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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. Several 
delta modulation encoder algorithms and a programmable 
decoder capable of receiving them are implemented.
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 ar.d the steady state level 
probabilities, is developed for the zero-order and 
first-order Markov cases. This enables the formulation 
of the autocorrelation function of the LDM estimate 
signal.
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Chapter 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 1.2-10, is conceptually the same.
All employ a comparator and a two level quantizer. In

/seach system the estimated signal, m(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.



-2-

However, in spite of the similarity between the 
different Delta Modulation (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 quality of the received signal. As a matter of 
fact one would do just as well by processing the error 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 quantitative 
performance of a proposed system must be measured in one of 
two ways: a] 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 yiven 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 quantization noise?

The only mathematical performance criteria applicable 
is the Signal-to quantization Noise Ratio (SNR). However, 
adaptive delta modulators when following a sine wave of a 
single frequency reduce to a LDM. 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 quantitative 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

1.2-1 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 [1], Van de Weg [2], Zetterberg 
[3], and others.

A DM system is shown in Fig. 1.2-la. When an input, 
m(t), is applied to the DM encoder, it is compared to
m(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 kx, where t is the
sampling period of the DM and k is a positive integer.
If A(t=kx) is positive, the output of the quantizer 
e(t=kT), will be 1, and if A(t=kx) is negative, e(t=kx) 
will be -1. The estimator utilizes the output signal 
e(t) to form the estimate.

A LDM system is shown in Fig. 1.2-lb. When an input 
m(t) is applied to the LDM encoder, it is compared to m(t). 
The output of the one bit quantizer, or hard limiter, is 1 
if A(t=kx) is greater than or equal to zero, and -1 if
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A(t=kx) is less than zero. The estimate, m(t=kT) , will be 
incremented (decremented) by a step of value S, if e(t=kT) 
is 1 (-1). Figure 1.2-2 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

Asame manner m(t) was constructed at the transmitter.
The difference wave form A(t) may be viewed as noise 

due to the quantization process and is called the 
quantization noise or error. The quantization 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 rate 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
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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. 1.2-4. 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 Instantaneously Companded Delta Modulation

In an Instantaneously Companded DM (ICDM), 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 [9], where an 
optimum (in the mean square sense) encoder-decoder 
combination, based on immediate two-bit history and a 
first order Markov input, is derived. To simplify the 
hardware implementation (the original performance 
equations were very complex) a high sampling rate was
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assumed (i.e. correlation of 1 between adjacent samples). 
The resulting equations were found to be:

m(.k+l) = m(k) + s(k+l)
(l. 5 | s (k) | e (k) e(k)=e(k-l)

s (k+1) = )
j 0. 5 | s (k) | e (k) e(k)^e(k-l)

e(k) = sgn[m(k)-m(k)] ^ 1.2—2)

where m(k+l) and m(k) are the next and present
estimate values respectively, s (k+1) and s(k), are the
stepsizes used to generate m(k+l) and m(k) respectively 
and e(k) is the sign of the error at sampling time k. 
(Note: 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-l) 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 increase 
causes the above algorithm to be inadequate in encoding 
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 
GONG ICDM, Eq. (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:

in (k+1) = m(k) + S(k+l)
S (k+1) = |s(k) |e(k)+SQe(k-l) (1.2-3)
e(k) = SGN [m (k) -m (k) ]

where SQ is a constant usually between 10 and 30 
millivolts. The response of Eq.(1.2-2) to a step input 
is redrawn in Fig. 1.2-8 and on it superimposed the
response to a step input of Eq.(1.2-3). Note that



although initially Eq. (1.2-3) rises faster, the 
exponential rise of Eq. (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 Node ADM 
(SVMADM) and Eq. (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 limited to 2.5 kHz and amplitude limited 
to V0 volts peak-to-peak (usually in the order of 5 
volts) has an envelope with a frequency between 25Hz 
and 100 Hz. In 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). Figures 1.2-9 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 e(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 charging 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:
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So(t) = S± (l-e-t/RC) (1-2-4)

Since the step size varies discretely let us redefine 
So(t) as S (k) and e as e where k is the
current sampling instance.
Thus:

S(k) = Si (l-e"k/RC) (1.2-5)
S (k+1) = Si (l-e"1/,RCe"k/RC) (1.2-6)

Therefore
S (k+1) ={e"1/RC|s(k) l + S i d - e -1/110) }e(k) e (k)=e (k-l)=e (k-2)

(1.2-7)
When the discharge command is true the step size will 
decrease, and:

S (k+1) = e_1/RC|s(k) |e(k) (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.

Let e = ot then the CVSD algorithm can be
summarized as:

m(k+l)=m(k)+S (k+1)
' [a | S (k) |+Si (l-a)]e(k) e (k)=e (k-l)=e (k-2)

S(k+1)=,
a|S(k)|e(k) |S(k)|>So

, otherwise
( [S0e(k) | S (k) |<So (1.2-9 )

e(k) = SG1I [m (k) -m (k) ]
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A comparison between Eqs. (1.2-3) and (1.2-9) 
reveals the inherent difference between the SVADM and 
the CVSD algorithms. In Eq. (1.2-3) a constant positive 
value, SQf is always added or subtracted from the 
current step size, S(k), to form the next step size 
S(k+1). On the otherhand, in Eq. (1.2-9) this is not 
the case. A constant positive value, S^(l-a), 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 square wave type signals (i.e. 
data), whereas the SVADM is more of a waveform tracker. 
Since speech is being anticipated in the CVSD it will 
filter out transmission errors which do not have speech 
characteristics, whereas the SVADM will try to follow 
those errors. The CVSD was found to have a 0.1 channel 
error rate performance and the SVADM a 0.01 channel 
error rate performance. However, 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 SVADM.
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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 [11] 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 obtained 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 [12] 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 Markov-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 SNR can be obtained. Schindler found 
that performance was improved by shaping the spectrum 
of the quantization error with the introduction of 
pre - and post - filters.
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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 
qualitatively 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 design 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,
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using look ahead with the SVADM algorithm did 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 CVSD 
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
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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. In 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 Voice Processor

An intuitive way, of implementing Delta Modulation 
algorithms [i.e. Eqs. (1.2-3) and (1.2-9)] is to create 
a table look up using a ROM 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. Also, since the switching between 
tables is done manually the implementation is not truly 
programmable. Further 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. 
Memory has to be volatile, or read/write Random Access 
Memory (RAM), so that instructions can be modified at 
will. A 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. In other words, it has to contain, 
in some form, an Arithmetic Logic Unit (ALU).



-The order, or sequence, of instruction execution is 
of importance too. Since the next step-size, S (k+1) , is 
a function of e (k) (i.e. e (k) , e (k-1) , . . . . etc.), 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+T. 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+1. If Ts is the 
sampling interval, is the largest instruction subset 
and xe is the execution time of an instruction, than for 
proper operation:

Ts>NjiTe (2.1-1)

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 Ts>_20 ysec, 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 y sec sampling intervals.
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Furtliermore, 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 capability 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

Since look-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="l", a logic 
function will be executed. The instruction command is 
available at input S = Sq S-ĵ S ^ .  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.



