes in the step size follow an exponential
decay rather than an exponential or linear increase as
is the case with the ICDM. Step size generation is
controlled by a single pole RC network known as the
syllabic filter with a time constant between 1 and 10
msec. When the step size increases in magnitude it
follows the voltage across the capacitor and when the
step size decreases in magnitude it follows the voltage

across the resistor.



An example of a SCDM is the Continuous Variable

Slope DM (CVSD). TFigures 1l.2-9 and 1.2-10 illustrate
the analog and digital versions of the CVSD. An error
signal is formed by comparing the input signal with
the latest approximation to it. The error signal is
sampled at a fixed rate and the sign of the error at
time t=k is recorded as e(k). Based upon the present
and the past two el(k)'s slope overload is detected
when all three bits are the same. Therefore the step
size increases in the same manner as a voltage changes
across a charding capacitor in a single pole R-C
network (hence the term charge command). When either
one of the three bits is not the same overshoot
condition exists and thus the step size decreases in
the same manner as a voltage change across a resistor
in a single pole R-C network. (hence the term discharge
command). The charge and discharge of the step size
are shown in Fig. 1.2-11.

The step size generator can best be explained by
first considering a R~C network where the input is the
maximum step size when slope overload was just detected
and the output is the step size added to the estimated
signal as long as slope overload or charge command is
still true. If the maximum step size is labeled Sj

and the next step size is labeled So(t) then:

-10-



-t/RC,

So(t) = Si(l—e (1.2

Since the step size varies discretely let us redefine

-t/RC as e-k/RC

So(t) as S(k) and e where k is the

current sampling instance,

Thus:

s(k) = s, (1-e”H/FC) (1.2-5)

S (k+l) = si(l-e"l/RCe'k/RC) (1.2-6)
Therefore

s(x+1) ={e /R (k) |+5; (1-e"2/RC) Je (k) e (k)=e (k-1)=e (k-2)
(1.2-7)

When the dischérge command is true the step size will
decrease, and:

s(k+1) = e RO 5 (k) |e(x) (1.2-8)

The absolute value is necessary to insure proper
charging and discharging. When no input is present
s(k+1) must not discharge to zero but rather to a
minimum value usually 10 to 30 millivolts.

e—l/RC

Let =. 0o then the CVSD algorithm can be

summarized as:

m(k+1)=m(k)+8 (k+1)

-11-

_4)

[a]s (k) |+8; (1-a)]e(k)  e(k)=e(k-1)=e(k-2)

S(k+1l)=

othervwise

{als(k)le(k) |s (k) |>s0

S ge (k) |s (k) |<so

e(k) = SGN[m(k)-ﬁ(k)]

(1.2-9)
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A compariéon between Egs. (1.2-3) and (1.2-9)
reveals the inherent difference between the SVADM and
the CVSD algorithms. In Eq. (l1.2-3) a constant positive
value, S5, is always added or subtracted from the
curtent step size, S(k), to form the next step size
S(k+1). On the otherhand, in Lg. (1.2~9) this is not
the case. A constant positive value, Si(l—d), is added
to the current step size if and only if a certain
condition exists, otherwise the step size remains
unchanged.

Since the CVSD was designed to follow speech-like
signals, it cannot follow sguare wave type signals (i.e.
data), whereas the SVAD!! is more of a waveform tracker.
Since speech is being anticipated in the CVSD it will
filter out transmnission errors which do not have speech
characteristics, whereas the SVADM will try to follow |
those errors. The CVSD was found to have a 0.1l channel
error rate performance and the SVADIl a 0.0l channel
error rate performance. EHowever, the robustness to
-channel errors of the CVSD is penalized by a high
sensitivity to sudden changes in input level. When the
input signal level was reduced by 30 dB, the performance
of the CVSD was found to be unsatisfactory compared to

that of the SVADLI.
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1.3 Summary of prior work

In analyzing the performance of the LDM, two methods
were used. In one case, granular noise and slope over-
load noise were considered statistically independent and
were treated as such. Taub and Schilling [11l] £found an
approximate formula for the average signal to granular
noise power ratio. It was assumed that there is no slope
overload and that the input waveform was sinusoidal.
Although the approach employed as a heuristic one the
result obhtained is very close to the one obtained by
Van de Weg [2] who used a more rigorous analysis. The
second method is the exact study of the DM without the
distinction between granular and slope overload noise,
Fine [l12] obtains a recursive relation for the joint
distribution of the error and estimated signals for the
case of input with independent statistics. Slepian [13]
showed how to exactly compute the steady-state distribution
and the mean square error of a LDM with an ideal integrator
excited by a stationary Gaussian process with a rational
power spectral density. However, complexity of the
computations rapidly becomes untractable. Mills [14] and
O'Neal [15], develop a method for determining quantizing
noise power for a first order lMarkov-Gauss input.
Although their procedure provides accurate calculations
for quantization noise at all values of step sizes it is

computationally difficult to apply.



On the other hand Zetterberg [16-17], Cutler [18]
and Schindler [19] have proposed schemes to improve
SNR performance of DM. Zetterberg and Cutler use the
principle of delayed encoding. They conclude that
delayed encoding will primarily affect the stability
of a second order system in the form of sustained
oscillations and thus by using a stronger adaptive
scheme, higher SMR can be obtained. Schindler found
that performance was improved by shaping the spectrum
of the qguantization error with the introduction of

pre - and post - filters.

-14-
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1.4 Summary of results obtained

In this section, we outline the contents of the
dissertation that follows. In addition, we shall
qua}itatively summarize the main results that we have
obtained.

Chapter 2 begins with the design requirements
for the programmable real time voice processor, and
the requirements for instruction memory size,
instruction execution time and order of operation are
established. To meet decign goals available central
processing units are examined, in particular the class
of bit slices. A specific processor is chosen, and an
instruction set is developed, and the system architecture
is outlined with a detailed explanation of the system
operation.

In Sec. 2.3 a SVADM transmitter-receiver algorithm
is implemented and shown in the format of a flow chart
in Figs. 2.3-1 and 2.3-2. Recognizing the problem of
transmitter-receiver synchronization, the leaky
integrator solution is studied and implemented. To
minimize effects of channel errors on receiver operation,
saturation logic is incorporated in the receiver design.
Response of a SVADM receiver employing a leaky integrator
and saturation logic is demonstrated in Fig. 2.3-14.
Incorporating an averaging filter in the SVADM receiver

improved voice quality at low sampling rates. However,



using look ahead with the SVADM algorithm diéd not seem
to improve voice quality.

In Sec. 2.4 a CVSD transmitter-receiver algorithm
is implemented, as an example of a syllabic delta
modulator, with flow chart implementation shown in
Fig. 2.4-1 and 2.4-2. Response of the CVSD algorithm
to voice input is shown in Fig. 2.4-3 for different
sampling rates. In Sec. 2.5 a switching receiver is
implemented. Since 50% of speech is silence (i.e.

D. C.), the e{k) pattern, which is unique to the CVED
and the SVADM schemes, can be used to detect and
identify one of the two algorithms.

In chapter 3 we model the LDM probabilistically
to obtain the autocorrelation and power spectral
density functions of the estimate signal without
assuming that granular noise and slope overload noise
are independent., In Sec. 3.2 the LDM is modeled
probabilistically for the case of a zero order Markov
input. A Markov chain approach is used and
transitional probabilities are shown to be a function
of the input statistics alone. Also, an algorithm for
computing the transition probabilities is obtained.
Knowing the transition probabilities, a steady state
transition matrix and the steady state level
probabilities are obtained thus enabling the calcu-

lation of the autocorrelation and power spectral

-16~
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density functions of the estimate signal. In Sec. 3.4
two examples are used., For a zero order Markov input
with a uniform pdf, the autocorrelation function of the
LDM estimate is found to be an exponential decay which
indicates that the LDM acts as a low pass filter. For
a white Gaussian input the autocorrelation is found to
be an impulse which indicates that the LDM acts as an
all pass filter. 1In Sec., 3.5 the LDM is modeled
probabilistically for the case of a first order Markov
input and an algorithm for computing the transition
probabilities is obtained. An example of a first order
Markov~-Gauss input is shown and results agree with the
ones found for the zero order Markov cases, as shown

in Figs. 3.5-2a, 3.5-2b and 3.5-2c.
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Chapter 2

2.1 Design Requirements for the Voilce Processor

An intuitive way, of implementing Delta Modulation
algorithms [i.e. Egs. (1.2-3) and (1.2-9)] is to create
a table look up using a RO for the different step size
algorithms, and then switch from table *to table when
different schemes are desired. However, since the tables
are fixed, they cannot be modified, or changed, without
creating new tables. 2lso, since the switching between
tables is done manually the implementation is not truly
programmable. TFurther communication between different
algorithms is still not readily available.

The first requirement of a programmable device is
that it be able to execute instructions stored in memory.
Nemory has to be volatile, or read/write Random Access
Memory (RAM), so that instructions can be modified at
will, I nonvolatile, or Read Only Memory (ROM), option
can be included for permanent instruction sets that do
not have to be changed.

Since instructions will contain logic and arithmetic
commands, the device has to be able to execute arithmetic
and logic functions. 1In other words, it has to contain,

in some form, an Arithmetic Logic Unit (ALU).
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- The order, or sequence, of instruction execution is
of importance too. Since the next step-size, S(k+1l), is
a function of e(k) (i.e. e(k),e(k-1),.... etec.), the
instruction set will contain subsets which will not be
executed at the same time. Instructions executed at
sampling instant k, will not necessarily be the same as
those executed at sampling time k+T1. Therefore, it is
important to control the order by which instructions are
executed.

Execution of instructions at sampling instant k
must be completed before sampling time k+1l. If Tg is the
sampling interval, Ny is the largest instruction subset
and Ty is the execution time of an instruction, than for
proper operation:

TSZNQTe ( 2. l"l)

It was found, experimentally, that as far as speech is
concerned, sampling rates above 50kbs do not contribute
any appreciable improvement to Delta Modulation
performance. Thus Tg>2C yusec, and if 100 instructions/
sample were to be executed, instruction execution time
would have to be limited to 200 nsec. The goal thus

set is a 160 nsec instruction cycle time which would
enable the execution of approximately 125 instructions

at 20 ﬁsec sampling intervals.
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Furthermore, once instructions have been executed,
there will be a time gap before the next sample is ready
to be processed. It is therefore required, of the device,
to identify the last instruction to be executed and halt
further operation until the next sampling instance.

In addition, a full duplex operation is desired,
since transmitter and receiver have to be implemented on
each side of a communication channel. The requirement
for full duplex operation is the capebility of
simultaneously dealing with analog signals as well as
with digital information.

Finally, since instructions will be stored in memory,
the capability of addressing and entering information as
well as examining information stored has to be incorporated
in the design. Instruction address and content can be
entered via switches whereas information stored can be

displayed via Light Emitting Diodes (LED).
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2.2 Real Time Programmable Microprocessor

2.2-1 The bit slice

Nsince iook-up tables are not considered to be a
good solution, using the ALU seems the way to go.

An ALU, shown in Fig. 2.2-1, is a device which can
perform sixteen logical and sixteen arithmetic operations
on two 4-bit variables. The choice between an arithmetic
operation and a logic operation is performed by the mask
input bit labeled M. When M="0" an arithmetic operation
will be performed on variables A and B with result
indicated by function output F. When M="1", a logic
function will be executed, The'instruction command 1is
available at input E = 80515283. Table 2.2-1 shows the
relationship between A B and F for all possible
instructions.

Using the ALU as the heart of the processor, the
following is still needed to meet design requirements:

a) Instruction memory - can be either a ROM or a
RAM or both.

b) System controller - to supervise instruction
execution sequence.

c) Temporary storage memory - To store intermediate
results (also known as a scratch-pad memory).

d) Input-Output devices - To convert analog signals

into digital format and vice versa.
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The implementation of the processor as just outlined
seems to require too many components., The introduction
of microprocessors, on the other hand, seems to minimize
the number of components to be used. The rule of thumb
is that if a system contains more than 30 Integrated
Circuits (I C's) it is advantageous to replace the system
by a microprocessor. Since the instruction execution
time has to be less than 200 nsec, MOS microprocessors,
such as the Intel 8085, which have an instruction cycle
time in the order of microseconds, are not applicable.
The only choice thus left is the bipolar programmable
microprocessor slice.

A microprocessor slice is a device, capable of
arithmetic and logic operations, having n-bits, usually
two or four, which is expandable. K-slices of the same
device, can be connected in series to form a k.n bits
processor. It is also microprogrammable in the sense
that the user has the option of coﬂétructing his own
instruction set. At this time there are available,
commercially, three bipolar microprogrammable micro-
processor slices: a) The Advance Micro Devices (AMD)
4-bit Am 2901 slice, b) The Intel 3002 two bit slice,
and c¢) The Motorolla MC 10800 4-bit slice.

The Intel 3002 shown in Fig. 2.2-2 is a 2-bit
Central Processing Unit [CPU] employing bipolar

Transistor Transistor Logic (TTL) technology.



It contains the following: Two input terminals and two
output terminals allowing full duplex operation and an
ALU, which is controlled by the microfunction decodex
and the k-bus, capable of a variety of arithmetic and
logic operations. In addition, each slice contains
eleven general purpose registers. This extra feature
is very attractive, for if one does not need more than
eleven registers for temporary storage, then one does
not have to access external memory and can, conse-
quently, achieve a faster instruction cycle time.
The basic instruction cycle time for each slice is 100
nsec, with a minimum of 8-bits per microinstruction
(Fo-Fg and k).

The AMD Am 2901 shown in Fig. 2.2-3 is a 4-bit
CPU slice employing TTL technology. It contains a
16~word by 4-bit 2-port RAM, a high speed ALU and
the associated shifting, decoding and multiplexing
circuitry. Eight bits are needed to address two of
sixteen registers, and with a basic microinstruction
word of 9-bits, the minimum instruction word contains
17-bits with a minimum cycle time of 105 nsec. The
microprocessor is expandable with full look ahead or
with ripple carry, it has two inputs and one output,

and provides four status flag output from the ALI.
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The MC10800 (Emitter Coupled logic Technology) 4-bit
ALU slice, as seen in Fig. 2.2~4, is nothing more than
a modified ALU. It does not contain a microfunction
decoder and it does not contain general purpose registers.
Data enters and exits the MC10800 slice through the 2 bus,
output (¢) bus, and input (I) bus. The ¢ and I buses are
bidirectional, that is data can enter and exit on tﬁe
same bus, while the A-kus is unidirectional and an input
port only. Seventeen select lines control the function
performed by the circuit and determine the source and
destination for data with a GO-nsgc typical instruction
cycle time. Five status outputs are also available for
condition codes and branch test.