-33-

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. IC-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 constructing 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 decoder 
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 
(F0-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 ALU.



The MC10 800 (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 MC10 800 slice through the A bus 
output (<f>) bus, and input (I) bus. The <j> and I buses are 
bidirectional, that is data can enter and exit on the 
same bus, while the A-bus 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 GC-nsec typical instruction 
cycle time. Five status outputs are also available for 
condition codes and branch test.

The I1C10 800 4-bit ALU slice seems to be the fastest 
slice considered. However, the need for a microfunction 
decoder (17 control lines), a register file and various 
multiplexing circuitry makes the overall instruction 
cycle 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
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(11 general purpose registers compared to 16 in the 
Am 2901) is offset by the smaller instruction size 
(3 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)
b) Instruction memory
c) Program controller (PC)
d) Input-Output (I/O) 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 RAMs and PROMs. The 74S200 (S stands for 
shottkey TTL technology), a 256x1 bit read/write 
memory, having a maximum access time of 5C nsec, was 
chosen 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.

Each 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. F0 ,Fi,F2 ,K], the source 
and destination registers address (i.e. F 3 ,F^,F^ and Fg)
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and the carry input information. The tenth and twelfth 
bits are used when a "JUMP" instruction is desired, and 
the eleventh bit, called ED, 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 one. Further more, the OP-code 
bits are multiplexed with a NO Operation (NOP) 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 
logic 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 accumulator 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 
subgroups, and bits five, six, seven and eight 
contain that information. As an example, suppose 
that the instruction word is:

Instruction word = 10C1 1011 1010 (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 is a "1" which in 
turn mean that the fifth group of the left column is 
chosen (k=l .: k=0). Since the next four bits are 
1011 it is deduced, from table (2.2-3), that the 
instruction is Clear Accumulator (CLA).

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
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has to be at logic level "one" in order to enable the 
count. The counter chosen was the 74S161 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 with a 16 ysec 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 through 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



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 
cycle 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 
unsymmetrical with 120 nsec on time and 40 nsec 
off time. The crystal controlled clock circuitry 
is shown in Fig. 2.2-10.



2.2-3 System operation

The voice processor is controlled by two clocks. 
One 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 MHZ.
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. 2.2-11.
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
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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 
program, 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 MHz and a sampling 
clock rate of 32 KHz, 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 Fig. 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 
when 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.

A 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 sampl 
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 Ilode DM 
Transmitter-Receiver algorithm

2.3-1 Simple transmitter-receiver

It is convenient at this point to repeat the 
SVADM algorithm:

m(k+l) = in(k)+s(k+l) (2.3-la)
s (k+1) = | s (k) | e (k) +sQe (k-1) (2.3-lb)

e(k) = SGN [m(k)-m(k)] (2.3-lc)

Where S(k+1) is the computed step-size value such 
that when added to the current estimate, m(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-la) and (2.3-lb)) 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- 
size, 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 cloch, 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 CPU.
The absolute value of the previous step-size (i.e. 
|s(k)|) is obtained by checking the Most Significant 
Bit (IlSB) of the step-size register and two's 
complementing, s(k), if the MSB = "1" which indicates 
e(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 stored), the absolute 
value of the previous step-size if left unchanged.
The next step-size is obtained by adding the value 
stored in the e(k-l) register to the previous step-size. 
The minimum step-size SQ has the magnitude as the 
Least Significant Bit (LSB). With a 10-bit dynamic 
resolution and a 10Vp-p input signal the LSB is 
approximately lOmV. The next estimate is obtained by 
adding the current estimate to the next step-size.
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The delay function is implemented by storing the 
current e(k) in the e(k-l) register, m(k+l) in the
Am(k) register and S(k+1) in the S(k) register.
Process is now complete. Control is passed to the 
last available location, v7hich in turn implies that 
the voice processor 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.
Receiver 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 
alligned 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 be 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-size was never found to be 
larger than S4Sq and guaranteeing the same estimates 
or very close estimates ensures proper receiver 
tracking operation.

The steady state, or D-C, response of the SVADM 
can be used efficiently in the allignrnent procedure. 
The steady state pc.ttern shown in Fig. 2.3-3 exhibits 
a repetitive bit pattern (i.e. 110011001100....). 
Should a constant value be subtracted from a positive 
valued estimate, or added to a negative valued 
estimate, then if transmitter 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). Since 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 large.
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. 
Lf 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=l° msec) is much
too large and performance 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.
T =100msec) wlien the smallest value is lOmv. (The P
LSB has a weight of lOmv). One way of solving the 
problem is not to leak every sampling instant which 
will effectively reduce the leak factor. For instance, 
when the sign of the step-size register content, S(k+1), 
is different from the sign of the estimate register

Acontent, m(k), there is no need to leak the estimate. 
When the step size, S(k+1), is added to the present

Aestimate, m(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 flow 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



adaptive delta modulator to a slow varying square wave 
input without a leak factor and Fig.2.3-9 shows 
response with a 10 mv leak factor demonstrating the 
effect of the leak factor on the DM 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 overflew 
as seen in Fig.2.3-lla. 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. Overflow conditions exist when­
ever the signs of the step-size register content, 
S(k+1), and the current estimate register content, m(k)
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are the same but different from the sign of the new
Aestimate, m(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 DM 
estimate value to approach zero. Hence, 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 Fig. 2.3-3. As 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 12KHz the 1/4 frequency 
component moves into band, and will introduce 
distortion. To eliminate such effects a simple, yet 
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 
be 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 
square wave input is shown in Fig.2.3-16. Note the 
flatness of the response in contrast to the oscillations 
in a square 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

Overshoots found in an ADM response to a square 
wave input as shown in Fig.1.2-4 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 sequence of transmitted 
symbols. A reasonable procedure is to store a number of 
input signal samples M(k)(i.e. m(k),m(k+1),...,m(k+n-1),
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and then, for all binary sequences 
e (k) (i.e. e(k),e (k+1,...,e(k+n-1)) construct the

^ A A Aestimate sequence M(k) (i.e. m(k),m(k+l),...m(k+n-1).
AThe distance between the sequence M(k) and M(k) is

Ameasured with a suitable criterion function Q(M(k)-M(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+1. The criterion function 
used here is

A n—1 AU(M(k)-M(k)) = E |M(k+j)-M(k+j) I (2.3-3)
j=o

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 SVADf' algorithm did not 
seem to improve voice quality.
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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 Modulator. As seen from the CVSD 
algorithm [eq. (1.2-9)] , the step size generation is a 
function of the attenuation factor a, as well as of 
past history. The attenuation factor, in turn, is a 
function of the syllabic filter time constant, P.C, and 
the sampling frequency T . resuming an envelope 
frequency of 100 Hz,the time constant, RC, is found 
to be 1.6 msec, with a 9..6 kHz' sampling rate, a is 
found to be:

The minimum step size, SG , was set at 10 mv and with 
a compression ratio of 20 (i.e. Smax/So=20) the 
maximum step size, Smax, was set to 2 00 mv. Hence, 
the CVSD algorithm using above parameters is:

(2.4-1)

( { 0.94|s(k) |+0.01}e(k) e (k) =e (k-1) =e (k-2)

S(k+1) 0.94j s(k)|e(k) S(k+1)>10xl0~3 (2.4-2)

10xl0~3e(k) S (k+1) <10x10 -3
e (k)'s not same
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The flow chart implementing the CVSD transmitter 
algorithm is shown in Fig.2.4-1. Figure 2.4-2 shows 
receiver flow chart implementation and Program 
instruction listing is shown in appendix E. Note 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, 2 4 kHz and 32kHz.