The MC10800 4-bit ALU slice seems to be the fastest
slice considered. Ilowever, the need for a microfunction
decoder (17 control lines), a register file and various
multiplexing circuitry makes the overall instruction
cyéle time comparable to the other two slices, with the
disadvantage of added components. Of the three slices
available, the Intel 3002 2-bit slice, lends itself
almost naturally, to a full duplex mode of operation
with an instruction set which is versatile, yet simple,
enough to allow such operation. Since the instruction
cycle time is comparable to the other two slices, and

since the smaller size of the internal register file



~36=

(11 general purpose registers compared to 16 in the
Am 2901) is offset by the smaller instruction size
(8 bit per instruction compared to 17-bit per
instruction in the Am 2901), the Intel 3002 2-bit

slice was chosen.
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2,2-2 System architecture

To meet design goals the voice processor as seen
in Fig. 2.2-5 has four major components:
. a) Central Processing Unit (CPU)

L) Instruction menory

c) Program controller (PC)

d) Input-Output (I/0) devices.
The CPU consists of five 2-bit slices allowing for a
10-bit dynamic resolution. The instruction memory,
consist of RAMs or PROMs, and wholly contains the
instruction set. Read/write memories are used for
temporary storage and once the program is working
satisfactorly it can be transferred to a non volatile
memory or PROM. Thus, there is an option of selecting
between RAlls and PROMs. The 745200 (S stands for
shottkey TTL technology), a 256x1l bit read/write
memory, having a maximum access time of 5C nsec, was
ch6sen as a temporary storage unit for the instruction
set and the 82S114 PROM with a maximum read time of
60 nsec was chosen as the permanent storage, non
volatile, unit of the instruction set.

Bach instruction is a twelve-bit word as shown

in Fig. 2.2-6. The first nine bits contain the
OPeration Code [OP-code, i.e. Fo,Fl,Fé;i], the source

and destination registers address (i.e. F3,F,,Fg and Fg)



and the carry input information. The tenth and twelfth
bits are used when a "JUMP" instruction is desired, and
the eleventh bit, called EB, is used as a command to
load the output of the CPU array into an output device.
) The read-write memory outputs are multiplexed

with read only memory outputs to allow a convenient
way of choosing either 9ne:“mfgyther rnore, the OP—éode
bits are multiplexed with a NO OPeration (MNOP) code
such that whenever a "Jump to Location", "conditional"
or "unconditional", or "skip" instruction is desired,
a NOP instruction will be loaded into the instruction
register, so that normal CPU operation and the state
of the internal registers will not be affected.

The micro-instruction set, shown in tables 2.2-2
and 2.2-3 is divided into two columns controlled by
the k-bus. When the k-bus is at logic level "zero",
the left column is chosen, and when the k~bus is at
légic level "one", the right column is used. In other
words, the k-bus masks the participation of the
accumulator in the execution of a specific instruction.
A k-bus equal to logic level "zero" means the
accumulator does not participate, whereas a k-bus equal

to logic level "one" means the accunulator will

participate in the execution of a certain instruction.
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Each column is broken into eight groups and the
first three bits of the instruction word contain the
group information. Each group is divided into three
supgroups, and bits five, six, seven and eight
contain that information. As an example, suppose

that the instruction word is:

Instruction word = 10C1 1011 101¢C (2.2-1)

The first three bits indicate the decimal
equivalent "4" which means that the £fifth group is
chosen (0,1,2,3,4). The next bit iz a "1" which in
turn mean that the fifth group of the left column is
chosen (K=1 .: k=0). Since the next four bits are
1011 it is deduced, from table (2.2~3), that the
instruction is Clear Accumulator (CLZ).

The address inputs of the memory are controled
by the Program Controller (PC). The PC is basically
a counter as shown in Fig. 2.2-7. The counter is a
synchronous eight bit binary fully programmable
counter; that is, the outputs may be preset to any
level. As presetting is synchronous, setting up a
low level at the load input, L, disables the counter
and causes the outputs to agree with the setup data
after the next clock pulse regardless of levels of

the enable input P, Otherwise, the enable count P



has to be at logic level "one" in order to enable the
count, The counter chosen was the 748161 4-bit binary
counter and thus two were used to obtain 8 bits.
Eight external switches and eight bits of the
instruction word are multiplexed to form the set-up
data. To implement a halt state, the count 255 was
used to disable count until the sampling clock loads
the address of the first instruction to be executed
which is indicated by the external switches.

The input device consists of a 10-bit Analog
to Digital (A/D) converter employing a modified
successive approximation technique. The output is
in two's complement format withka 16 usec conversion
time. To avoid timing problems, the output of the
A/D is latched into a register which is called the
input register. On the leading edge of the A/D
clock, which is the sampling clock, the output of
the A/D is transferred into the input register.
On the trailing edge of the clock, a new input
sample is processed. To minimize the dependency of
the processor operation on the sampling clock pulse
width, the input sampling clock is passed throuch a
pulse shaper circuit shown in Fig. 2.2-8a. The
relationship between the input and output pulses is

shown in Fig. 2.2-8b. The output of the CPU array
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loads a register, called the output register, which
transfers data to a 10-bit Digital to Analog (D/A).
Information is loaded into: the output register on
the trailing edge of the clock. Outputs of the CPU
have to be latched since after a high=-to-low
transition of the clock, the outputs of the CPU
enter a high impedance state (outputs are floating).
The circuitry which supervise proper loading of the
output register at the proper time is shown in

Fig. 2.2-9,

The basic instruction cycle time for each slice
is 100 *nsec.- Due to the expansion of five slices,
the instruction cycle time is increased to 120 nsec.
Also, an additional 40 nsec must be included as a
result of other hardware delays. Thus the total
instruction cycle-time was set at 160 nsec. With
"carry look ahead" circuitry, the total instruction
éycle time can be reduced to 130 nsec. (However, we
did not employ carry look ahead in our design).

To maximize throughput, the clock was made
unsyrmetrical with 120 nsec on time and 40 nsec
off time. The crystal controlled clock circuitry

is shown in Fig. 2.2-10.
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2.2=-3 System operation

The voice processor is controlled by two clocks.
Cne is the A/D clock, or the input sampling clock.
This clock loads the digital representation of the
analog input into the input register and presets the
counter to a value set by the external switches.
This, in turn, starts a new processing cycle. The
second clock is the instruction execution control
clock, or the system clock, operating at 6.25 MIZ,
The counter counts at the system clock rate which in
turn implies that the microinstructions are executed
at the rate of 160 nsec per instruction.

At the leading edge of the sampling clock, the
counter is preset to a predetermined value set by
‘the external switches. At the next system clock
pulse, the first instruction is loaded into the
instruction register, and the CPU executes that
instruction. At the same time, the counter content
will be incremented by 1 such that the next
instruction is available at the inputs of the
instruction multiplexers as shown in Fig, 2.2-11l.
The next instruction to be executed is either a NOP
or the stored instruction. This occurs at the

leading edge of the next system clock pulse, and



-43a

depends upon the tenth bit of the previous instruction,
the ripple carry out of the CPU array from the
previous arithmetic or logic operation and the twelfth
bit of the present instruction. At the end of a
p;ogram, control will pass to the last available
location, which in turn will disable the counter.
The system is then ready for the next input sample.
At a system clock rate of 6.25 lMHz and a sampling
clock rate of 32 FKHz, 195 instructions can be executed
between samples.

Program loading is done manually via switches.
The address of the instruction to be loaded is
inserted into the counter via the external switches,
shown in Tig. 2.2-7, when a control switch is moved
to load address position. Since the content of the
counter now points to the desired location, an
instruction word can be written into that location
Qhen a command write is given (also manually).
The counter outputs and the content of the corre-
sponding memory location are displayed on Light
Emitting Diodes (LED's) to ensure proper program
loading.

I mnemonic (symbolic) listing of the modified
instruction set is shown in appendix A with a

complete circuit schematic of the microprocessor

shown in appendix B,



We turn now to the implementation of two sample
algorithms:

1, Song Voice Mode DM (SVADM)
representing an ICDM algorithm.

2. Continuous Variable Slope
Deltamodulator (CVSD) representing a SCDM algorithm.
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2.3 Implementation of a Song Voice Mode DM

Transmitter-Receiver algorithm

2.3-1 Simple transmitter-receiver

It is convenient at this point to repeat the

SVADM algorithm:

m(k+1) = m(k)+s (k+1) (2.3-12)
s(k+1l) = |s(k)|e(k)+sge(k-1) (2.3-1b)
e(k) = SGN [m(k)-m(k)] (2.3-1¢)

Where S(k+1l) is the computed step-size value such
that when added to the current estimate, ﬁ(k),
produces the next estimate m(k+l). Since e(k) is
the data transmitted-over the channel, the first
two equations (i.e. (2.3-1la) and (2.3-1b)) also
constitute the basic receiver equations.

The SVADM algorithm shown above is a recursive
one. At every sampling instant, the transmitter will
determine the sign of the error signal and will use
that information in the generation of the next step-
siée, in the same manner it did for all previous
samples. In other words the DM equations will be
executed the same way every sampling instant. Since
the algorithm is recursive, implementation of it can best
be shown by a flow chart as shown in Figs. 2.3-1 and

2.3-2.
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At the leading edge of each sampling clocl, a new
input sample is stored in the input register, and is
available for comparison with the previous estimate
stored in one of the internal registers of the C2U.
Thé absolute value of the previous step-size (i.e.
|s(k)]) is obtained by checking the Most Significant
Bit (MSB) of the step~size register and two's
complementing, s(k), if the MSB = "1" which indicates
2(k) negative. The previous estimated value is then
subtracted from the input sample. If the difference
is positive, a "1" (i.e. 0000000001) is stored in the
e(k) register, and a "-1" (i.e. 1111111111) is stored
when the difference is negative. The e(k) register is
then checked again and if e(k) is negative (i.e. a "-1"
stored); the absolute value of the previous step-size
(i.e. |s(k)|) is inverted and -|s(k)| is obtained.

If e(k) is positive (i.e. "1" is stoged), the absolute
vélue of the previous step-size if left unchanged.

The next step-size is obtained by adding the value
stored in the e(l:i-1) register to the previous step-size.
The minimum step-size 54 has the magnitude as the

Least Significant Bit (LSB). With a 10-bit dynamic
resolution and a 1l0Vp-p input signal the LSB is
approximately 10mv. The next estimate is oktained by

adding the current estimate to the next step-size.



The delay function is implemented by storing the
current e(k) in the e(k-1) register, m(k+1l) in the
&(k) register and S(k+1l) in the S(k) register.
Process is now complete. Control is pascsed to the
iast availalile location, which in turn implies that
the voice processsr enters a WAIT state. A new
cycle will begin on the leading edge of the sampling
clock. The list of instructions implementing the
SVADM transmitter is listed in appendix C.

Receilver operation is similar to the transmitter
with the modification that the e(k) is received

from a transmitter and not generated by the receiver.
Again, the list of instructions implementing the
receiver is shown in appendix C.

Having a receiver identical to the feedback
loop, or local receiver, does not guarantee proper
operation. Should transmitter and receiver not be
élligned a run away condition may occur. A receiver
is alligned to a transmitter if the current estimate
and step-size registers content of receiver and
transmitter are the same. However, since transmitter

and receiver do not share the same registers special

care must ke taken to ensure such allignment.
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2.3-2 The leaky Integrator

For proper transmitter-receiver operation it is
necessary to have the same estimates and step-size
values in the transmitter and receiver. However,
experimentally the step-cize was never found to be
larger than 6450 and guaranteeing the same ectimates
or very close estimates ensures proper receiver
tracking operation.

Thhe steady state, or bD-C, responcse of the SVADI:
can be used efficiently in the allignmént procedure.
The steady state pattern shown in Fig. 2.3-3 exhibits
a repetitive bit pattern (i.e. 110011001100....).
Chould a constant value be subtracted from a positive
valued estilmmate, or added to a negative valued
estimate, then if transnitter exhibits a long enough
steady state pattern, the receiver estimate will
;approach, or leak off to zero.

It is well known that speech has many dead time
periods. A dead time period is one in which there is
no signal energy (i.e. no speech). 8Since transmitter
follows the input signal, the estimate register
content during dead time tracking will be close in
value to zero (speech has no D-C component). Ilence,
a receiver employing a leak factor as shown in Fig.
2.3-4) or a leaky accumulator which is a digital RC

filter will allign to transmitter during dead time.
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The question now to be answered is what should the
leak factor be? Too of a small leakage will not be
sufficient in alligning the receiver, and too large of
a leak will distort receiver operation. However, if
the leakage was made to be a function of the estimate
level, as shown in Fig. 2.3-5, then both conditions
would have been met. Not too large when signal level
is low and not too small when signal level is laxrxge.
On the other hand, a leakage factor obeying the
exponential rule, as discussed above, is not easy to
implement.

A linear approximation, as coarse an approxi-
mation as it may seem to be, turns out to be effective
if some speech characteristics are taken into account.
The envelope of speech, for one, is a slowly varying
signal with a periodicity in the order of 100 msec.
This rate is generally known as the syllabic rate of
speech. Also, if speech is separated into voiced and
unvoiced components, than the voiced component, also
known as pitch, has a period in the order of 10 msec.
The unvoiced component is non periodic and resembles
noise., A linear approximation is shown in Fig. 2.3-6.
Lg¢ is the leak factor, Am is the maximum amplitude of
the estimate signal, Ts is the sampling period and Tp
is either the syllabic or pitch period of voice.

Hence, the leakage factor is found to be:



Table 2.3-1 tabulates the leak factor needed
for different sampling rates and a 5Vp-p input
signal level. It turns out that a leak factor
following the pitch rate (i.e. Tp=10 msec) is much
too large and performnance was degraded considerably
even when the leak factor was kept at minimum (i.e.
10 mv). On the other hand how does one implement a
leak factor following the syllabic rate (i.e.
Tp=lOOmsec) when the smallest value is 1l0mv. (Tae
LSB has a weight of 1l0mv). One way of solving the

problein is not to leak every sampling instant which

-50-

L. = AnTs (2.3-2)

will effectively reduce the leak factor. For instance,

when the sign of the step-size register content, S(k+l),

is different from the sign of the estimate register

content, ﬁ(k), there is no need to leak the estimate.

When the step size, S(k+1l), is added to the present
estimate, ﬁ(k), to form the next estimate signal,
m(k+l), the new estimate is closer in magnitude to
the value zero than the present estimate. Hence,
the estimate will leak only when the step-size
register has the same sign as the estimate signal.
The f£low chart implementing such a leak factor is
shown in Fig.2.3-7, and the list of instructions in

appendix C. Figure 2.3-8 shows response of the
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adaptive delta modulator to a slow varying square wave
input without a leak factor and Fig.2.3-2 shows
response with a 10 mv leak factor demonstrating the

effect of the leak factor on the DI response.

2.3-3 Saturation Logic

One of the major causes for degradation in
receiver performance .is channel errors. An error will
occur if the received e(k) bit is not the same as
the transmitted e(k) bit. The digital information,
the e(k) bits, control the sign of the step size as
well as the value, or content, of the step size
register. Hence, the new estimate signal value, which
is incorrect due to the error, will have a D-C offset
with respect to the correct level as seen in Fig.2.3-10.
If the present estimate value of the receiver is near
its maximum value, an error might cause it to overflow
AS seen in Fig.2.3-1la. With multiple errors the
probability of overflow increases and system
performance degrades considerably. To minimize
effects of overflow, saturation logic is employed.

The signal is held at its maximum magnitude when
overflow is detected. OQOverflow conditions exist when=-
ever the signs of the step-size register content,

S(k+1l), and the current estimate register content, ﬁ(k),



are the same but different from the sign of the new
estimate, a(k+l). The flow chart of a program
implementing saturation logic is shown in Fig.2.3-12
with instruction listing in appendix C. It should be
noted that during dead time the leak factor forces Dil
estimate value to approach zero. IHence, all previous
errors are corrected during dead time. Figure 2.3-13
demonstrates DM response, in channel errors environ-
ment, to speech. Figure 2.3-14 shows the response of

a DM employing a leaky integrator and saturation logic.

2.3-4 The Averaging Filter

One of the characteristics of ADM is the steady
state (D.C.) response as seen in I'ig. 2.3-3, Ac can
be verified, the estimate signal exhibits a tone at
1/4 of the sampling frequency. The receiver output
is passed through a band pass filter to remove out
of band noise. Since we are interested in voice
frequencies, the input and output filters bandwidth
is set to 2500 Hz with cutoff frequencies set at
300 Hz and 2800 Hz. It is evident that as the
sampling frequency approaches 12K!z the 1/4 frequency
component moves into band, and will introduce
distortion. To eliminate such effects a simple, vet

effective, linear filter is used in which the estimate
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is passed through a running average where the present
estimate level is added to the previous three. The

sum is then weighted (i.e. divided by four) and

result is passed through the band pass filter. It can
bé‘shown that such a filter has a zero at the quarter
sampling frequency. The flow chart implementing such

a filter is shown in Fig.2.3-15. The response of an
ADM, employing a running average filter, to a 200 Hz
sqguare wave input is shown in Fig.2.3-16. MNote the
flatness of the response in contrast to the oscillations
in a sguare wave response of an ADM not employing such

a filter. Subjective listening has also indicated that
a system employing a running average filter has a better
response - to voice than a system which does not employ

such a filter.

2.3-5 Delayed Encoding

Overchoots found in an ADM response to a square ,
wave input as shown in Fig.l.2-4 can yet be eliminated
by using a delayed encoding, or look ahead, principle.
Look ahead requires a criterion and an algorithm for
finding the best or a good seguence of transmitted
symbols. A reasonable procedure is to store a number of

input signal samples ¥(k) (i.e. m(k),m(k+l),...,m(k+h-l),
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and then, for all binary sequences

e(k) (i.e. e(k),e(k+l,...,e(k+n-1)) construct the
estimate sequence &(k) (i.e. ﬁ(k),ﬁ(k+l),...ﬁ(k+n-l).
The distance between the sequence ii(k) and ﬁ(k) is
measured with a suitable criterion function Q(%(k)—g(k))
for all sequences e(k). The binary symbol to be
transmitted is given by the first component of the e(k)
sequence that minimizes Q. The procedure is then
repeated with k replaced by k+1l. The criterion function
used here is

a3 n l A
QM(K)=-(k)) = & |uak+3) =i (k+3) | (2.3-3)

Jj=o0

i.e. the distance is measured by the square root of the
noise power over the interval.

Due to limit number of registers available and due
to the complexity involved, n=2 was chosen. Since there
are four possible paths, as seen in Fig.2.3-17, and
since decision has to be made on the first component of
the e(k) sequence the number of paths to be considered
reduces to the two shown in Fig.2.3-17. The flow chart
implementing an ADM with delayed encoding is shown in
Fig.2.3-18 with instruction implementation shown in
appendix D. Response of the 2-bit look ahead to a step
input is shown in Fig.2,3-19 with the response of an ADM

not employing look-ahead superimposed on it. Note that
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the step size in the scheme employing look ahead always
approaches the minimum value.
Using look ahead with the SVADM algorithm did not

seem to improve voice guality.
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2.4 Implementation of a SCDM Transmitter Receiver

algorithm

The CVSD algorithm is implemented as an example
of a syllabic Delta ilodulator. 2As seen from the CVSD
algorithm [eq.(1.2-2)], the step size generation is a
function of the attenuation factor «, as well as of
past history. The attenuation factor, in turn, is a
function of the syllabic filter time constant, PC, and
the sampling frequency Tg. MAssuming an envelope
frequency of 100 Hz,the time Cconstant, RC, is found
to be 1.6 msec. with a 9.6 kHz ' sampling rate, o is

found to be:
-T./RC
o =e '8 30.94 (2.4-1)

The minimum step size, S5+ was set at 10 mv and with
a compression ratio of 20 (i.e. S, ,4/S,=2C) the
maximum step size, Sp,y, Was set to 200 mv. Hence,

the CVSD algorithm using above parameters is:

{0.94|35 (k) [+0.CL}e (k) e (k)=e(k-1)=e (k-2)

3

S(k+1) ={ (0.94|s(k)]|e(k) S (lk+1)>10x10 (2.4-2)

e(k)'s not same

1oxlo“3e(k) s(k+1)<10x10~3
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The flow chart implementing the CVSD transmitter
algorithm is shown in Fig.2.4~1l. Figure 2,4-2 shows
receiver flow chart implementation and Program
instruction listing is shown in appendix II. DMote that
saturation logic of the step size was incorporated in
the design. The response of the CVSD to voice input
is shown in Fig.2.4-3 for four different sampling

rates; 9.6kHz, 16kHz, 24kHz and 32kHz.
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2,5 8Switching receiver Design

Different DM algorithms can be stored in memory
and the Voice Processor (i.e. the microprocessor)
will select the proper receiver based on a code
identifying the transmitter. Suppose that a
1010101010 is assigned to the CVSD algorithm and a
1100110011 to the SVADM algorithm. Figure 2,5-1
is a flow chart implementation of a recelver that
selects the proper decoding algorithm.

Register Ry is a-10 bit serial shift left
register storing the incoming e(k) information sent
by a transmitter. When the content of Ry [i.e. (R1)]
agrees with either the content of RB or R9, which
contain the codes for the receivers, the LSB of Rg
will be set if the CVSD receiver is selected li.e.
KR9F(R1)] and will reset if the SVADM receiver is
selected [i.e. (R8)=(Rln. .fter switching has been
performed registers R8 and R9 fulfilled their task
and they can be used for other purposes.

The problem with such a system is that the
transmitter cannot send useful information until the
receiver locks on. Hence the receiver has to signal
the transmitter when locking has occured. To over-
come such a major drawback the idle time pattern can

be detected and used. The major restriction will be




that the idle time pattern of various transmitters
be different.

The steady state (i.e. D-C response), or e(k),
pattern of the CVSD algorithm is 10101010... and
liOOllOOllOO.. for the SVADM algorithm. éince 50%
of speech is silence (in zero DC) that pattern can
be used to detect and identify one of the two
algorithms.

If the lowest audio frequency is 5C0Hz, and
the maximum sampling frequency 40kHz then the number
of bits per half period is 40. This number is an
upper limit if the waveform that the DM is tracking
is a square wave. SCince voice is of a sine wave
form 20 e(k)'s will be sufficient to be compared
with and used for an identification of a transmitter.
The transmitter does not have to send a header, and
thie receiver will lock on the csteady state pattern.
A flow chart implementation of such a scheme is
shown in Fig.2.5-2 with program listing in appendix

F. Registers Ry and R, are 10 bit serial shift left

2

registers storing the incoming e(k) information sent

by a transmitter. When the content of Rl and R7

agree with the content of R9 the CVED receiver will

be decided upon. When the content of Rl agrees with

R8 and R2 with R7 then the SVADM receiver will be

-59-



selected. The LSE of RO will be set indicating true
detection, and the }SB of Ro will be set if the CVSD
receiver is selected and will reset if the SVADM
receiver is selected. After decision has been made
fégisters Rz R7 R8 and R9 can be used@ for other
purposes.

An interesting problem arises now, and will be
left for future research, as to whether we must
store every conceivable algorithm or whether we can

"learn", by receiving some prescribed "test-pattern",

the algorithm employed.
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Function select Logic functions (M=1)| Arithmetic and logic (:=0)
Sy S, 83 S F F

0 0 0 0 A A minus 1

0 6. 0 1 A+B (A+*B) minus 1

0 0 1 0 A-B (A-B) minus 1

0 0 1 1 0 minus 1 (in two's complement
0 1 0 0 A+B A plus (A + B)

0 1 0 1 B (A + B) plus (A-B)

0 1 1 0 A+B A minus B minus 1

0 1 1 1 A-B A+B

1 0 0 0 A+B A plus (A+B)

1 0 0 1 A+B A plus B

1 0 1 0 B (A+B) plus (A-B)

1 0 1 1 A.B A+B

1 1 0 0 1 A times 2

1 1 0 1 A+B A plus (A-B)

1 1 1 0 A+B A plus (A-B)

1 1 1 1 A A

Table 2.2 : Functional description of ALU operations
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<
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Fig, 2,2-3: AMD 2901 4-Bit CPU Slice,
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Fig. 2,2-4;: M C10800 4-Bit ALTU Slice,
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Fig, 2,2-5: Voice Processor Block Diagram,

—99-



k— — OP. Code +
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MNEMONIC | K - BUS=1 MNEMONIC K - BUS=0
ILR R +CI+R_AC ALR AC+R_+CI4 R AC
ACM M +CI., AT AMA M +AC + CI, AT
SRA EL-. RO, AT+ AT | -

i) Y ATH
LMI R_+ MAR, R _+CI, R[ DSM 11+ MAR R -1+CI4 R,
LMM M, MAR, M + CI, AT LDM 11+ MAR M-1+CI 4 AT
CIA AT - CI.y AT DCA AT - 1 + CI4 AT
CSR CI - 1+ R, SDR AC-T+CI4 R,
CSA CI-1- AT SDA AC -1 +CI, AT
- (See CSA above) LDI I-1+CIo AT
INR R +CI4 R ADR AC+R +CI, R
(See ACM above) - (See AMA above)

INA AT + CI4 AT AIA I+AT +CI, AT
CLR CI, CO 0, R, ANR CIy (R » AC), CO, Rn)\Ac + R
CLA ClI+ CO 0-AT ANM CIV (M, AC). CO, Ma AC - AT
- (See CLA above) ANI Clv (ATV I)+ CO, ATa I 4 AT
- (See CLR above) TZR CI an., CcO Rn" Rn
- (See CLA above) LT™™ CivM., CO Mo AT
- (See CLA above) TZA CIVAT 4+ CO AT 4 AT
NOP Cl+ CO, R 4 R ORR CIv AC, CO R vAC 4 R,
LMF Cl, CO, M, AT ORM CI v AC 4 CO MvAC~ AT
- (See NOP above) ORI Cilvi, CO IVAT , AT
CMR cl, co, ﬁ;_. R XNR CIv (R 4 AC)» CO R BACH R
LCM Cl, CO, M+ AT XNM CIv (M® AC)4 CO M@AC™ AT
CMA Cl., CO, AT AT XNI CIV (AT I)» CO IGAT- AT

Table 2, 2-2: Microinstruction Set,
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REGISTER

10 © I~ o O
M M B M

AC

AC

AC

REGISTER

GROUP

[

11

Table 2, 2-3: Register Group Breakdown,
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Signal to load

input registers,

[
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(b)

Fig, 2,2-8: Pulse Shaper (a)Circuit Diagram (b) Timing Diagram,
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RCVR

Form
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Yes

Form
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Delay e(k),
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Yes A (k+1)
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Fig. 2,3-2: Receiver Flow Chart,



Fig. 2,3-3: Steady-State Pattern of ICDM,
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Fig. 2,3-5
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Fig, 2,3-6: Straight Line Approxim ation,
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Tp= 100 msec Tp= 10 msec
Fs,kllz Lg,mv Lf,mv
10 5 50
16 3.125 31.25
24 2,08 20.8
32 1.58 15.8
64 0.79 7.9

Table 2.3-1 leak factor as a function of sampling rates



m (k) =& (k)+ 1

( Return >

Fig., 2,3-7: Leaky Integrator Flow Chart,
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Input

Estim ate

Fig, 2.3-8:Response Of SVADM Not Employing Leak Logic,
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Input

Estimate

Fig, 2,3-9: Response Of SVADM Em ploying Leak Logic,
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Fig, 2,3-10: Effect of Channel Errors on DM Perform ance,
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Fig, 2,3-12: Saturation Logic Flow Diagram,
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Fig, 2,3-14: Response of SVADM Ia Channel Errors Environment;{a)10

Error Rate, (b)10?% Error Rate, (c)102 Error Rate With No Input,
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Input

(d)

Estimate

Input
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Fig, 2,3-14: Continued, (d) 10'-1 Error Rate With No Input, (e) 10"1 Error Rate
With Input.
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( Filter ’

m (k+ 1) =M+ 10410 (k)'+
M(k-1)'+M(k-2)

o Out f (k+1)"

Delay:
& (k- 2)=m (k-1)'
(k-1 =7 (k)

™
A (k) =h(k+ 1)

p
( Refurn )

Fig, 2,3-15: Averaging Filter Flow Chart,
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Fig.2,3-16: Response of ADM , Af 8 KHz Sampling Rate, (a) Without Filter, (b) With Filter,
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Input
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Fig, 2,4-3: Response of CVSD to Speech Atj(a)32 KHz Sampling Rate, (b) 24 KHz
Sam pling Rate.
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Fig. 2,4-3: Continued, (c) 16 KHz Sam pling Rate, (d) 9.6 KHz Sam pling Rate,
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Chapter 3 10

3.1 Linear Delta Modulator

The operation of the LDM can be described

mathematically as:’

- m(k+1l)=n(k)+5e (k) (3.1-1a)
A(k)=m(k)-m(k) (3.1-1b)
e(k)=sign (A (k)) (3.1-1c)

where k is an integral multiple of the sampling
time Ty and m{k) is the value of m(t) at the
sampling instant t=kTs, and Ty has bzen normalized
to unity.