-58-

2.5 Switching 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 receiver that 
selects the proper decoding algorithm.

Register R-̂  is a-10 bit serial shift left
register storing the incoming e(k) information sent
by a transmitter. Wnen the content of R^ [i.e. (Ri)]
agrees with either the content of Rg or Rg, which
contain the codes for the receivers, the LSB of RQ
will be set if the CVSD receiver is selected [i.e.
KRg)=(R^)] and will reset if the SVADM receiver is
selected [i.e. (R ) = (R.)] . After switching has been8 1
performed registers Rg and Rg 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 
110011001100.. for the SVADM algorithm. Since 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. Since 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
the receiver will lock on the steady state pattern.
A flow chart implementation of such a scheme is
shown in Fig.2.5-2 with program listing in appendix
F. Registers R^ and R^ are 10 bit serial shift left
registers storing the incoming e(k) information sent
by a transmitter. When the content of R^ and R^
agree with the content of Rn the CVSD receiver willy
be decided upon. When the content of agrees with 
Rg and 'with R^ then the SVADM receiver will be



-60-

selected. The LSB of R will be set indicating true
detection, and the MSB of R will be set if the CVSD 

'  o

receiver is selected and will reset if the SVADM 
receiver is selected. After decision has been made 
registers R^ Rg and R^ 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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A L U

n+4

F ig . 2. 2 -1 : R e p re s e n ta tio n  o f an A r ith m  e tic  L o g ic  U n it.
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Function select Logic functions (M=l) Arithmetic and logic (:-l=0)

S 3 S2 S1 So F F
0 0 0 0 A A minus 1
0 0 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



Data Out Data Out

p  E DE D C

C ^
R

C lo ck

L _  _ ~o i r  -  

M  ^ E x te rn a l D e v ic e  Inpul

Output
B u ffe r

Output
B u ffe r

Output
R e g is te r

A C

R e g is te r

M u lt ip le x e rM u lt ip le x e r

R e g is te rs :  R -R  , T

M ic ro
F u n c tio n
D eco d er

A r i th m e t ic /  Lo g ic  Section

F ig . 2. 2 - 2 :  In te l  3002 2 - B i t  C P U  S lic e .
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Clock

^  R O /L IL O /R I  >

< L O /R IR O /L I  >

A  A d d ress

B A d d ress

D ire c t  Input

M ic r o -  

Code 9 n+4

C. —*m O VR  
F =  0

Output

C o n tro l

16x4 R A M  
Read A , B 
W r ite  B

Q R e g is te i

R A M
Shift Shift

S e le c to r

A L U

M u lt ip le x e r

M ic r o -
In s tru c tio n

Decode

Output

F ig . 2. 2 -3 :  A M D  2901 4 - B i t  C P U  S lice ,
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A  Bus

AS16

AS 2 
AS3

P G  «_

GG «-

C o u t+’
PAR«_
CAR

O F 4"

R4 •*-

Z D  «*- 
P A R  *♦“ 
R ES

AS 13

AS 14 
AS7

L a tch M  UX

M ask

A r ith m e tic
Logic
U nit

Shift N e tw o rk

(gutjjut

C o n tro l

A cito rc c u m u la -

M U X  
1 ?

Input Bus 
C o n tro l

\

'

-H— 0 Bus

. AS5 

AS 6

ASO

AS1

AS4
AS10
AS11

AS12

C.in

C L K

AS9 
AS 15

R -  1

AS 8

I  Bus

F ig . 2. 2 -4 :  M C 1 0 8 0 0  4 - B i t  A L U  S lice  .



IN S T
R E G .IN S T ;

M U X ,

P ro g ra m  C o n tro l

M  em  o ry

In s tru c tio n

F ig . 2 .2 - 5 :  V o ic e  P ro c e s s o r  B lo c k  D ia g ra m .

C P U

 Input

Output

IN .
R E G

D /A

A /D



F ig . 2. 2 -6  : In s tru c tio n  F o r m  a t.

■>

6

IO'-4I



-68-

M N E M O N IC K  -  BUS =  1 M N E M O N IC K  -  BUS =  0

IL R R + C l -» R .AC  
n n'

A L R A C + R  + C l -* R AC  
n n '

A C M M  + C I- *  A T A M A M  + AC + C I- *  A T

SRA A T  -> RO , A T  -» A T t
j-i H •*-<

L I  -> A T r

*■*

L M I R -* M A R , R + C I->  R 
■ n n

DSM 11 -» M A R  R -  1 + C I_* R , 
n n 1

L M M M A R , M  +  C l -» A T L D M H -*  M A R  M -  1 + c l  .» a t

C IA A T  h  C l -> A T DCA A T  -  1 + C l -* A T

CSR C l -  1 -» Rn
SDR A C  -  1 +  C l -* R

n
CSA C l -  1 -» A T SDA A C  -  1 + C I- *  A T

- (See CSA above) L D I I  -  1 +  C I- *  A T

IN R R  +  C l _> R  
n n

A D R A C  + R +  C l _* R 
n a

(See A C M  above) - (See A M A  above)

IN A A T  +  C I-»  A T A IA I  +  A T  +  C l -» A T

C L R CI_» CO 0-» R  
a

A N R C l y  (Rq a A C ) _* CO, R  aA C  .* R  
or n

C LA C I- *  CO 0 -» A T A N M C l V  (M  A A C ) -* CO, M  a A C  -> A T

- (See C L A  above) A N I C l V (A T  V  I )  -* CO , A T  a I  -* A T

- (See C L R  above) T Z R C l v R  -* CO  
n ^

R  _* R  
a ^  a

- (See C L A  above) L T M C l V M  -* CO M ->  A T

- (See C LA  above) T Z A C iv  A T  -» CO A T - *  A T

NO P C l -> CO , R -* R
n n

ORR C l V AC -* CO \  v A C  _* Rn

L M F C l -♦ CO, M.+ A T O R M C l v A C  -» CO M  v  AC-> A T

- (See N O P above) O R I C l V  I - *  CO I  v 'A T  -* A T

C M R C l -* C O , 5 T  -► R 
’ a  n

X N R C l v  (R u a A C  ) -» CO Rn © A C - »  Rn

L C M C l- *  CO, M -»  A T X N M C l V  (M  A A C  ) -* CO M © A C  -* A T

CM A C l- *  CO, "AT _* A T X N I C l V (A T  a I ) -> CO I  © A T  -> A T

T a b le  2. 2 -2 :  M ic ro in s tru c t io n  Set.