For the case of zero input, @) will alternate
between +S5/2 and -S5/2 as shown in Fig. 3.1-1 . It
iz fairly safe to say that the probability that the
estimated signal will be +S5/2 at any instant k is
qual to the probability that it be -S/2. Using

probability notation it is equivalent to saying:

Pr[ﬁ(k)=s/2/zero input]=Pr[ﬁ(k)=—S/2 zero inputl=1/2 (3.1-2)
Once an input is applied, the estimated signal
m(k) will assume a staircase form where a level is
held constant between sampling times and the
difference between adjacent levels is the step size S.
For a stochastic input a set of such staircase

functions will be generated and will form a tree.
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3.2 Probabilistic ilodel : Zero Order ilarkov case

”

3.2-1 Transitional probability structure

.  Let a stochastic input with a continuous amplitude
probability density function be applied to the LDM at
tine zero, i.e. k=0. Since Pr[ﬁ(O)=o/2]=Pﬂ(ﬁ(0)=—S/2]=l/2

it does not matter whether ﬁ(0)=§ or m(0)=— assumed.

oo
H
0

A S .
Let the initial condition at k=0 be m(0)=;. At time

A

k=1 m(l) can assume one of two values: 3% or = If at

time k=0 4(0)>0, @(1) will be 35, if at time k=0 A(0)<0 R(1)

o
g
[l

will be ~5 Expressing this probabilistically we have:

Pr [ (1) =35-1=Pr [m(0) >3, m (0) =51 (3.2-1a)

Pr [ (1)=-31=Pr [m(0) <5, f(0)=5] (3.2-1b)

Since the value of the estimated signal before
the input is applied is indepencent of such input,

Lg. (3.2-1) can be rewritten as:

Pr [ (1) =35]=Pr [ (0) =51 Px [m(0) >3] (3.2-2a)
Pr [ (1)=-5=Pr [A(0)=51Pr [m(0) <5 (3.2-2b)

Following the same line of reasoning as above and using

Eq. (3.1-1), m(2) can assume one of three values 52, %
and —3% and following Egs. (3.1-2) and (3.2-2):
~ _eS,_ ~ _ a0 S5
Pr[m(2)—J§]—Pr[m(l)—3§nm(l)>3§] (3.2-3a)

pr[fa(2)=3]1=Fr [A(1) =35, m(1) <351+Pr [M(1)=-5,m(1) >-$] (3. 2-3b)

Pr [ (2)==33]=Pr [ (1) ==Z,n(1) <-5] (3.2-3c)
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Using Bayes' theorem Eqg. (3.2-3) can be written as:

Pr[%(2)=5§k#m1m(1)>3§I&(1)=3§]pr[ﬁ(1)=3§] (3.2-4a)
Pr(f(2) =2]=Pr In(1) <35 |m(1) =351 Pr (1) =351+

Pr [m(1) >~5 (1) =-31Pr (R (1) =-F] (3.2-4b)
Prii(2)=31=pr (n(1) <=5 (1) =-F1pr (1 (1) =5 (3.2-4c)

In Eq. (3.2-4a), for instance, Pr[m(l)>3§/$(l)=3§] is
known as the transitional probability. Note that:

Pr[m(l)>3% ﬁ(1)=3§]=9r[ﬁ(2)=5§|ﬁ(1)=3§]

(3.2-5)
This allows us to rewrite Egs. (3.2-1) (3.2-2) and
(3.2~4) in a recursive form as:
Pr[ﬁ(1<)=a§-]=>épr[&(k =o$ | (-1 =851 Px [ (k1) =63
=%Pk'k_l(a,s)pr[%(k-1)=8§] (3.2-6)

where Pk k_l(a,B) is the transition probability from
’

level 6% at time k-1 to level a% at time k.

3.2~2, Tree structure of the LDM

Let the value of the estimated signal at time k,
ﬁ(k), be a random variable and let the value of that
random variable be denoted as the state of the LDM at
time k. We define a graph called the "Estimated Tree
Graph", shown in Fig.3.2-1, in which the nodes are
the states of the LDM at time k and the branches are

the transitional probabilities.
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At this point we note that since, as in all
physical systems, the LDM response is limited to a
finite number of levels and since the input signal
iq all existing systems is finite, the estimated
tree will be bounded. However, g¢generality will not
be lost since the bound imposed is a function of the
number of desired levels.

Let the input signal have an autocorrelation
function which is an impulse. Suppose that the value

of the random variable ﬁ(k—l) is B§ then:

2’
Prim(k-1)>85] a=B+l  (3.2-6)
Pr [f (k) =02 |f(k-1) =51 =
Prim(k-1)<B31 o=B-1  (3.2-7)

Thus, using Egs. (3.1-1), (3.2-5), (3.2-7), the
assumption of a zero-order Markov input and a bounded

response, it was found that:

Pr[m(k)=og/M(k-1)=p3] = 0 |o- 8] #2
0 |o|>2m+3,| B |>2n+1 o~ B=2
0 J|al>2n+1,| B [>2M+43 B -a=2
1 |el=2n+1 [a[=]8 |-2 (3.2-8)

Pr[m(k-l)iﬁ%} B~a=2

pr]m(k-1)>s%] a-B =2
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Where o is a value chosen from the set
{2k+1-4i, i=0,1,2,...,k}. 2k+l-4i assures us that a
will have the correct value corresponding to the
proper sampling time. XN is a function of the maximum
number of levels and if we denote the maximum number of
levels by L, then:

L=2N+2 (3.2-9)

A tree graph is now constructed using Egs. (3.1-2),
(3.2-2) and (3.2-8) in conjunction with the assumption
that the state of the LDM at k=0 is % and the knowledge
of the input signal statistics in the following manner:

Since at time k=0 the state of the LbBM is %, the
possible states at time k are calculated from the
following equation,

[Possible states at time k] = (2k+1-4i)S/2 i=0,1,.,k(3.2-10)
Therefore at time k=1 ﬁ(k=l) can have the value 3% or —%.
Using Eqg. (3.2-8) the transition probabilities
Pr[ﬁ(l)=3% ﬁ(0)=§] and Pr[ﬁ(l)=—§.ﬁ(0)=%] are calculated.
Knowing the transition probabilities, we can compute,

using Eg. (3.2-6), the probability that the LDM will be

in 3§ or -2 levels at time k=1, Using Eg.(3.2-10) the

2 2
possible states that the LDM can have at time k=2 are
S

> and -3%. The probability of the LDM keing in

these states at time k=2 is again found by first

Q
sf,_’-,

computing the transition probabilities from LDM states
at time k=1 to the LDM states at k=2 via Eg.(3.2-8) and

then using Eqg. (3.2-6).
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The above procedure is repeated again and again
for increasing values of time until the upper and
lower bounds on the LDM response are achieved. From
tﬁat point on the possible states of the LDM will
répeat every two tine samples. An example of such a
trellis is shown in Fig.3.2-2, where the bound on the
number os states is 8. The value of the levels at
time k are assigned the value of the probability that
the LDM is in these states at time k and the jump S
from state a to state b is assigned the value of the
possibility of the LDM being in state b at time k+l1,
given that it was in state a at time k. In other worxds,
S is assigned the valﬁe of the transitional probability
Prer,x Pra)-

From Fig.3.2-2 it is evident that the states are
repeated every two samples. The estimated signal will
assume a value from the set {1,3,5,7} at times k=3,5,7,9,..
and will assume a value from the set {2,4,6,8} at times
k=4,6,8,... « It is obvious that the LDM will reach a
steady state pattern. A steady state pattern is defined
as that pattern having transition probabilities and level
probabilities which are independent of time, i.e.

b,a)=P (b,a)=.. (3.2~1la)

Pra1,k Pra)=Pp s o k+15,k+14

pr[ﬁ(k)=a§]=pr[ﬁ(k+2)=a§]=gr[mxk+2)=a§]=... (3.2-11b)
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The time that it takes the LDM tree to reach a
steady pattern is called the "transition time". This
time will depend on the bounds on the LDM as well as

on the input statistics.
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3.3 The Autocorrelation and Power Spectral

Density Functions

FProm the previous section we recall that the state
of the LDM at time Iz, a(k), was defined as a random
variable. However, since ﬂ(k) assumes different values
at k-even than it does at k-odd, thc process will not
be stationary because the statistics of ﬁ(k) depend on

the time k. Let us define a new random variable X(T),

where X(T) assumes all possible values of the LDM state,
and T is a function of two time instances, k and k+1,
We label the most positive state as xl(T), the next

most positive state as xz(T) and so on. In other words:

A

{ T)={xl(T),x2(T),x3(T),...}={XO(T),xe(T)}

———

X (T) spans the plane consisting of odd and even

values as shown in Fig. 3.3-1 . Then, if xi(T)eXo(T)

then xj(T+l)€Xo(T+l)=xo(T) where xi(T) is the state of

the ILDM at time T and xj(T+l) is the state of the LDM

at time T+1l. Similarly if xi(T)sXe(T), then : .

xj(T+l)eXe(T+l)=Xe(T).

We now specify a transition matrix P(l) with

elenents pij(l) defined as:

pij(l)=Pr{X(T+l)=xj(T+l)|X(T)=xi(T)}

Since the DM tree is in steady state, the transition

matrix P(l) is independent of T and thus the Markov chain

can be considered homogeneous.



To f£ind the autocorrelation of the random variable
x(T) we proceed as follows; Since the process is
stationary: R_(T,T+1)=R (T)=C{X(T) x(T+71) }
S}nce X(T) can assume only discrete values:

Ry (t1)=IIx .(T)xj(T+T)Pr{ng+T)=xj(T+T),X(T)=xi(T)}
ij

Using Bayes' theorem Eg. (3.3-3) can be written as:

R, (1)= ZZA (T)Pr{X(T)= =%, (T)}p (r)x (T+1)
ij
where

5 (0 =Prig(T+r)=x, (T+T)|h( )=x, (1)}

plj(r) is an element of the transition matrix P(l) to

the 1T power. Eguation (3.3-5) can then be written as:

Ry (T)—[x (T)Px [2(T)=x (T)],-.-,x (T)Pr[x(t)—y (T)1,..1
xq (T+1)
x (T+T)

Mote Xs (T) and = 5 +T) are the states of the LDM

at times T and T+t respectlvely. These states do not
change with time. The term Pr[X(T)=xi(T)] is the

initial condition. P{l) depends only on the input

signal statistics (Zq.(3.2-8))and if the input signal

is stationary, P(t) will depend only on T.

The power spectral density of the discrete signal
can now be found as:

=Ly -JjwpT

110-

(3.3-4)

(3.3-5)

(3.3-6)

(3.3-7)

(3.3-8)
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where p is the period and d denotes discrete. However,
if the continuous time function of the envelope is
available one can find the power spectral density by

using the Fourier Transform:

s, (=[r_(1)e™Mar (3.8-9)
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3.4 Autocorrelation and Power Spectral density function

Calculations of a zero order liarkov input

3.4-1 Example: perform the autocorrelation and power

spectral density calculation of a zero order

Markov input with a uniform pdf.

Consider an input m(t) bounded between +3V and -3V
with a uniform pdf. of independent samples as shown in
Fig. 3.4-1. Let the step size S be normalized to unity.
The maximum number of levels is found to be 8 (E4.(3.2-9)),
as shown in Fig.3.2-2. The value of the LDM tree states

at steady state is:

'x={3.5,2.5,1.5,0.5-0.5,-1.5,-2.5,-3.5} (3.4-1)

Using Egs.(3.2~6), (3.2-8) and following the
procedure described in the previous section the initial
probabilities are found to be:

Pr(X=3.5)=0.0037 Pr (X=-3.5)=. 0.0037

‘Pr(X=2.5)=0.0441 Pr (X=-2.5)= 0.0441

Pr(¥%=1.5)=0.1615 Pr{X=41.5)= 0.1615 (3.4-2)



Pr (X=0.5)=0.2907 Pr (¥=-0.5)=0.2207

we redraw Fig. 3.2-2 as Fig. 3.4-2 , with the

modification of the added transition probabilities
which were calculated using Eqg. (3.2-8). TIrom Fig.
3.4-2 it is evident that the steady state pattern

starts at k=3.

Using Fig. 3.4-2 , the transition probability
matrix, P(l), is found to be:
1/12 0 11/12 0 0 c 0 0
0 5/16 0 l1/16 0 0 0 0
1/48 0 26/48 0 21/48 0 0 0
0 5/48 0 47/72 0 35/144 O 0
P(l)= 0 0 35/144 0 47/72 0 5/48 0
—_— 0 0 0 21/48 0 26/48 0 1/48
0 0 0 0 11/16 0 5/16 O
0 0 0 0 0 11/12 0 1/12

It is clear that the chiain is homogeneous.
To see if stationarity holds we proceed as Ifollows:
Multiplying the transition matrix to the 20-power

and the 2l-power the following matrix was obtained:

.5815
0
.5815
0
.5815
0
.5815
0

0
.3231
0
. 3231
0
.3231
0
.3231

. 3231
0
.3231
0
.3231
0
.3231
0

0
.5815
0
.5815
0
.5815
0
.5815

-

.0073
0

.0073
0

.0073
0

.0073
0

0
.0881
0
.0881
0
.0881
0
.0881

0

0

0

0

.0881
.0881
.0881

.0081

=113~

(3.4-3)

0
.0073
0
0073
0
.0073
0
.0073

(3.;-4)
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Since the sampling frequency is normalized to
unity, for a lO—4 sec., sampling period as an example,
w=1l in Fiyg., 3.4-4 corresponds to a frequency of 5000 Hz.
As the sampling period decreases, w=1 corresponds to a
larger fregquency and if the bandwidth B is between 300Hz and
3000 Hz, then less noise power will be inband compared

to signal power and the signal to noise ratio will

increase.

3.4-2 Example: Perform the autocorrelation and power

density calculations of a zero order Markov

input with gaussian pdf.

Consider an input m(t) bounded between +3V and
-3V, with a gaussian pdf. of independent camples and
a variance of 1 as shown in Fig. 3.4~5 . Let the step
size S be normalized to unity. The maximum number of
levels is found to be 8 (Eqg.(3.2-9)), as shown in Fig.
3.2-2, The value of the LDM tree states at steady
state is same as in Eg. (3.4-1).

Using Egs.(3.2-6),(3.2-8) and following the
procedure described in section 3.3, the initial

probabilities are found to be

P_[X=3.5] = o.93x1o‘z P_[X=-3.5] = o.93x1o‘3
P_[X=2.5] = 0.93%10 P_[X=-2.5] = 0.93X10

P_[X=1.5] = 0.0685 P_[X=-1.5] = 0.0685 (3.4-13)
P_[¥=0.5] = 0.4314 P_[¥=-0.5] = 0.4314
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In the previous section it was mentioned that the

set of states of the LDM tree contains two disjoint sets:

XX X1, {x X

X(T)= 1¥3%5%X

L ]

[{x 4'6y8}] ={

4 (T e(T)}

(3.4-5)

The zeros in the odd columne correspond to the

probability of a transition from ar 2ven state to an

odd state. Since the two sets of st

the transition probability is zero a

applies for zeros in the even columns

Now, P(20) can be transformed i
(see appendix H) where
.0073 .3231 .5815 .0381
.0073 .3231 .5815 .0081
.0073 .3231 .5815 .0081
P, (20)=|.0073 .3231 .5815 .0081

or in short hand notation:

{
A_,0O
— -
Pr (20)— —_ i
0T o

We observe that all the rows of
identical which

being in odd state X;

means that the probability

ates
s expected,
=1

nto a matrix

submatrix Ao

are disjoint,

Same

(3.4-7)

are

of the LDM

is independent on starting state,

providing the starting state is from the odd set of states.
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However, this is precisely what the limit of Eqg. (G-20)
means. Therefore we conclude that since the limit
exists and since the chain is homogeneous, the process
is stationary in the asymptotic (wide) sense.

Using gé%), initial condition probabilities,
Eg.(3.4-2), and Eg.(3.3-7) the first 11l terms of the
autocorrelation function RX(T) are:

RX(O)=1.4740 RX(4)=0.0596 RX(8)=O.0024

Rx(l)=o.6607 RX(5)=O.0267 RX(9)=0.9011

Rx(2)=0.2963 Rx(6)=0.0123 Rx(10)=0.0005

RX(3)=0.1329 R7(7)=O.0054 (3.4-8)

The autocorrelation function of the LDM estimate
is plotted in Fig., 3.4-3 . Note that it decreases

exponentially and we conclude, for the case of 8 states,

that:
RX(T)=Ae_ oft] (3.4-9)
‘where 4=1.474 and a=1n (=212 y=0.802. The power
. 5.6607)0-802.

spectral density is readily shown to be (Eqg. (3.3-9)):

20A
S. (W= 5= (3.4-10)
bid a2+w2

In Fig. 3.4-4 , the power spectral density is
plotted as a function of the radian freauency w.
If the sampling period is Ts’ then:

T=2T (3.4-11)

«

and
1J=?— (3.4-12)
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Using the procecdure outlined in Section 3.3 and

Eg. (3.2-8), the transition probability matrix, P(l),

is found to be:

0 1 0 0 0 0 0

0.00001 0 0.99999 0 0 0 0

0 0.C0014 0 .9986 2 0 0

pP(l)= 0 0 .1587 0 .8413 0 0
== 0 0 0 .8413 0 .1587 0 (3.4-14)

0 0 0 0 .9985 0.0014 O

0 0 0 0 .99999 0.00CLl O

| o0 0 0 0 0 1 0

To see if stationarity holds we proceed as £follows:
Multiplying the transition matrix to the 40-power and

the 4l-power the following matrix was obtained,

0 .1371 0 .8627 0 .0002
.0002 0 .8627 C .1371 0

0 L1371 0 .8627 0 .0002
.0002 0 .8627 0 .1371 0

0 L1371 0 .8627 0 .0002
.0002 0 .8627 0 .1371 0

0 1371 0 .8627 0 .0002
.0002 0 .8627 0 .1371 0

P(40) =p(41)z (3.4-15)

'coocooboco
OCcCocoCOoOOOO

Again the zero's in the odd columns correspond
to the probability of a transition from an even state
to an odd state. Since the two sets of states are
disjoint, the transition probability is zero as
expected. The same result applies for zeros in the
even columns,

Mow, P(40) can be transformed into a matrix

gm(40) (see appendix II) where:
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0 .1371 .8627 .0002
0 .1371 .8627 .0002
0 .1371 .8627 .0002f
b (40) = |0 :1371 _.8627..0002  __ . _._____._._.
R ke » 0002 .8627 .1371 0
- — C) 0002 .8627 .1371 0
~ L0002 .8627 .1371 0| (3.4-16)

L0002 .8627 .1371 OJ

lo

or in short hand notation

AO
PT(4O) = —

.

o

(3.4-17)

1 4
4

*

———

lo
[1o”

We observe that all the rows of submatrix AO
are identical which means that the probability —
of the LDM being in odd state X, is independent of
the starting state, providing the starting state is
from the odd set of states. However, this is
precisely what the limit of Eg.(G-20) neans. Therefore
we conclude that since the limit exists and since the
chain is homogeneous, the process is stationary in the

asymptotic (wide) sense,

Using P(l), initial condition probabilities,

Eg. (3.4-13) and BEg. (3.3-7) the first ll#terms of the

autocorrelation function RY(T) are:
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R (0) = 0.5253 2 _(4) = -.7%107° R _(8) = -.7410"°
R (1) = .5%107° R _(5) = -.7x107% R _(9) = -.7x207° (3 4_1q)
R (20 = =.7x107° R _(6) = -.7X107° R_(10) = -.7x107°

R (3) = -.7%107° R_(7) = -.7x107°

The autocorrelation function of the LD!1 estimate

to zero order Markov gaussian input is plotted in Fig.

3.4-6 with five different values of the variance, ©
0.1, 0.5, 1, 1.5 and 2.
It is interesting to note that for all five cases the
autocorrelation of the LDK estimate is still an impulse.
Hence, for uncorrelated input samples the LDM estimate
values are also uncorrelated, and response of LDil will
not improve by observing the past history if the input

is a zero order Markov,

3.5 Probabilistic Model:First order #Markov case

3.5=1 Tree and transitional probability structure
of the LDM

As with the zero order !arkov case we let:

Pr (i (o) =s/2]=Pr [m(0)=-s/2]=1/2 (3.5-1)
Since the value of the estimated signal before the input
is applied is independent of such input, the probability

of the two possible levels at time k=1 are found to be
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prliin(l)=3s/21=Pr [fi(0)=s/2,m(0) >s/2)=Pr [ (0)=s/2]Pr [m(0) >s/2]
(3.5-2a)

Pf[ﬁ(l)=—§/2]=Pr[ﬁ(o)=s/2,m(o)is/2]=Pr[ﬁ(o)=s/2]Pr[m(o)is/2]
(3.5-2b)

Similarly, at time k=2, m(k) can assume one of three
valﬁes (i.e. 58/2, s/2 and =-3s/2) with the following

probabilities:

Pr[m(2)=5s/2]=Pr[m(l)=3s/2,m(l) >3s/2] (3.5-3a)

Py [M(2)=s/2]=Pr [M(1)=3s/2,m(1) <3s/21+Pr[M(1)=-5/2,m(L) >~5/2]
(3.5-3b)

Prlm(2)=-3s/2]=Pr[(l)=-5/2,m(1)<~s/2] (3.5-3c)

The “"Estimated Tree Graph" is now redrawn in
Fig. 3.5-1 , where the levels at time k are
_ consecutively labled from 1 to k+l. The value of the

ith level at time k is labled Xi(k), and from Eg. (3.2-10)

xi(k)=(2k+5—4i)s/2 i=1,2,...k+1 (3.5-4)

Based on Egs. (3.5-1),(3.5-2),(3.5-3) and

Pig. 3.5-1, the general expression for the probability

of a level is:

Pr(m(k)=x; (K)=Pr(m(k-1)=x;_; (k=1) ,m(k=1)<x;_, (k=1)]

+  Prin(k-1)=x; (k-1) ,m(k-1) >x; (k-1)] (3.5-5)
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The probability of a level at time k, found in
the above equation (i.e. Eg.(3.5-5)},can be assumed as
being composed of two factors. One factor due to the
level i-1 at time k-1. Let it be labled A(k,i). A
sécond factor due to the level i at time k-1, and let

it be labled B(k,i). In eguation form
Pr[ﬁ(k)=xi(k)]=A(k,i)+B(k,i) (3.5=6)
For example:

A(2,2)=Pr[m(1l)=3s/2,m(1)<3s/2) (3.5-7a)

B(2,1)=prifi(L)k3s/2,m(1)>3s/2] (3.5-7b)

Examining the first part of E¢.(3.5-5) the transition
probability from level x._ j;(k-1) to level x; (k) can

be found to be (see Appendix I):

Pr(m(k)=x, (k)| m(k-1)=x, ) (k-1)1=  A(k;i) (3.5-8a)

A(k-1,i-1)+B(k-1,i-1)
and similarly:

Prm(k)=x, (k)| m(k-1)=x; (k-1)] = Bk, 1) (3.5-8b)

A(k-1,1)+B(k-1,1)

A symmetrical bound is now imposed on the
response of the LDM

—Xfoi (k) £ XN (3.5-9)

Using Egs.(3.5-1), (3.5-3),(3.5-5),(3.5~6), (3.5-8)

(3.5-9) and the set of initial conditions:



-122-

A(,1) = 0.

B(1,1) = Pplm(o)>s/21P, [r:f\\(o)=s/2] (3.5-10)
A(l,2) = Prim(o)<s/2]P,[m(0)=s/2]

B(1,2) = 0.

An algorithm from which A(k,i) and B(k,i) can be found,
was obtained. The algorithm, as is readily seen from
Fig. 3.5-1 , is devided into four distinct regions; A,
B, C and D.

The region lasting from initial time, k=1, to the
time in which the upper bound is reached is defined as
region -A~, In Fig. 3.5-1 the bound is XN=5S, hence
region -A- lasts for 2<k<5. Reygion -B- is the region
leading to the lower bound and for a symmetrical bound
as in Fig. 3.5-1 , it lasts for one sampling period.
Region -C~ is the repetitive part of the tree containing
the set of states with the upper bound state and region
D is the repetitive part of the trellis containing the
set of states with the lower bound state. The algorithm

for each region can be verified to be:



Region & : 25:i8XN

Alk,1i) =

0
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i=1

Prim(k-1)<x, _; (k=1)[m(k-2)>%;_; (k-2)1B(k-1,i-1)  i=2

Pr[m(k-1)<x; _; (k-1)|m(k-2)<x,
{Pr[m(k—l)ﬁx

B(k,i) =

0

Prim(k-1)>x

k-2) JA(k-1,i-1)  i=k+1

o1 (k=1) m(k=2) <%, (k=2)1a (k=1,1-1)4) 5.5 )
Prim(k-1)<x,_; (k=1) |m(k-2)>x, ; (k-2)]B(k-1,i-1) | 7 7
(3.5-11)
i=k+1
i (k=1)| m(k=-2)>x, (k~2) 1B(k~1,1) i=1
j (k=1)| m(k-2)<x, _; (k-2)]a(k-1,1) i=k

Prim(k=-1)>x
Prm(k-1)>x
Pr [m(k-1)>x

Region B : K =

[t

}.l

XN+1

Alk,1) =
o

B(k-1,1i-1)

{Pr[m(k—l)jxi_l(k-l)|m(k—2)§xi_2(k—2)]A(k-l,i—l)+3 3<i<k

(k=1)|m(k=-2)<x; _;(k-2)]A(k-1,1)+ 2<i<k-1
.(k—l)lm(k-2)>xi(k—2)]B(k—l,i) '

(3.5-12)

'_l

1
-

i=2
<

Pr [m(k-1) <x, _; (k=-1) |m(k-2)>x; _;(k-2)1B(k-1,i-1)

1

Pr[m(k-1)<x;_; (k=1)|m(k=-2)<x,_, (k=2)]A(k-1,i-1) i=k+1

(3.5-13)
B(k,i) =
o i=1
2r [m(k-1)>x, (k=1) | m(k=2) <x, , (k=2) 1A (k-1,i) +
+ —i-1 2<i<k-1
Pr[m(k-l)>xi(k-l)Im(k—2)>xi (k-2)1B(k-1,1i) =
Pr[m(k-l)>x.(k-l)|m(k—2)<x. (k-2) 1n(k-1,1) i=k
i —~"i-1
0 i=k+1

(3.5-14)
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Region C : k = [INT{k-XN)/2}]-2 + XN

Al(k,i) =

9]

i=(k-XN+2)/2
prm(k-1)<x, _; (k=1) A (k-1,i-1)+ _
+ i=(k-XN+4)/2
Prm(k-1)<x, . (k-1)|m(k-2)>x, . (k~2)]B(k-1,i-1)
—"i=1 i-1
: (3.5-15)

K-XN+6<i<k+XNF.

{Pr[m(k—l)ixi_l(k—l)|m(k—2)§xi_2(k—2)]A(k—l,i—l)?

Pr (m(k-1) <x,_; (k=1) |m(k-2)>x, , (k-2) IB(k-1,i-1) 2 — 7 2
B(k,1) =
Prim(k-1)>x; (k=1)1a(k-1,1)+ i= (k=XN+2) /2
Pr[m(k-1) >x; (k-1) |m(k-2) >x, (k-2) ]B(k-1,1) (3.5-16)
Pr{m(k-1)>x, (k-1) |m(k-2)<x, _, (k-2) JA(k=-1,1i)#H k-XN+4<i< k+XN
i ="i-1 5 — =5
\Prim(k-1)>x; (k-1) |m(k-2) >x; (k-2) 1B (k~-1,1)
A(k-1,1i) i=(k+XN+2) /2

O
otherwise
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Region D: k # [INT‘(Eléﬂ—)]-z + XN

A(k,i) =

B(k~1,i-1) i = (k-%XN+3)/2

A

{ Prim(k-1) < x;_;(k-1)|m(k-2) < x;_,(k-2)]A(k-1,i-1)

+Prm(k-1) < x;_; (k-1)|m(k-2) > xi_l(k—Z)]B(k—l,i—l)J
k—x§+5 <i< k+x§+1 (3.5-17)

Prm(k-1)

| A

xi—l(k'l)lm(k‘z) b Xi_z(k-Z)]A(k—l,i—l)

+Pr[m(k-1) < xi_l(k—l)JB(k—l,i—l)

. kKHEN+3
i= ==

° otherwise

B(k,i) =

:
Pr[m(k—l)>xi(k—l)|m(k-2)§xi_1(k—2)]A(k—l,1)+r K-Ki+3 | loHN-1
2 3

Pr[m(k-l)>xi(k—l)|m(k—2)>xi(k—2)]B(k—l,i)

W
Prm(k-1) >x; (k-1) |m(k-2)<x, _, (k-2)]A(k-1,1)+ K+XN+1

Pf[m(k—l)>xi(k—l)]B(k—l,i) J

. k+XN+3

0 i= ———=
2

0 otherwise

(3.5~-18)



-126-

Knowing the transition probabilities and the
probabilities of the various levels it is possible now to

obtain the autocorrelation function the same way it was

obtained in Section 3.3, namely:

Rx('r) =

Xl(T)Pr[§i2)=xl(T)],...,Xi(T)Pr[X(T)=xi(T)],...]
v [ x, (T+71)
o) T 1
-[Pij[lq ,

L éj(T+r) | (3.5-19)

where xi(T) and Xj(T+T) are the states of the LDM

at times T and T+1 respectively. The term Pr[x(T)=xi(T)]

is the initial condition. P(l) depends only on the input

signal statistics (Egs. (3.5-11)-(3.5-18)) and with a
stationary input signal, P(t1) will depend only on T.

The power spectral density of the discrete signal

can now be found as:

5 =1 jwpT -
5 (wlg = 5 % R (1) e (3.5-20)
where p is the period and d denotes discrete.

However if the continuous time function of the envelope

is available one can find the power spectral density by

using the Fourier transform:
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Sx(w) = J RX(T) enij drt (3.5-21)

3.5-2 Example: Perform the autocorrelation calculation

of a first order Markov input with a Gaussian P df.

Consider an input m(t) with a zero mean joint

Gaussian density function

2 2
xp |- a"=2pafB+B

, 1<p<l
L 202 (1-p%)

P (a,B) =

1
m, ,m he
1772 2ﬂ02¢1—p2

where o is the variance of the random variables ml

(3.5-22)

and m., and p is the covariance coefficient of my and m,

E{m, m,}
L B 1 (3.5-23)
o

Let the LDM response be bounded between +3V and -3V.
Let the step size S be normalized to unity. The maximum
number of levels is found to be 8. The value of the LDM

tree state, at steady state is:

X = {3.5,2.5,1.5,0.5,-0.5,~1.5,-2.5,-3.5} (3.5-24)

Using Egs. (3.9-6), (3.5-11)~(3.5-18), and following
the procedure outlined in Section 3.3, the initial proba-
bilities, with p = 0.99 and 0 = 1 as parameters, are found

to be:
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Pr[x=3.5] = 0.0026, Prlx=-3.5]1 = 0.0026
Pr[x=2.5] = 0.0300, Pr[x=-2.5] = 0.0300
(3.5-25)
Pr{x=1.5] = 0.1465, Pr|x=-1.5] = 0.1465
Pr([x=0.5] = 0.3167, Pr[x=-0.5] = 0.3167

Using Egs. (3.5-11)-(3.5-18), the transition probability

matrix, P(l), is found to be:

—

[0.0855 0 0.9144 0 0 0 0 0 T
0 .2569 0 .7429 0 0 0 0
0.0160 0 .4768 0 .5070 0 0 0
0 .0704 0 .6948 0 .2345 0 0

P(1) = |

— 0 0 .2345 0 .6948 0 .0704 0
0 0 0 .5070 0 .4767 0 .0160
0 0 0 " .7430 0 .2569 0
|0 0 0 0 0 .9144 0 .0855

(3.5-26)

It is clear that the chain is homogeneous. To see if
stationarity holds we proceed as follows: Multiplying the
transition matrix to the 40 -power and the 4l-power the

following matrix was obtained:
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L0051 0 .2933 0 .6340 0 L0601 0 ]
0 .0601 0 .6340 0 .2933 0 .0051
.0051 0 .2933 0 .6340 0 .0601 0
0 .0601 0 .6340 0 .2933 0 .0051
.0051 0 .2933 0 .6340 0 .0601 0
0 .0601 0 .6340 0 .2933 0 .0051

.0051 0 .2933 0 .6340 0 .0601 0

LQ .0601 O .6340 0 .2933 0 .0051 |

(3.5~27)

In Section 3.3 it was mentioned that the set of states

of the LDM tree contains two disjoint sets:

8

X(T) = [{X,x,%:X,},{x,x,x,.%,}]1 = [X,(T),X_(
1737577 27476 8: 0 e T (3.5-28)

Thé zeros in the odd columns correspond to the
probability of a transition from an even state to an odd state.
Since the two sets of states are disjoint, the transition
probability is zero as expected. ; The same result applies
for zeros in the even columns.