REGISTER
GROUP REGISTER F 3 F

2 F 1 Fo

K0
0 0 0 0

0 0 0 1

K2
0 0 1 0

* 3
0 0 1 1

* 4
0 1 0 0

0 1 0 1

1
E6

0 1 1 0

* 7
0 1 1 1

E 8
1 0 0 0

E e
1 0 0 1

T 1 1 0 0

AC 1 1 0 1

■ II T 1 0 1 0

AC 1 0 1 1

I I I T 1 1 1 0

AC 1 1 1 1

T a b le  2. 2 -3 :  R e g is te r  G ro u p  B reakd o w n .



E x te rn a l Sw itches

M u lt ip le x e r

P ro g ra m  C ounter

C lock

A /D
C lo ck T

M e in o ry
A d d ress

N ext

6 .2 5  M H z  
C lo ck

One R /W
Shot

H a ltRun

I

F ig . 2 . 2 -7 :  P ro g ra m  C o n tro lle r .

7
0

-



-71-

S 1
Q1 Q2

C LK 1 D2 F * F - ^  
Q2 •

F .  F .  1

. m ....... r  ,k ?.ZL

(a)

Signal to  load  

inp u t re g is te rs .

System  C lock

System
C lock

Ql-

(b)

F ig . 2 .2 - 8 :  P u lse  Shaper (a )C ir c u it  D ia g ra m  (b) T im in g  D ia g ra m .
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300 2 's

C P U
A r r a y

A n a lo g
Output

Out
Com m  and

System  C lock

C L
D /A

(a)

System
C lock

Out ______________________________  __
Com m and

(b)

F ig . 2 .2 - 9 :  (a) Output C o m m a n d  C ir c u it r y ,  (b) T im in g  D ia g r a m .



+ 5 V + 5 V + 5 V

2K015K
2 5 M H z 82pf > 4 7 0 0

1D H < J

200 ioon

-1 5  V

Q2Q1

K1 Q1 K2 Q2C L C L
S ystem  C lock

F ig , 2 .2 - 1 0 :  C ry s ta l C o n tro lle d  C lo ck  C irc u it .



O P . ^

Code
K

N O P  
O P . /  
Code

ii j it
ii 2"
" 0" 
it j ii

M u lt ip le x e r

F  +C  F  
11 o 9

F ig . 2 .2 - 1 1  : Im p le m e n ta t io n  o f the J u m p  In s tru c tio n .

To  C P  U  

y  A r r a y

■* F .

i-i
i
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X m it te r

YesNo

Yes

No /  a new  \  
s a m p le  ready? N O P

O btain
e(k)

F o rm
S(k+1),

m (k+ 1)

D e la y  e (k ), 
S(k+1),

m (k+ 1)

O btain

I S(k) |

F ig . 2 .3 - 1 :  T ra n s m it te r  F lo w  C h a rt.
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R C V R

F o rm

S (k )|

No YesIs  e (k )=  1

S(k)

Form
S ( k f l ) ,

m(k-f 1)

Out m (k+ 1)

D e la y  e (k ), 
S (k+1),

m (k+  1)Yes

new data  
av a ila b le ?

No

N O P

F ig . 2. 3 - 2 ;  R e c e iv e r  F lo w  C h a rt.



fS(k)

e(k) 0 1 I O D I

F ig . 2, 3 - 3 :  S te a d y -S ta te  P a tte rn  of IC D M .

0  0  1 1 0  0

I-sj
-siI



e(k)e(k4-1)

e(k-l)

Sfcep-
Size

G e n e ra to r

S(k+1)

F ig . 2 . 3 - 4 :  R e c e iv e r  E m p lo y in g  a L e a k y  A c c u m u la to r .

m(k+ 1)

+ T

■-j001



A m

P= 0. 8

.4 6 0 8

.3 6 9

F ig . 2. 3 -5 ;  L eakag e  as a F u n c tio n  o f E s tim  ate L e v e l.
i
vOI



A m

k-

F ig . 2 .3 - 6 :  S tra ig h t L in e  A p p ro x im  a tion .

-W

I
oc01
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Fs,kHz
Tp= 100 msec 
Lf, mv

Tp= 10 msec 
•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



S G N [S (k + l) ]

Y es

No

Return

Yes

F ig . 2 .3 - 7 :  L e a k y  In te g ra to r  F lo w  C h a rt.

m (k ) = m (k ) -  1

i00N>I
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F ig . 2. 3 -8 :R e s p o n s e  Of S V A D M  N ot E m p lo y in g  L e a k  L o g ic .



Input

E s tim a te



e(k) Transmitted | | I O I

e r r o r

e(k) R e c e iv e d  | I I o  Q

F ig . 2 . 3 -1 0 :  E ffe c t  o f C hannel E r r o r s  on D M  P e r fo rm a n c e .

O I O o

*1

O  I 0  Q

Ioc
I
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(a)

m ( t )

m ( t )

F ig . 2. 3 -  1 ItS V A D M  R esponse(a) W ith o u t S a tu ra tio n  Log ic , (b )W ith  S a tu ra tio n  
L o g ic .
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S A T

No
No Y es R e tu rnR e tu rn

Y esNo

Yes Y e R e tu rn

NoNo

R e tu rn

Yes,

m (k + l)= 0 1 1 1

F ig . 2 .3 - 1 2 :  S a tu ra tio n  L og ic  F lo w  D ia g ra m .



Irput

(b)

E s tim  ate

' V ^ ' \ t \ ^ \
*

Input

(c)

E s tim a te

F ig . 2. 3 -1 3 :E f fe c t  O f E r r o r s  On S V A D M  N ot E m p lo y in g  L e a k  And S a tu ra tic  
L o g ic ;(a )N o  E r r o r s ,  (b) 10‘3 E r r o r  R a te , (c )1 0 '2 E r r o r  R a te ,



Fig. 2.3
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Input

(a)

E s tim  ate

Input

(b)

E s tim a te

Input
(c)

E s tim a te

• 14: R esponse o f S V A D M  I n  Channel E r r o r s  E n v iro n m e n t;(a ) 10
E r r o r  R a te , (b )lO ’2 E r r o r  R a te , (c )10 ’2 E r r o r  R a te  W ith  No Inpu t,
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Input

Input

(e)

Estim ate

F ig . 2 .3 - 1 4 :  C ontinued, (d) 10“ 1 E r r o r  R a te  W ith  No Inp u t, (e) 10" 1 E r r o r  R ate  
W  ith  Input.
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F i l t e r

Return

rn (k4- l)" = rn (k +  l) '+ m  (k )'+  
m ( k - l ) '+ m ( k - 2 )

Fig. 2. 3-15: Averaging Filter Flow Chart.



m (t)

r— i

F ig . 2 . 3 -  16: R esponse o f A D M  , A t  8 K H z S am pling  R a te , (a) W ithou t F i l t e r ,  (b) W ith  F i l t e r .