Now, P (40) can be transformed into a matrix PT(40)

—
——
———

(see Appendix H) where
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Ppld0) == === == == 7 6ol 6340 .3033 Joosi | (3.5-29)
! ,0601 .6340 .2933 .0051
O | .0601 .6340 .2933 .0051
= }.0601 .6340 .2933 .0051 |
or in shorthand notation:
[ By o
Py (40) = |j=- = = (3.5-30)
p— 2 | ée-l

We observe that all the rows of submatrixé0 are
identical which means that the probability of the LDM
being in odd state X, is independent on starting state,
providing the starting state is from the odd set of
states. However, this is precisely what the limit of
Eg. (G-20) means. Therefore we conclude that since the
limit exists and since the chain is homogeneous, the process
is stationary in the asymptotic (wide) sense.

"Using P(1), initial condition probabilities,

Egs. (3.5-19) and (3.5-25), a correlation coefficient
p of 0.99 and a variance o0 of value 1., the first 12 terms

of the autocorrelation function Rx(r) are:

Rx(O) = 1.25600, RX(4) = 0.00069, Rx(8) = -0.00007
R_ (1) = 0.01502, R_(5) = 0.00021, R_(9) = ~0.00008
X X X (3.5-31)
RX(Z) = (0.00554, Rx(6) = 0.00002, Rx(10) = -0.00008
Rx(3) = (0.00201, Rx(7) =-0.00004, Rx(ll) = -0.00008

The autocorrelation function of the LDM estimate to a

first order Markov input with a zero mean gaussian pdf,
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is plotted in Figs. 3.5-2a to 3.5-2c, where each figure
shows the autocorrelation function plotted for a fixed
value of p and three different values of o.

Results show that when the variance is comparable in
magnitude to the bounds imposed on the LDM response (0=2, N=3),
the autocorrelation of the estimate signal follows an
exponential decay. On the other hand when the variance
is small (0=0.5, N=3), the autocorrelation of the estimate

signal is an impulse.
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8 Case,

Fig, 3,2-2: Stochastic Tree for the L
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Fig, 3.4-6: Autocorrelation Function for Five Values of o,
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Fig, 3.5-2a:The Autocorrelation Function of the LDM Estim ate to a
First Order Markov Input With p=.9 and Three Values of 0.
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Fig, 3,5-2b:The Autocorrelation Function of the LDM Estimate to a First
Order Markov Input With p=.95 and Three Values of o.
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Fig. 3,5-2c:The Autocorrelation Function of the LDM Estimate to a First
Order Markov Input With p=,99 and Three Values of q.



-146-

Chapter 4

4,1 Conclusion

In this dissertation we have designed a programmable
real time ADM voice processor and formuiated the auto-
correlation function of the LDM system.

Design regquirewents established in Chapter 2
include: a) Programmability, that is ability to execute
instructions stored in memory. b) Fast instruction
execution time. Since a complete processing cycle is
less than 20 usec an upper bound on instruction execution
time was set to 160 nsec to enable the execution of 125
instructions/sample at 50 kHz sampling rate. c) Full
duplex operation, that is the capability of simultaneously
dealing with analog signals as well as with digital
information. Since a transmitter and a receiver must be
implemented, in most cases, on each side of a
‘communication channel. Only the bit~slice class of cpu's
meet requirement b. Of the three different bit-slices
available, the Intel-3002 2 bit slice, lends itself, almost
naturally, to a full duplex mode of Opera£ion with an
instruction set which is versatile, yet simple, enough to
allowAsuch operation. Since the instruction cycle time is
comparable to the other two bit-slices, the Intel 3002
2 bit slice was chosen. The voice processor as seen in

Fig.2.2-5 has four major components: the CPU consisting
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of five 2-bit slices allowing for a 1l0-bit dynamic
resolution; the instruction memory containing the
instruction set (12 bit words); the PC controlling
instruction execution order; and the I/0 devices
éonsisting of 10-bits A/D and D/A converters.

The SVADM is implemented as an example of an
ICDM. Flow chart implementation of encoder—decoder
is shown in Figs. 2.3-2 and 2.3-2; with explanation
of system operation. A solution to transmitter-
receiver synchronization problem in the form of a
leaky accumulator is shown and implemented in Fig.
2,3~1. Effects of channel errors on receiver
operation are shown in Fig.2.3-10. To minimize such
effects, saturation logic was incorporated in the
receiver design. Response of a SVADM recelver
employing a leaky accumulator and saturation logic
was demonstrated in Fig.2.3-14. The smoothing action
‘of an averaging filter seemed to improve voice quality
at low sampling rates. However, using look ahead
with SVADM algorithm did not seem to improve receiver
performance. The CVSD was implemented as an example
of a SCDM. Flow chart implementation of encoder-decoder
wag shown in Figs, 2.7-1 and 2.7-2, with explanation of
system operation. Response of the CVSD encoder algorithm
to voice input was demonstrated in Fig.2.4-3 for

different sampling rates.



A switching receiver implementation, allowing
communication between the CVSD and the SVADM systems,
was designed and shown in Fiyg.3.5~-2. 3ince 50% of
speech is silence, the e(k) pattern, which is unigue
to each system was used to detect and identify which
of the two algorithms currently operating.

In Chapter 3 we modeled the LDIM system
probabilistically. A Markov chain approach is used
in obtaining the autocorrelation function of the LDM
algorithm, without assuming that granular noise and
slope overload noise are independent. An algorithm,
to obtain the transition probabilities matrix and the
steady state level probabilities, was developed for
the zero-order and first-order Markov cases.
Transition probabilities were shown to be a function
of the input statistics alone. FKnowledge of the
transition probabilities matrix and the steady state
'level probabilities enabled the calculation of the
autocorrelation function of the estimate signal.

For the uniform, zero-order Markov case the auto-
correlation function was found to be an exponential
decay indicating that for such an input the LDM acts
as a low pass filter. For a white Gaussian input
the function was found to be an impulse indicating
that for such an input the LDM acts as an all pass

filter. For the first order Markov-Gauss input the
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autocorrelation function was found to be an impulse
when the variance was small compared to the bounds
on the response and an exponential decay when the
variance was coumparable in magnitude to the imposed
bounds. Results were demonstrated in Figs.3.5-2a-

30 5"'20.
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4.2 Sugyestions for future research.

The voice processor is capable of storing DM
algorithms and selecting a specified algorithm.
In a communication link in which the other party
employs one of the stored algorithms, the other
party initially transmits a code indicating the
desired algorithm, the voice processor receives
the code and ewmploys the selected algorithm. The
guestion arises as to whether we can "learn", by
receiving some prescribed "test-pattern", the
algorithm employed. If we examine the spectrum
of the bit stream transmitted by a DM encoder, we
find that the spectrum has a component proportional
to the original signal, Hence; if we low~pass filter
the received bit stream, the input signal can be
recovered although distorted. Such a procedure is
equivalent to assuming that the delta modulator is
linear and the step-size is always constant. If the
stepsizes are now adjusted so as to minimize the
distortion, we will have obtained the step=-size
algorithm. Such a technique can be employed to learn
algorithms. Furthermore, most users employ one of
two basic algorithms, ICDM's algorithm or SCDM's

algorithm. If a user is known a priori to ewmploy one

~150-
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of the two algorithms it is an easy matter to determine
" the parameters of his system. It is left for further
research to devise "learning" technigues whereby the
voice processor can constract a receiver capable of
decoding a received bit stream.

Yet another area of interest is the study of
adaptive predictive coders (APC). With the introduction
of fast hardware multipliers (a 16 by 16 multiplication
in 120 nsec) and fast memories {(typical access time of
ECL memories is 15 nsec), the voice processor can be
modified to include above options and thus programmable
correlation receivers employing APC algorithms can be

designed and tested in real time,



Appendix A

Instruction Set
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Mnemonic

lachine Code

Description

Arithmetic Operations

ILR X 0001 =xxxx CI0Ll0 CI+({x)~> Ac,X

ADD X 0000 xxxx CI010 CI+(x)+(Ac)~ Ac,X
CSR X 0101 xxxx CI0Ll0 |CI-1+ X

SDR X 0100 xxxx CI010 (Ac)-14+CI~+ X

INR X 0111 =xxxx CIOLO (X)+CI+ %

ADR X 0110 xxxx CIO010 (X)+(Ac)+CI+ X
CLR X 1001 =xxxx 1010 o+ X

NOP X 1101 =xxxx 1010 (x)+ X

CMR X 1111 xxxx 1010 (X)» X

RRA Y 0001 yyyy 1010 y(o)»y(n-1),»y(n-i}+y(n-i-1)
cIa Y 0011 yyyy CI010 (P)+CI~> vy

DCA Y 0010 yyyy CI010 (y)-1+CI+ y

INA Y 0111 yyyy <1010 (y)+CI~> y

NOP ¥ 1101 yyyy CI010 (y)+y

CMA Y 1111 yyyy 1010 (y) >y

Logic operations

ANR X 1000 xxxx 1010 (x) A(Ac)»x
ORR X 1100 xxxx 1010 (x)V (Ac)»x
%NR X 1110 =xxxx 1010 (x) (+) (Ac)+x
ANI v 1000 yyyy 1010 (y) A(T) >y
ORI v 1100 yyyy 1010 (vIV(I)->y
XNI vy 1110 yyyy 1010 (y) (+) (T) »y
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Input Operations

LDI Y 0100 yyyy CI0L0| (T)=-1+CI~Y
AIA Y 0110 vyyy CI010 | (I)+CI+Y-Y
AMA z | 0000 2222 CI010 | (M)+(2)+CI+2
ILDI 7 0001 2222 €1010 | (DI)pmep*Zycpr CI*Zpap 2;=0 i#l,n-1
LDE Z 1101 2227 1010 | (DI)+Zpen , 2:i=0 iZn-1
LOD Z 1111 2222 1010 (DI)*Zygp , 2j=]1 iFn-1
Dutput Operations
Out Ac 1101 0000 1000} (Ac)—+ D/A
Oout X4 0011 XAXX L0101 B)ysn> Digital output
Branching Operations
JMP LOC |A7ArAcAs A4A3A5A7 1011| unconditional jump to location
SKP AC A7AgAgdsA3RANIA, . Next instruction

is to be skipped if (Ac)20,
providing the instruction to be
skipped is not a jump instruction.
If it is, then the jump condition
is on neyative accumulator content

fi.e. (Ac)<0l].

X Y and 72 are chosen from table Al. I is a 10 bit

sampled analog input.

Ac is the accumulator




'

Z group

{ group y group
X XXXX Y vYYY Z 2222
Ro 0000 T 1110 T 1010
R1 0001 Ac 1111 Ac 1011
Ro> 0010
R3 0011
Rq 0100
Re 0101
Re 0110
R7 011l
R 1000
Rg 1001
T 1100
e 1101
Table Al: Registers

codes
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SVADMN Incoder - Decoder Programs
C-1 SVADM Encoder
Ry = m(k) Rgq = s(k) Rg = e (k-1)
Address lnemonic Machine Code Description
xmitter ILg R4 0001 0100 1010
SDR T 0100 1100 0010
SPA 0000 1101 1110
CIA T 0011 1110 0010} [s(k)-T
ILR Rz 0001 0011 1010 (k) >Ac
AIA _ Ac 0110 1111 0010 m (k) =m (k) >Ac
SDR  Rg 0100 0101 0010
SPA 0000 1101 1110
cia T 0011 1110 0010
cia T 0011 1110 0010 | [s(k)e(k)-T
ILR  Rg 0001 0110 1010 ] Soe(k-1)~+ Ac
ADD T 0000 1100 1010 s(k+1l)> Ac,T
SDR Ry 0100 0100 0010 s (k+1)~> Rs
ILR  Ri 0001 0011 1010 D(k)~> Ac
ADD T 0000 1100 1010 fi(k+1)+ Ac,T
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Address Mnemonic Machine Code Description
SDR Rq 0100 0011 0010 m(k+1l) R3
CMR Ac 1111 110l 1lg0lo
output m(k+1l). Optional,re-
out D/A 1101 0000 1000| place by a NOP when not needed
ILR  Re 0001 010l 1010
out Apn 0011 1101 1010 output digital bit.
CSR T 0101 1100 1010 -1 T
SPA 0000 110l 11lo0
CIA T 0011 1110 0010 e(k)> T
ILR T 0001 1100 1010
SDR  Rg 0100 0110 0010| delay e(k) as e(k-1l)»Rg
Jmp WAIT 1111 1111 101l wait for new input sample
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C-2 SVAaDil Decoderx

Ry = e(k-1), R, = &(k) , Rg = s (k)

Aldress Ilnemonic lachine Code Description

RCVR ILR 28 10001 1000 1010 s (k) ac

SDR T 0100 1100 o0Oo0lcC s(k)~> T, Ac

SPA 0000 1101 1110
CIA T 0011 1110 0010 s (k)T
IDC Ac }1101 1011 1010 (DI)~(Ac) yar

SDR RS 0100 0101 0010] Temporarily store e(k) in Re

SPA 0000 1101 1110

CIA T 001l 1110 0010

CIA T 0011 1110 0010 [s(k)]|e(k) T

ILR T 0001 1100 1010

SDR  Rg |0100 1000 0010 | s (k)}>e (k) > Rg
CSR T 0101 1100 1010 -1 -T
ILR Rj 0001 0COl 101C e(k=1)~ Ac
SDR  Rg 0000 1000 1010 s (k+1)~+ RgAc
Jmp leak

Back Jiap Sat

cont ILR R7_ 0001 0111 1010 m(k+1) > Ac

CMA Ac 1111 1111 1¢1l0

out D/A 1101 0000 1000 output RCVR estimate




Address Anemonic tlachine Code Description
ILR Ry 0001 0101 1010
CSR T 0101 1lc0 1010
SPA 0000 1101 1l1o0
CIa T 001l 1110 0010
ILR T 0001 1100 1010
SDR R1 0100 0001 0010| delay e(k) as el(k~l)-> Ry
Jmp  Wait 1111 1111 1011




C~3 Leaky Integrator
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In this program the estimate (k) will leak off towards O volts

in steps of 10 mvV if

the signs of

s (k+1) and fi(k) are the

same,
Address | ‘inemonic iiachine Code Description

Leak ILR R 0001 1000 1010 s (k+1)+Ac
SDR T 0100 1100 0010 s (k+1)~>2c,T
1ILR R7 0001 0111 1010| m(k)> Ac
XNR T 1110 1100 lolo| fi(k) CJDS‘ (k+1)->T
ILR T 0001 1100 1010
SNA 0000 1101 1110
J1np Back signs not same
ILR  R9 0001 0111 1010 signs the same, n(k)->Ac
SNAv 0000 1101 1110
Jop Pos m(k) >o
INR  R7 0111 0111 0010] (k)<o ,m(k)=m(k)+1
Jmp Back

Pos CSR  Ac 0101 1101 1010 (=1)-+Ac
ADD  R7 0000 0111 1010 m (k) =i (k) -1
Jmp Back
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C-4 Saturation Logic Program
Address Mnemonic tlachine Code Description

Sat ILR Ry 0001 0111 1010] T(k)»ac
SNA 0000 1101 1110
Jmp _ GEQ (k) >o
ILR  Rg 0001 1000 1010} m(k)<o, s(k+l)=Ac
SNA 0000 1101 1110
Jmp cont s (k+1) >0, (k) <o
ILR  Rg 0001 1000 10l0| m(k)<o, s(k+l)<o
ADD R7 0000 0111 1010| m(k+l)> R7, Ac
5NA 0000 1101 1110
Jmp sat neqg| m(k+1) >0
iJmp cont m(k+1) <o

Satneg 'CLR Ac 1001 1101 1010
EINR Ac 0111 1101 0010
RRA Ac 0001 1111 1010
SDR __R7 0100 0111 0010] (512),4*R7, m(k+l)rmost neg.
Jnp cont

GEQ ILR  R3 0001 1000 1010| f(k)>o , s(k+l)> Ac
SNA 0000 1101 1110
Jnp Prob s{k+l)>o , ﬁ(k)zo
Jip cont s (k+1)<o , fa(k)>o
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Address Mnemonic Hachine Code Description
Prob 1LR Ry 0001 1000 1010
ADD R7 0000 0111 1010 m(k+1)>R7 , Ac

0000 1101 11190

n(k+l) >0

CLR  ac 1001 1101 1010 | m(k+l)<o,s (k+1)>0,m(k) >0
IHR  Ac 0111 1101 0010
RRA  Ac 0001 1111 1010
CMA  Ac 1111 1111 1010
S5DR R+ 0100 011l 0010

JMP cont




Appendix D

SVADM encoder w~ith 2-bit delayed encoding

Delayed encoding algoxrithm:

[s(k)|>zso

Ak+1) = a0+ s (k) |+ Soe(k-1) m(k+2) =m(k)+So
ak+1) = AK)=|s (k) |+ soe(k-1) m(k+2)" =m(k)-So

Sos|s (k) |s2s0

f(k+1) =m(k)+50 m(k+2) =m(k) e(k-1)=-1

m(k+1)/=m(k)~|s (k) |-So m(k+2)"” =m(k)-So

A(k+1)=m (k) +|s(k)J+So  m(k+2)'=R(k)+50 e (k-1)=1
m(k+1)" =fh(k)-so0 m(k+2)" =f(k)
A= |mk+D) -R(k+1) | 47" =|m(k+l)-m(k+1]]
a7= |mk+2)-m(k+2)' | 8, =[m(k+2) - (k2]
py=bi-b{’ b= bo-b2'

1 B +,20
e(k)=

1 A1+85%0
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D.1l-1

D.1-2

D.1l-5
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Ro= s(k), R1= e(k-1), Ry=m(k), R3=m(k+l), Rg=e(k), Rg=|S (k)|

Address Mnemonic rlachine Code. Description
Start ILR  Rg 0001 0000 1010
SDR T 0100 1100 0010
SPA 0000 1101 1110
CIA T 0011 1110 0010
ILR 7T 0001 1100 1010
SDR R 0100 0000 0010| [s (k) |-Rg
SDR  Rg 0100 0110 0010} [s(kx)]|-Rg, ac
CLR T 1001 1100 1010
INR T 0111 1100 0010
INR T 0111 1100 0010
CIA Ac 0011 1111 0010} -}s(kx)> Ac
ADD T 0000 1100 1010
SNA 0000 1101 1110
Jmp Less Is(k)<2 o,
ILR  Ro 0001 0010 1010 ||s(k) > , m(k)~> Ac
SDR T 0100 1100 0010 a(k)> T
ILR  Rg 0001 0000 1010 [s (k) |+ Ac
ADD T 0000 1100 1010 s (k) |[+fi(k)> T, Ac
ILR  R]1 0001 0001 1010 e(k-1)+ Ac
ADD T 0000 1100 1010 m(k+1) + T, Ac
cia T 0011 1110 0010) -A(k+1) + T
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Address Mnemonic ilachine Code Description
ILR R3 0001 .0011 1010 m{k+1l)~> Ac
ADD T 0000 1100 1010) m(k+l)-m(k+l) = 81T, Ac
SPA 0000 1101 1110
CIA T 0011 1110 0010f Ai» T
ILR T 0001 1100 1010} A1+ ac,T
SDR R4 0100 0100 0010} i+ Ra
ILR R, 0001 0010 1010] i(k)~> ac
SDR T 0100 1100 0010) m(k)> T
ILR  Rg 0001 0000 1010 Is (k) |»Ac
CIA  Ac 0011 1111 0010
ADD T 0000 1100 1010
ILR Ry 0001 0001 1010
ADD T 00001100 1010
IIR Rz 0001 0011 1010
cIa T 0011 1110 0010
ADD T 0000 1100 1010
SPA 0000 1101 1110
cin T 0011 1110 0010
CIa T 0011 1110 0010
ILR T 0001 1100 1010] -4 -+ &ac
ADD R4 0000 0100 1010 Aj=ah-A1 R4
ILR Ry 0001 0010 1010
INR  ac 0111 1101 0010
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L Address finemonic Machine Code Description
ATIA Ac 0110 1111 0010
SDR T 0100 1100 o001lo0
SPA 0000 1101 1110
CIA T 0011 1110 0010
ILR T 0001 1100 1010| &b~ ac
ADD Ry, 0000 0100 1010} A31+AD> Ry
ILR Ro 0001 (0010 10l0
CSR T 010l 1100 1010
ADD T 0000 1100 101lc
ATIA Ac 0110 1111 0010
SDR T 0100 1100 0010
SPA 0000 1101 1110
CIA T 0011 1110 0010
CIA T 0011 1110 0010
ILR T 0001 1100 1010| =- A% » ac
ADD R4 0000 0100 1o01lcC A1+Ao> Ry
Jmp cont

Less ILR Rn 0001 0000 1010
SDR T 0100 1100 0010
ILR R1 000l 0001 1010
SPA 0000 1101 1110
CLR T 1001 1100 1010
ILR Ry 0001 0010 1010
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Address Mnemonic llachine Code Description
apb T 0000 1100 1010
INR T 0111 1100 0010
ILR R3[| 0001 0011 1010
CIA T 0011 1110 0010
ADD T 0000 1100 1010
SPA 0000 1101 1110
cIa T 0011 1110 0010
ILR T 0001 1100 1010 | 41~ ac
SDR Ry 0100 0100 0010 | 2;+ Ry
ILR  Rg 0001 0000 1010
SDR T 0100 1100 0010
CIA T 0011 1110 0010
ILR Ry | 0001 0001 1010
CIA Ac |o00l1l 1111 0010
SPA 0000 1101 1110
CLR T 1001 1100 1010
ILR R, 0001 0010 1010
ADD T 0000 1100 1010
CSR T 0101 1100 1010
ADD T 0000 1100 1010
ILR  Ra 0001 0011 1010
CIA T 0011 1110 0010
ADD T 0000 1100 1010
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Address Mnemonic Machine Code Description

SPA 0000 1101 1110

CIA T 0011 1110 0010

CIA T 0011 1110 0010

IIR T 0001 1100 1010 -A1+ Ac
ADD Ry 0000 0100 1010 A1~> R4
ILR  R? 0001 0010 1010

SDR T 0100 1100 0010

ILR Ry 0001 0001 1010

CIA Ac 0011 1111 0010

SPA 0000 1101 1110

INR T 0111 1100 0010

ILR T 0001 1100 1010

AIA  Ac 0110 1111 0010

SDR T 0100 1100 0010

SPA 0000 1101 1110

CIA T 0011 1110 0010

ILR T 0001 1100 1010 ph~ ne
ADD Ry 0000 0100 1010 A1 +bhoRg
CLR T 1001 1100 1010

ILR Ry 0001 0001 1010

SPA 0000 1101 1110

INR T 0111 1100 0010

CInA T 0011 1110 0010
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Address Mnemonic Machine Code Description
ILR _ R2 0001 0010 1010
ADD T 0000 1100 1010
ILR T 0001 1100 1010
AIA AC 0110 1111 0010
SDR T 0100 1100 0010
SPA 0000 1101 1110
CIA T 0011 1110 0010
CIA T 0011 1110 0010| =~ A, > T
ILR T 0001 1100 1010| = A, = AC
ADD R4 0000 0100 1010 (| Ay + A, + R4
cont ILR R4 0001 0100 1010
CSR T 0101 1100 1010
SPA 0000 1101 1110
ciaA T 0011 1110 0010
ILR T 0001 1100 1010
SDR R4 0100 0100 0010| e(k) - R4
RRA  AC 0001 1111 1010
CLR T 1001 1100 1010
INR T 0111 1100 0010
ANR T 1000 1100 1010
ILR RS 0001 0101 1010
ADD AC 0000 1101 1010
ADD T 0000 1100 1010
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Address Mnemonic Machine Code Description
SDR RS 0100 0101 0010
ILR Ry 0601 0000 1010
SDR T 0100 1100 0010
ILR R4 0001 0lo0 1010
SPA 0000 1101 1110
ciIa T 0011 1110 0010
ILR T 0001 1100 1010} |s(k)]e(k) = Ac
ADD R1 0000 0001 1010
SDR RO 0100 0000 0010 s(k+1) -~ RO
SDR T 0100 1100 0010
SPA 0000 1101 1110
ciIa T 0011 1110 0010
CSR AC 0101 1101 1010
ADD T 0000 1100 1010
SNA 0000 1101 1110
JMP  Large sk + 1)| > s
CSR T 0101 1100 1010
ILR R4 0001 0100 1010
SDR R1 0100 0001 0010 delay e(k) as
e(k-1) » Rl
SPA 0000 1101 1110
CIA T 0011 1110 010
CIA T 0011 1110 010
ILR T 0001 1100 1010




-175-

Address Mnemonic Machine Code Description
SDR RO 0100 0000 0010 soe(k) > Ry
Large ILR R6 0001 0110 1010
SDR T 0100 1100 0010
CLR AC 1001 1101 1010
INR AC 0111 1101 0010
INR AC 0111 1101 0010
cIa AC 0011 1111 0010
ADD T 0000 1100 1010
SNA 0000 1101 1110
JMP NOSS
ILR R5 0001 0101 1010 |[s(k)]|= s,
RRA AC 0001 1111 1010
SDR T 0100 1100 0010
SNA 0000 1101 1110
JMP ZEK e(k) = -1
RRA T 0001 1110 1010 e(k) = 1
ILR T 0001 1100 1010
SNA 0000 1101 1110
JMP NOSS
RRA T 0001 1110 1010
ILR T 0001 1100 1010
SNA 0000 1101 1110

JMP NP1
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Address Mnemonic Machine Code Description
JMP NOSS

same RRA T 0001 1110 1010
ILR T 0001 1100 1010
SNA 0000 1101 1110
JMP NOSS
RRA T 0001 1110 1010
ILR T 0001 1100 1010
SNA 0000 1101 1110
JMP NP1
JMP NOSS

NP1 RRA T 0001 1110 1010
ILR T 0001 1100 1010
SNA 0000 1101 1110
JMP NOSS
RRA T 0001 1110 1010
ILR T 0001 1100 1010
SNA 0000 1101 1110
~JMP NP2
JMP NOSS

NP2 RRA T 0001 1110 1010
ILR T 0001 1100 1010
SNA 0000 1101 1110

JMP

NOSS
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Address Mnemonic Machine Code Description
RRA T 0001 1110 1010
ILR T 0001 1100 1010
SNA 0000 1101 1110
JMP NP3
JMP NOSS

NP3 RRA T 0001 1110 1010
ILR T 0001 1100 1010
SNA OOOQ 1101 1110
JMP NOSS
JMP SS

ZEK RRA T 0001 1110 1010
ILR T 0001 1100 1010
SNA 0000 1101 1110
JMP same
JMP NOSS

SS CLR AC 1001 1101 1010
INR AC 0111 1101 0010
ADC AC 0000 1101 0010
ADD AC 0000 1101 1010
INR AC 0111 1101 0010
INR AC 0111 1101 0010
INR AC 0111 1101 0010
INR AC 0111 1101 0010
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Address pMnemonic tachine Code Description
SDR T 0100 1100 0010
ILR Ry 0001 0100 1010
SPA 0000 1101 1110
CIA T 0011 1110 0010
ILR T 0001 1100 1010
SDR Rp 0100 0000 0010
WOS S ILR Ry 0001 0000 1010
ADD RY) 0000 0010 1010
CMA Ac 1111 1111 1010
out D/A 1101 0000 1000
LDI Ac 0100 1111 0010
CMA  Ac 1111 1111 1010
SDR R3 0100 0011 0010
ILR Ry 0001 0100 1010
SDR R1 0100 0001 0010
Jmp WAIT 1111 1111 1011
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CVED Xmitter Algorithm
(R1) = s(k) , (R2) = f(k) , (R3) = e(k) , (R4) = e(k-1), (R5) = e(k-2)
o= 0.95 5; = 200 @ so = 10 mV 5; (1-0) = 10 awv
Address rMnemonic llachine Code Description

Start ILR  Ro 0001 0010 1010 | m(k)> Ac

ATA  Ac 0110 1111 0010 | i(k)-m(k)+ Ac

CSR T 0101 1100 1010

SPA 0000 1101 1110

CIA T 0011 1110 0010

CIA T 001l 1110 0010 e(k)~ T

ILR T 0001 1100 1010

SDR  Rj3 0100 0011 0010 | e(k)> R3

ILR R 0001 0001 1010 s (k)» Ac

SDR T 0100 1100 0010

SPA 0000 1101 1110

CIA T 0011 1110 0010

ILR T 0001 1100 1010

SDR Rl 0100 0001 0010 |s (k) |~ R1

CLR Ac 1001 1101 1010

INR  Ac 0111 1101 0010

ADC Ac 0000 1101 0010

ADC  Ac 0000 1101 0010

ADC  Ac 0000 1101 0010
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Address Mnemonic |lachine Code Description
ADC  aAc 0000 1101 0010
ADC  ac 0000 1101 0010
SDR T 0100 1100 0010 0000111111~> T
ILR R1 0001 0001 1010 lsk)|> ac
RRA  ac (0001 1111 1010
RRA  Ac  foool 1111 1o01lo0
RRA ac 0001 1111 1010
RRA ac |0001 1111 1010
ANR T 1000 1100 1010 I%ls(k)|+ T
CIA T 0011 1110 0010
ILR  R1  [0001 0001 1010
ADD T 10000 1100 1010 | |s (k) |-els (ol=als (k)> T,ac
SDR Rl 0100 0001 0010 ale G+ B3
ILR  R3 f000l 001l 1010
SNA 0000 1101 1110
Jmp POS1 e(k}>x o0
ILR R4 0001 0100 1010 e(k)< o
SNA 0000 1101 1110
Jup Disch e(k)<o, e(k-1)20
ILR  R5 0001 €101 1010 e(k)<o, e(k-1)<o
SHA 0000 1101 1110