I
I1
I
III

k  k f  1 k-t- 2

F ig . 2 .3 - 1 7 :  2 - B i t  Look  ahead (a l l  4 p o s s ib ilit ie s ) .
i
sO
COI
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No Y es
fS (k )|> 2 S

NoY es
e ( k - l ) =  1

YesNo

+1*
Y es

No new sam  p ie  
ready?

N O P

F o rm

O b ta in  
m  (k+ 2), 
1 S(k) |

e (k )=  -1 e (k )=  1

O bta in
m  (k+ 1 )', m  (k+1) 

m (k + 2 ) ' , m  (k+2)

O btain
m  (k+ 1 )', m  (k+ 1)' 
m (k + 2 ) ' ,  m  (k+2)

O btain  
m  (k+ 1 ) ', m  (k+ 1)

m  (k + 2 ) ',  m (k+ 2 )

F o rm  S ( k + 1 ) ,  r b ( k +  1) 

D e la y  S(k+ 1), m  (k+ 1), 
e(k ), m (k+ 2 )

Fig, 2,3-18: Flow Chart of S V A D M  Transmitter Employing Look ahead.



I !

F ig . 2 . 3 -1 9 :  R esponse o f S V A D M  to  a Step In p u t;(a )W ith  L o o k -a h e a d , (b )W ith o u t L o o k -a h e a d .

tNOuii
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X m  i t t e r  ^

Y esNo

No

es

NoYes new  sam  p ie  
read y?

N O P

S (k + l)= S

C harge

D e la y  
m (k+ 1), 
S (k+1), e(k)

F o r m  m  (k+ 1)

F o rm  a  | S(k) [ 

O btain  e(k)

Fig. 2.4-1: Flow Chart of C V S D  Transmitter,
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R C V R

yarev 
/ t h e  3 
e (k )'s  the  
s. s a m e /

No Yes

No

Y es

Y es No'n e w  data  
a v a ila b le ?

N O P

S (k H )  = S

D e la y
m  (k+ 1), e(k) 
S(k+ 1)

C harge

F o rm

m  (k+ 1)

F o rm  crj S(lc) J 

O btain  e(k)

D is c h a rg e

Fig. 2,4-2:Flow Chart of C V S D  Receiver.
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E s tim  ate

(b)

Input

F ig . 2 . 4 - 3 :  R esponse of C VSD  to Speech A t;(a )3 2  K H z S am pling  R a te , (b) 24 K H z  
S a m p lin g  R ate .



E s tim  ate

F ig .  2 . 4 - 3 :  C ontinued, (c) 16 K H z S a m p lin g  R a te , (d) 9 .6  K H z S a m p lin g  R a te .
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( R )  = D e te c tio n  in d ic a to r
LSB = " l" :D e te c t io n  tru e  
L S B = " 0 " :N o  d e tec tio n  
M SB= "1 " :C V S D  
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3.1 Linear Delta Modulator

The operation of the LDM can be described 
mathematically as:'

m(k+l)=m(k)+Se(k) (3.1-la)
A (k) =m(k)-m(k) (3.1-lb)
e(k)=sign(A (k)) (3.1-lc)

where k is an integral multiple of the sampling
time i , and m(k) is the value of m(t) at the s
sampling instant t=kx , and t has been normalizeds s
to unity.

For the case of zero input, m(k) will alternate 
between +S/2 and -S/2 as shown in Fig. 3.1-1 . It 
is fairly safe to say that the probability that the 
estimated signal will be +S/2 at any instant k is 
equal to the probability that it be -S/2. Using 
probability notation it is equivalent to saying:

Pr[m(k)=S/2^zero input]=Pr[m(k)=-S/2 jzero input]=l/2 (3.1-2) 
Once an input is applied, the estimated signal 

ru(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 tlodel : Zero Order Markov case
t* ...

3.2-1 Transitional probability structure

Let a stochastic input with a continuous amplitude 
probability density function be applied to the LDM at 
time zero, i.e. k=:0 . Since Pr [m(0 ) =S/2 ]=Pr[(m(0 ) =-S/2] =1/2

/N 2  /N git does not matter whether m (0) =-j or m(0)=-^- is assumed.
Let the initial condition at k=0 be m(0)=-y. At time

 ̂ S Sk=l m(l) can assume one of two values: 3 or . If at
time k=0 A (0)̂ .0, m(l) will be 3y, if at time k=0 A(0hy0 m(l)
will be Expressing this probabilistically we have:

Pr [m (1) =3^-]=Pr [m(0) >|-,m(0) =j] (3. 2-la)
Pr [m(l)=-|-]=Pr [m(0) <|,m(0)=|-] (3. 2-lb)

Since the value of the estimated signal before 
the input is applied is indepencent of such input,
Eq.(3.2-1) can be rewritten as:

Pr [m(l) =3f]=Pr [m(0) =y] Pr [m(0) >f-] (3.2-2a),2 J  ... w /  2 2

Pr [m(l)=-|^]=Pr [m(0)=j]Pr [m(0) <J-] (3.2-2b)

Following the same line of reasoning as above and using
/v s sEq. (3.1-1), m(2) can assume one of three values 5^,  ̂

and -3^- and following Eqs. (3.1-2) and (3.2-2):

Pr[m(2)=5|]=Pr [r?i(l)=3|-,m(l) >3j] (3.2-3a)
Pr [m(2)=|-]=Pr [m(l) =3|-,m(l) <3|-]+Pr [m(1) =-j,m(1) >-j] (3. 2-3b) 
Pr[m(2)=-3|]=Pr[m(l)=-|,m(l)<-|] (3.2-3c)
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Using Bayes' theorem Eq. (3.2-3) can be written as:

Pr[m(2)=5|]=Pr(m(l)>3||m(l)=3|]Pr[m(l)=3|] (3.
Pr [m (2) =|-] =Pr Im(l) <3|-|m(l) =3|-] Pr [m(l) = 3j] +

Pr[m(l)>-§|m(l)=-|]Pr[m(l)=-|] (3.
Pr [m (2)=|-)=Pr [m(l) <-|-|m(l) =-|-]Pr [rn(l) =-— ] (3.

In Eq. (3.2-4a), for instance, Pr [m(l) >3^-/m (1) =3~] is 
known as the transitional probability. Note that:

Pr [m(l) >3^-|m(l) =3j]=Pr [m(2) =s|-jm(l) =3|-]

This allows us to rewrite Eqs. (3.2-1) (3.2-2) and
(3.2-4) in a recursive form as:

Pr [m (k) =a|-] =ZPr [m (k =a|- Jm (k-1) =b|-] Pr [m (k-1) = 3 j]
3

=jPk (ot,3) Pr [m(Pi—1) =3̂ -] (3.

where P^ ^_j_(ci/3) is the transition probability from
s slevel 3^ at time k-1 to level aj at time k.

3.2-2. Tree structure of the LDM

Let the value of the estimated signal at time k, 
m(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.