Jmp Disch

e(k)<o,e(k=1)<0,e(k+2)>0

Jnp _ _Charge

e(k)<o,e(k~1) <o, e(k-2)<o
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Address Mnemonic Machine Code Description

POS1 ILR Ry 0001 0100 1010 e(k)>o

SNA 0000 1101 1110

Jmp  Pos2 e(k)zo elk-l)»o0

Jmp Disch e(k)>0 e(k-1l)<o
bos? IR me | 0001 010l 1010 | e(k)zo e (k=1)20

SNA 0000 1101 1110

Jup chaige e(k)20,e(k-1)20,e(k-2)20
Disch. CLR Ac 1001 1101 1010

NR  Ac 0111 110l 0010

SDR T 0100 1100 0010 So> T

ILR R, 0001 0001 1010 | alS(k)l> _Ac

CIA T 0011 1110 0010 -So> T

ADD T 0000 1100 1010 als (k)| =So» T

SHA  Ac 0000 1101 1110

Jmp  large ols (k) | >80

CLR Ac 1001 1101 1010 | als(k)|<So

INR  Ac 0111 1101‘ 0010

SDR  Rj 0100 0001 0010 So-+ Rj
Large ILR  Rjy 0001 0001 1010

SDR T 0100 1100 0010

ILR  R3 0001 0011 1010

SPA 0000 1101 1110

CiIa T 0011 1110 0010
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Address inemonic tlachine Code Description

1LR T 0001 1100 1010
SDR R1 0100 0001 0010 s (k+1)+ R1
Jmp Estimate

charge 1NR Rl 0111 0001 0010 |s(k+l)=als(k)+so
Jnp Large

Cstimate SNA 0000 1101 1110
Jmp  Pskl s(k+l) 20
1LR R2 0001 0010 10190 s(k+1) <o
SHA 0000 1101 1110
Jump Pk s (k+1) <o, m(k) 20
1LR Rl 0001 0001 1010 |s(k+l)<o, m(k)<o
ADR R2 0000 0010 1lo0lo0
SNA 0000 1101 1110
Jnp Negsat s (k+1) <o f(k) <o m(k+1l)z0
JIp Oout

negsat CLR Ac 1001 110l 1lo0lo
INR Ac 0111 1101 0010
RRA Ac 0001 1111 1010
SDR___ R2 0100 0010 0010 |m(x+1)=1000000000+ R)
Jmp out

itk 1LR Rl 0001 ' 0001 1010 |s(k*l)<o ii(k)2o
ADR  R2 0000 0010 1010 |m(k+l) — R2
Jmp Qut
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Address Mnemonic Machine code Description
Pskl 1LR  R2 0001 0010 1010 | < (x+1)20
SHA 0000 1101 1110
Jmp posmk s(k+l)z0 f(k)3zo
1LR Rl 0001 0001 1010 |s(k+l)zo0 n(k)<o
ADR  R2 0000 0010 1010 |fa(k+})> Ro
Jmp out
posmk 1LR  R1 0001 0001 1010 |s(k+1)>o0 wn(k)>o
ADR  R2 0000 0010 1010 |[A(k+1)~+ Ro
SNA 0000 1101 1110
Jmp out @ (k+1) 30
CLR Ac 1001 1101 1010 |m(k+1)<o
INR Ac 0111 1101 0010
RRA Ac 0001 ,1111 1010
CMA Ac 1111 1111 1010
SDR _ R2 0100 0010 0010 |0111111111= m(k+l)> Ro
out 1LR  R2 0001 0010 1010
CMA Ac 1111 1111 1010
OUT D/A 1101 0000 1000
1ILR R4 0001 0100 1010
SDR  R5 0100° 0101' 0010 | delay e(k) as e(k=1)
ILR  R3 0001 0011 1010
SDR 24 0100 0100 00610 delay e(k=-1) as e(k-2)
WAIT 1111- 1111 1011 Wait for new sample




A
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Address Mnemonic Machine Code Description
INTTIA L CLR RG 1001 0000 1010
CLR Rl 1001 0001 1010
CLR AC 1001 1101 1010
INR AC 0111 1101 0010
SDR T 0100 1100 0010
ADD AC 0000 1101 0010
ADD AC 0000 1101 1010
ADD AC 0000 1101 1010
ADD AC 0000 1101 0010
ADD AC 0000 1101 0010
ADD AC 0000 1101 1010
ADD AC 0000 1101 1010
SDR R, 0100 0111 0010 (R7)=0011001100
ADD AC 0000 1101 0010
ADD AC 0000 1101 0010
SDR R8 0100 1000 0010 (R8)=1100110011 .
ILR T 0001 1100 1010
ADD AC 0000 1101 1010
ADD AC 0000 1101 0010
ADD AC 0000 1101 1010
ADD AC 0000 1101 0010
ADD AC 0000 1101 1010
ADD AC 0000 1101 0010
ADD AC 0000 1101 1010
ADD AC 0000 1101 0010
SDR Rg 0100 1001. 0010 (R9)=0101010101
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Address Mnemonic Machine Code Description

START ILR Rl 0001 0001 1010
SDR T 0100 1100 0010
RRA T 0001 1110 1010
CLR AC 1001 1101 1010
INR AC 0111 1101 0010
RRA AC 0001 1111 1010
CMA AC 1111 1111 1010
ANR T 1000 1100 1010
ILR T 0001 1100 1010

MSB of R, is ready to

SDR R1 0100 0001 0010 accept LSB of R2
ILR R2 0001 0010 1010
RRA AC 0001 1111 1010
SDR R2 0100 0010 0010
CLR T 1001 1100 1010
INR T 0111 1100 0010
RRA T 0001 1110 1010
ANR T 1000 1100 1010
ILR T 0001 1100 1010
ORR R1 1100 0001 1010
CLR AC 1001 1101 1010
INR AC 0111 1101 0010
RRA AC 0001 1111 1010
CMA AC 1111 1111 1010
ANR R2 1000 0010 1010
LTM AC 0101 1011 1010
ANR R2 1000 0010 1010
ILR RO 0001 0000 1010
RRA AC 0001 1111 1010
SNA 0000 1101 1110
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Address Mnemonic Machine Code Description

JMP NO LSB R0=0

ILR RO 0001 0000 1010 LSB R0=1

SNA 0000 1101 1110

JMP SVADM MSB R0=O

JMP CVSD MSB RO=1
NO ILR Rl 0001 0001 1010

SDR T 0100 1100 0010

ILR R9 0001 1001 1010

CIA T 0011 1110 0010

ADD T 0000 1100 1010

SNA 0000 1101 1110

JMP AGAIN1

JMP NOZ1 (Rl)%(Rg)
A GAIN1 ILR R9 0001 1001 1010

SDR T 0100 1100 0010

ILR R1 0001 0001 1010

CIA T 0011 1110 0010

ADD T 0000 1100 1010

SNA 0000 1101 1110

JMP ZER1 (R1)=(R9)
NOZ1 ILR R, 0001 0001 1010 (R1)¢(Rg)

SDR T 0100 1100 0010

ILR R8 0001 1000 1010

CIA T 0011 1110 0010

ADD T 0000 1100 1010

SNA 0000 1101 1110

JMP AGAIN2
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[Address Mnemonic Machine Code Description

JMP WAIT 1111 1111 1011 (Rl)%(Rg)
AGAIN2 ILR Ry 0001 1000 1010

SDR_T 0100 1100 0010

ILR R, 0001 0001 1010

CIA T 0011 1110 0010

ADD T 0000 1100 1010

SNA 0000 1101 1110

JMP ZER2 (R)=(Rg)

JMP WAIT 1111 1111 1011 (31)76(128)
ZER2 ILR R, 0001 0010 1010

SDR 0100 1100 0010

ILR R, 0001 0111 1010

CIA T 0011 1110 0010

ADD T 0000 1100 1010

SNA 0000 1101 1110

JMP AGAIN3

JMP WAIT 1111 1111 1011 (R2)~;£(R7)
A GAIN3 ILR R, 0001 0111 1010

SDR_T 0100 1100 0010

ILR R, 0001 0010 1010

CIA T 0011 1110 0010

ADD T 0000 1100 1010

SNA 0000 1101 1110

JMP YESI (Ry)=(R,)

JMP WAIT 1111 1111 1011 (Rz)#(R,?)
YES1 CLR AC 1001 1101 1010

INR_AC 0111 1101 0010
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Address Mnemonic Machine Code Description
ORR RO 1100 0000 1010 LSB R0=1
ANR RO }000 0000 1010 MSB RO=0
JMP SVADM
ZER1 ILR R2 0001 0010 1010
SDR T 0100 1100 0010
ILR Rg 0001 1001 1010
CIA T 0011 1110 0010
ADD T 0000 1100 1010
SNA 0000 1101 1110
JMP AGAIN4
JMP WAIT 1111 1111 1011 (32)75(129)
AGAIN4 ILR R9 0001 1001 1010
SDR T 0100 1100 0010
ILR R2 0001 0010 1010
ClIA T 0011 1110 0010
ADD T 0000 1100 1010
SNA 0000 1101 1110
JMP YES2 (R2)=(R9)
JMP WAIT 1111 1111 1011 (R2)74(R9)
YES2 CLR AC 1001 1101 1010
INR AC 0111 1101 0010
ORR RO 1100 0000 1010 LSB RO=1
RRA AC 0001 1111 1010
ORR RO 1}00 0000 1010 MSB R0=1
JMP CVSD
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APPENDIX G

MARKOV SEQUENCES AND CHAINS

1. Markov Sequences

Definitions:

A sequence X, of random variables is called Markov-l

(first order Markov) if for any n we have:

F(anxn—lxn—Z"'xl) = F(xnlxn_l) » ¥ discrete (G-la)

f(xnlxn—lxn—Z"'Xl) = f(xnlxn_l) » X%, continuous (G-1b)

Therefore the joint distribution of gn is determined by

f(xl) and the transitional densities:

£(x),Xge0.% ) = f(xnlxn—l)f(xn—llxn—2) |
e f(lexl) f(xl) (G-2)

Properties
1. A Markov sequence is Markov also in the reverse
direction:

Elxgfxyxg. 0% ) = £(x,]x,) (G-3)

Proof:

F(XqXnXg.eeeX)
19273 n
F(xX | xXaXqe. %)
ll 273 n f(x2x3...xn)

f(xnlxn~l)f(xn—len—2)"'f(x2Lxl)f(X1)
f(xnlxn_l)f(xn_l'xn_z)...f(x3|x2)f(x2)

f(xle) f(xlixz)f(xz)
T Tx,) Exy) = £(xy]| x,)
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2. From (G-l1) we conclude that:
E{x |x _;.--%;} = BElx |x ;] (G-4)

3. In a Markov sequence one might say that if the present
is known, then the past is independent of the future.

Ifn>r > s, then:
£(x x| %) = £(x |x) £(x]|x) (G-5)

4, A Markov sequence is called homogeneous if the

conditional density f(xnlxn_l) is indepenent of n.
fxn(alxn~l = B) = function(a,B) (G-6)

5. A Markov sequence is stationary if it is homogeneous

and all of the R. V. X, have the same density

X X X

f (o) =f (o) = ... =Ff_ (o) (G-7)
1 2 n

6. The transitional densities of a Markov sequence satisfy

f(xn‘xs) = f f(xn|xr) f(xr‘xs) dxr , n>r >s (G-8)
- 0O
Proof: For any three R. V. Xn ' Xr ’ Xs we have
oo (=]
f(xn|xs) = I f(xnxrlxs) dxr = I f(xnlxrxs)f(xr|xs)dxr
- 00 - 00

Since the sequence is Markov-1, we have:
f(xnlxs) = J_mf(xnlxr) f(xr|xs) dx

Equation (G-8) is known as the Chapman-Kolmogoroff egquation.



-191-

2. Markov Chains.

If the R.V. are of discrete type taking on the values

al,az,...,an, and

!?r[xn=an X 178 10 Xy=ag] = Pr[Xn=an|Xn_l=an_l]
(G-9)
then the sequence Xn is called a Markov-1l chain.

Let

pi(n) = Pr[Xn= ai] , unconditional density (G-10)

Pji(s,n) = Pr[Xn=ai Xs=aj], conditional density n>s
(G-11)

note that small p means unconditional density and capital P

means conditional density. It is obvious that:

pyln) = §APji(s,n.) Py (s) - (G-12)
Furthermore:

. = P.. (s, = -13

gpl(n) 1, E Jl(s n) 1 (G~13)

For a Markov chain we also have

Pji(s,n) = g Pki(r,n) ij(s,r) ;, n>r>gs8 (G-14)

which is the discrete version of .-the Chapman-Kolmogoroff
equation.
With P (s,n) the square matrix with elements Pji(s,n)

and p(n) the column matrix with elements pi(n) we have

from (G-12) and (G-14),
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p(n) = p(s) B(s,n) (G-15a)

B(s,n) = B(s,r) B(xr,n) (G-15b)

If the conditional probability Pji(s,n) depends only on the
difference n-s, the chain is called homogeneous. For a

homogeneous chain

p(k) = (1)F (c-16)

where g(l) is the one time transition matrix. If, in a
homogeneous matrix, the distributions of the first two R.V.

are the same, i.e. if

p(2) = p(1) (G-17)
then
p(3) = p(2)B(1) = p(1)B(1) = p(2) (G-18)

and by repeated applications
p(n) = p(1) (G-19)

We say that the chain is stationary in the narrow or strict
sense. If p(l) # p(2) # p(3) then the chain is not stationary
in the narrow sense. However, if g(l)n tends to a matrix

with identical row elements, and the limit:

limn+°° pi(n) = P; (G-20)

exists, then we say that the chain is stationary in the wide

sense, or asymptotically stationary.



Appendix H

Proof of Transformation

Let A be the following 8 x 8 matrix:

\
i

10000000
00100000
000021000

A= 00000010

2 01000000
00010000
00000100
| 0000000 1 |
T T

Then gT(ZO) = A 2(20) A", where A~ is the transpose

of

i

~193-
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APPENDIX T

Using the first part of Eq. (3.5-5)

A(k,i) = Prim(k-1)=x;_, (k-1), m(k-1) < x;_;(k-1)]
(I-1)
= Prim(k-1)=x,_, (k-1), m(k) = x, (k)] (I-2)
Using Baye's theorem,
A(k,i) = Prim(k)=x, (k) |m(k-1)=x,_; (k-1)]
+Prim(k-1)=x, _; (k-1)] (I-3)

since

Prim(k-1) = x;_; (k-1)] = A(k-1,i-1) + B(k-1,i-1) (I-4)

The transition probability from level x;_1 at time

k-1 to level x; at time k is:
Pr [m (k) =x, (k)| m(k-1)=x, _; (k-1)]

_ A(k,1i) _
= AL iSD) F B=T,i=D) (I-5)
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