2-4a)

2-4b)
2-4c)

2-5)

2- 6)
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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 
in all existing systems is finite, the estimated 
tree will be bounded. However, 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

/v 3of the random variable m(k-l) is 3̂ -, then:

Pr [m(k)=a|-|m(k-l)=3§-] =
Pr[m(k-l)>b|] a=B+l (3.2-6)

Pr[m(k-l)<e|] ct=3-l (3.2-7)

Thus, using Eqs.(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) =a|-/m(k-l)=3|-] = 0 |a-g|^2
0 | a| >2N+3, | 3' | >211+1 a - 3 =2
0 | a | >2N+1, | 3 | _>2N+3 f) -a=2
1 |3 |=2N+1 |d|=|3 |-2 (3.2-8)

Pr [rn(k-l) <_8j] 3-a=2
Pr]m(k-1) >3j] ct-3 =2
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Where a is a value chosen from the set 
{2k+l-4i, i=0,1,2,...,k}. 2k+l-4i assures us that a
will have the correct value corresponding to the 
proper sampling time. N 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
A tree graph is now constructed using Eqs. (3.1-2), 

(3.2-2.) and (3.2-8) in conjunction with the assumption
gthat the state of the LDM at k=0 is and the knowledge

of the input signal statistics in the following manner:
gSince at time k=0 the state of the LDM is j, the 

possible states at time k are calculated from the 
following equation.

[Possible states at time k] = (2k+l-4i)S/2 i=0,l,.,k(3
A S STherefore at time k=l m(k=l) can have the value 3̂ - or -y.

Using Eq.(3.2-8) the transition probabilities
Pr[m(l)=3|- m(0)=^-] and Pr [m(l)=-|-|m(0 )=j] are calculated.
Knowing the transition probabilities, we can compute,
using Eq.(3.2-6), the probability that the LDM will be
in 3^ or ~  levels at time k=l. Using Eq. (3.2-10) the
possible states that the LDM can have at time k=2 are 
s s s32"' T an<̂  ”32̂* T^e Pr°kaki-3.i-ty of the LDM being in 

these states at time k=2 is again found by first 
computing the transition probabilities from LDM states 
at time k=l to the LDM states at k=2 via Eq.(3.2-8) and 
then using Eq.(3.2-6).

.2-9)

.2-10)
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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 
that point on the possible states of the LDM will 
repeat every two time 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+1, 
given that it was in state a at time k. In other words,
S is assigned the value of the transitional probability

Pk+i,klb'a)-
From Fig.3.2-2 it is evident that the states are 

repeated every tv/o 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.

Pk+l,k (b,a)=Pk+3,k+2(b,a)=Pk+15,k+14(b'a)=* * (3-2'
Pr [m(k) =a|p] =Pr [m(k+2) =Pr [m.(k+2) =aj] = .. . (3.2-

11a)

lib)
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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

From the previous section we recall that the state
A

of the LDM at time k, m(k), was defined as a random
Avariable. However, since m(k) assumes different values 

at k-even than it does at k-odd, the process will not
Abe stationary because the statistics of m(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 x^(T), the next 
most positive state as ^(T) anc  ̂ 30 on* In other words:

X(T)={x1 (T),x2 (T),x3 (T),...}={Xq (T),xe (T)}

X (T) spans the plane consisting of odd and even
values as shown in Fig. 3.3-1 . Then, if x ^(T)eXq (T)
then Xj(T+l)eXQ (T+l)=XQ (T) where x^(T) is the state of
the LDM at time T and x^(T+l) is the state of the LDM
at time T+l. Similarly if x^(T)eXe (T), then
x .(T+l)eX (T+1)=X (T).3 © 0

We now specify a transition matrix P (1) with 
elements p . .(1) defined as:

p ^  (1) =Pr{X (T+l) =Xj (T+l) J X (T)=xi (T) }

Since the DM tree is in steady state, the transition 
matrix P (1) is independent of T and thus the Markov chain 
can be considered homogeneous.
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To find the autocorrelation of the random variable 
X(T) we proceed as follows; Since the process is 
stationary: R (T. T+t ) =R.. (t ) =E (X (T) x (T+t ) }X X
Since X(T) can assume only discrete values:

R (t )=ZEx . (T) x . (T+t ) Pr {X (T+x) =x . (T+t ) ,X(T)=x . (T) 1 (3.3-4) x ij i j j • i
Using Bayes' theorem Eq. (3.3-3) can be written as:

R (t )= E£x.(T)Pr{X(T)=x.(T)}p. . ( t ) x -(T+t )X i 4 1 —— —. 2.  j . j J-'>•3
where

Pij (T)=Pr{x (T+t )=xj(T+t ) | X(T)=x± (T)}

p . .(t ) is an element of the transition matrix P(l) to ij =
the t power. Equation (3.3-5) can then be written as:

(3.3-5)

(3.3-6)

Rx (t ) = [xi(T)Pr [x(T)=x1 (T) x± (t ) Pr [x(t)=xjL (T) ] , . . ] (3.3-7)

Note x.i

Pi j (1)
x1 (T+t)
x . (T+t) 

3 .

T) and x_. (T+t ) are the states of the LDM
at times T and T+t respectively. These states do not 
change with time. The term Pr[X(T)=x^(T)] is the 
initial condition. P (1) depends only on the input
signal statistics (Eq. (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:

S <w ) , = i z R  ( T ) e " j u p T  x d pT x (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:

00

s (w) = f n  (T)e_;ivrTdT ( 3 . 8 - 9 )X X
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.3.4 Autocorrelation and Power Spectral density function 
Calculations of a zero order Harkov input

3.4-1 Example; perforin 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 3 (Eq.(3.2-9)), 
as shown in Fig.3.2-2. The value of the LDM tree states 
at steady state is;

X={3.5,2.5,1.5,0.5r0.5/-1.5,-2.5,-3.5} (3.4-1)

Using Eqs.(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(X=1.5)=0.1615 Pr (X=-i. 5) = 0.1615 (3.4-2)
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Pr (X=0 .5) =0.2907 Pr (X=-0. 5) =0 . 2307

We redraw Fig. 3.2-2 as Fig. 3.4-2 , with the 
modification of the added transition probabilities 
which were calculated using Eq.(3.2-3). From 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 (1), is found to be:

P(l) =

1/12 0 11/12 0 0 0 0 0
0 5/16 0 11/16 0 0 0 0

1/48 0 26/48 0 21/48 0 0 0
0 5/48 0 47/72 0 35/144 0 0
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 0
0 0 0 0 0 11/12 0 1/12

It is clear that the chain is homogeneous.
To see if stationarity holds we proceed as follows: 
Multiplying the transition matrix to the 20-power 
and the 21-power the following matrix was obtained:

P (20)= P (21) =

.0073 0 . 3231 0 .5815 0 .0881
0 .0881 0 .5815 0 .3231 0

.0073 0 .3231 0 .5815 0 .0881
0 .0881 0 .5815 0 .3231 0

.0073 0 . 3231 0 .5815 0 .0881
0 .0881 0 .5815 0 .3231 0

.0073 0 . 3231 0 .5815 0 .0081
0 .0881 0 .5815 0 .3231 0

0
0073
0

0073
0

0073
0

0073
(3.4-4)
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Since the sampling frequency is normalized to 
-4unity, for a 10 sec. sampling period as an example, 

w=l in Fig. 3.4-4 corresponds to a frequency of 5000 Hz.
As the sampling period decreases, w=l corresponds to a 
larger frequency 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 Harkov 
input with gaussian pdf.

Consider an input m(t) bounded between +3V and
-3V, with a gaussian pdf. of independent samples 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 (Eq. (3.2-9)), as shown in Fig.
3.2-2. The value of the LDM tree states at steady
state is same as in Eq.(3.4-1).

Using Eqs. (3.2-6), (3.2-8) and following the
procedure described in section 3.3, the initial
probabilities are found to be

Pr [X=3.5] = 0.93X10-9 P [X=-3.5] = 0.93X10-9
Pr [X=2.5] = 0.93X10-4 P [X=-2.5] = 0.93X10-7
P [X=1.5] = 0.0685 Pr [X=-1.5] = 0.0685 (3.4-13)
Pr [X=0.5] = 0.4314 Pr [X=-0.5] = 0.4314



-115-

In the previous section it was mentioned that the 
set of states of the LDM tree contains two disjoint sets:

X (T ) = [{x1x3x5x7},{x2x4x(.x8}]={Xo (T) ,Xe (T)} (3.4-5)

The 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. Same 
applies for zeros in the even columns.

Now, P (20) can be transformed into a matrix PT (20)

(see appendix H) where

Pt (20) =

.0073 .3231 .5815 .0881, 

.0073 .3231 .5815 .0081, 

.0073 .3231 .5815 .0081| 

.0073 . 3231 .5815 .008H
1.0881 .5815 .3231 .0073
1.0881 .5815 .3231 .0073 
,.0881 .5815 .3231 .0073
1.0881 .5815 .3231 .0073
I

(3.4-6)
or in short hand notation:

Pt (20) =

iA ,0 
— o  1 —t ~O 'A (3.4-7)

We observe that all the rows of submatrix A areo
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.
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However, this is precisely what the limit of Eq.(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,
Eq.(3.4-2), and Eq.(3.3-7) the first 11 terms of the 
autocorrelation function R (x) are:X

R (0 ) =1. 4740X R (4)=0.059 6X RX
R (1)=0.660 7X R (5)=0.026 7X RX
R (2)=0.29 6 3X R„ (6 ) =0 .0123X RX
R (3)=0.1329X R. (7)=0.0054X (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:

R (x)=Ae- a lT l (3.4-9)A
1 4 7 4where A=1.474 and a=ln (̂ -1,r-̂ n) =0 . 802 . The power0.660/

spectral density is readily shown to be (Eq. (3.3-9)):
S (V)= (3.4-10)
x a +ur

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

x=2T (3.4-11)s
and

211 (3.4-12)
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Using the procedure outlined in Section 3.3 and 
Eg.(3.2-8), the transition probability matrix, P (1), 
is found to be:

P ( D  =

0 1 0 0 0 0 0
00001 0 0.99999 0 0 0 0
0 0.C014 0 .9986 0 0 0
0 0 . 1587 0 8413 0 0
0 0 0 . 8413 0 .1587 0
0 0 0 0 .99 86 0.0014 0
0 0 0 0 99999 0.0001 0
0 0 0 0 0 1 0

(3.<

To see if stationarity holds we proceed as follows: 
flultiplying the transition matrix to the 30-power and 
the 41-power the following matrix was obtained.

0 0 . 1371 0 . 8627 0 . 0002 0
0 .0002 0 .8627 0 . 1371 0 0
0 0 .1371 0 .8627 0 .0002 0
0 .0002 0 .8627 •o .1371 0 0
0 0 .1371 0 .8627 0 .0002 0
0 .0002 0 .8627 0 .1371 0 0
0 0 .1371 0 .8627 0 .0002 0
0 .0002 0 .8627 0 .1371 0 0

Again the zero's in the o^d 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 
P̂ ,(4 0) (see appendix H) where:

-14)

.4-15)
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(40)

0 .1371 
0 .1371 
0 .1371 
0 .1371

,8627 .00021 
,8627 .000 21 
8627 .0002 
8627 .0002

O

0

or in short hand notation

Pt (40) -
A

0 A

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

(3.4-16)

(3.4-17)

Vie 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 Eq. (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,
Eq. (3.4-13) and Eq. (3.3-7) the first ll^terms of the
autocorrelation function R (t ) are:X
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R (o) = 0.5253 R (4) x x
R (1) = .5X10-8 R (5)X X
li (2 J = -.7X10-3 R (6)X X
R (3) = -.7X10_9 R (7)X X

The autocorrelation function of the LDM 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 LDM estimate is still an impulse. 
Hence, for uncorrelated input samples the LDM estimate 
values are also uncorrelated, and response of LDM 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 Markov case we let:
Pr[m(o)=s/2]=Pr[m(o)=-s/2]=l/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=l are found to be

= -.7X10 R (8) = -.7X10X

= -.7X10 3 R„(9) = -.7X10" (3>,,“9 ^  _  - ? v i  ^“9
= -.7X10-9 R (10) = -.7X10-9X

- 9= -.7X10 *

-18)
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PrUn (1) =3s/2 ]=Pr [m(o)=s/2,m(o) >s/2 ] =Pr [m(o)=s/2]Pr [m(o) >s/2]
(3.5-2a)

Pr [m (1) = -s/2]=Pr[m(o) =s/2,m(o)<s/2 ] =Pr [m(o)=s/2 ] Pr [m(o)<s/2 ]
(3.5-2b)

/\

Similarly, at time k=2, m(k) can assume one of three 
values (i.e. 5s/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)

Pr[m(2)=s/2]=Pr[m(l)=3s/2,m(l)<3s/2]+Pr[m(l)=-s/2,m(l)>-s/2]
(3.5-3b)

Pr[m(2)=-3s/2]=Pr[ti(l)=-s/2/m(l)£-s/2] (3.5-3c)

The "Estimated Tree Graph" is nov; redrawn in 
Fig. 3.5-1 , where the levels at time k are 
consecutively labled from 1 to k+1. The value of the 
ith level at time k is labled x^(k), and from Eq.(3.2-10)

x± (k)=(2k+5-4i)s/2 i=l,2,...k+l (3.5-4)

Based on Eqs. (3.5-1),(3.5-2),(3.5-3) and 
Fig. 3.5-1 , the general expression for the probability 
of a level is:

Pr[m(k)=xi (k)]=Pr[m(k-l)=xi_1 (k-l) ,m(k-l)_<xi_1 (k-1) ]

+ Pr[m(k-l)=xi (k-l) ,m(k-l) >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. Eq.(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 
second factor due to the level i at time k-1, and let 
it be labled B(k,i). In equation form

Pr[m (k) =x^(k)]=A(k,i)+B(k,i) (3.5-6)

For example:
A (2,2) =Pr [m(1) =3s/2 ,m(l)_<3s/2) (3.5-7a)
B(2,l)=Pr[m(i)=3s/2,m(l) >3s/2] (3.5-7b)

Examining the first part of Eq.(3.5-5) the transition 
probability from level x^_^(k-l) to level x^(k) can 
be found to be (see Appendix I):

Pr [m(k) =x^ (k) | m(k-l) =x^_^ (k-1) ]= A(k,i) (3.5-8a)
A (k-1,i-1)+B(k-1,i-1)

and similarly:
Pr[m(k)=xi (k) | m(k-l)=xi (k-1)] = B(k,i) (3.5-8b)

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

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

-XNfxi (k)lXN (3.5-9)

Using Eqs. (3.5-1) , (3.5-3) , (3.5-5) , (3.5-6) , (3.5-8 )'
(3.5-9) and the set of initial conditions:
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A (1,1) = 0.
B (1,1) = Pr [m(o)>s/2]Pr [m(o)=s/2] 5-1 0 )
A (1,2) = Pr [m(o)<s/2]Pr [m(o)=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=l, 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. Region -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:
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legion A : 2£k£XN
A(k,i) =

i=l
Pr [rn (k-l)<_x^_1 (k-1) | m(k-2) >xi_1 (k-2) ] B (k-1, i-1) i=2
Pr [xa(k-l)£xi_1 (k-1) |m(k-2)£x^_2 (k-2) ]A(k-l,i-l) i=k+l
pr[m(k-l)<xi_1 (k-l) |m(k-2)<xi_2 (k-2) ] A (k-1, i-1)+1 3<±<k 
(pr [m (k-l)£xi_1 (k-1) |m(k-2) >xi_1 (k-2) ]B (k-1,i-1) J

(3.5-11)

B(k,i) =
O i=k+l

Pr [m(k-l) >x^ (k-1) | rn(k-2) >x^ (k-2) ] B (k-1, i) i=l
Pr [ra (k-1) >x^ (k-1) j m(k-2)£x^_^ (k-2) ] A (k-1, i) i=k
Pr [m(k-l) >x± (k-1) j m(k-2) <xi_1 (k-2) ]A(k-l,i)+? 2<i<k-l
Pr [ra(k-l) >x± (k-1) | m(k-2) >x± (k-2) ] B (k-l,i) j

(3.5-12)

Region B : K = XN+1

A( k , i )  =
O i=l

B (k-1, i-1) i=2
|Pr [m(k-l)<x^_^ (k-1) |m(k-2) <x^_2 (k-2) ]A (k-1, i-1)-d 3£i£k
(pr [rn(k-l) <xi_1 (k-l) |m(k-2) >xi_1 (k-2) ]B(k-l,i-l) )
Pr[m(k-1) £x^_^(k-1)|m(k-2)<x^_2 (k-2)]A(k-1,i-1) i=k+l

B(k,i)
(3.5-13) 

i=l 

2<i<k-l
(pr [m(k-l) >x^ (k-1) | m(k-2)£x^_^ (k-2) ] A (k-1, i) +|
\Pr [m(k-l) >x^ (k-1) | m (k-2) >xi (k-2) ] B (k-l,i) J
Pr [m(k-l) >x^ (k-1) jm(k-2)£x^_^ (k-2) ].A (k-l,i) i=k

0 i=k+l

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

A(k,i) = 
0

Pr [m (k-1) (k”l) (k-1,i-1) +
Pr[m(k-l) (k-1)|m(k-2)>xi_1 (k-2)]B(k-1,i-1)
Pr [m (k-1) (k-1) | m(k-2) £ x ^ _ 2  (k-2) ] A (k-1, i-1) +
Pr [m(k-1)<x^_^ (k-1) |m(k-2) >x^_j (k-2) ] B (k-1, i-1)

i=(k-XN+2)/2 
i=(k-XN+4)/2 

(3.5-15) 
k-XN+6<i<k+XN-f;

2 ~

B (k, i) =

Pr[m(k-l)>x^(k-1)]A(k-1,i)+
Pr [in(k-1) >x^ (k-1) | m(k-2) >x^ (k-2) ] B (k-1, i)
Pr [m (k-1) >x^ (k-1) |m(k-2) £x^_ ̂ (k-2) ] A (k-1, i) 
Pr[m(k-l)>x± (k-1)|m(k-2)>xi (k-2)]B(k-l,i)

A (k-1, i)
O

1

i=(k-XN+2)/2
(3.5-16) 

k-XN+4<i< k+XN

i=(k+XN+2)/2

otherwise
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Region D: k ^ [ IHT (— fN— ) ] ' 2 + XN

A(k,i) =
B (k-1,i-1) i = (k—XN+3)/2

f Pr[m(k-1) £ xi_i(k-1)|m(k-2) £ x^_2 (k-2)]A(k-l,i-l) 
J+Pr[m(k-1) < x^_1 (k-1) | m(k-2) > x^_^(k-2)]B(k-1,i-1)

k-XH+5 < i < _k+XN+l
2 -  ■" -  6 

Pr[m(k-1) <_ x^_ j (k-1) | m (k-2) <_ x^_2 (k-2) ] A (k-1, i-1)
+Pr[m(k-1) £ (k-1)JB(k-1,i-1)

k+XN+3

(3.5-17)

l =

B(k,i) =
Pr[m(k-l)>x^(k-1)|m(k-2)£xi_1 (k-2)]A(k-l,i)+ 
Pr[m(k-1)>x^(k-1)|m(k-2)>x^(k-2)]B(k-1,i)

otherwise

k-»N+3^..k+XN-1 
“ 2 -X- ~

Pr[m(k-1)>x^(k-l)|m(k-2)£x^_1 (k-2)]A(k-l,i)+
Pr[m(k-1)>x^(k-1)]B(k-1,i)

x= k+XN+1

0

0

i= k+XN+3

otherwise
(3.5-18)
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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:

R (x) = x
x1 (T)Pr[x(T)=x1 (T) ] , .. . ,x± (T)Pr[x(T)=xi (T) ] , -]

x^(t+t) 
X2 (T+t)

x .(T+t ) u 3 (3.5-19)

where x^(T) and x^(T+t) are the states of the LDM 
at times T and T+t respectively. The term Pr[x(T)=x^(T)] 
is the initial condition. P(l) depends only on the input 
signal statistics (Eqs. (3.5-11)-(3.5-18)) and with a 
stationary input signal, P(t) will depend only on t .

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

S (oj), = — X R (t) e-3 x d p L xT
3 topT (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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S (u) = x R (x) e ■̂a)T dx x (3.5-21)

3.5-2 Example: Perforin 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

ITl-j f It̂ (ot, 3) = -exp
2ira2 / l - p 2

a 2 - 2 p a g + g 2
2 2 2a (1-p )

, 1< p<l

(3.5-22)
where a is the variance of the random variables m^ 
and m 2 and p is the covariance coefficient of m^ and m 2 :

P =
Elit̂  m2}

(3.5-23)

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 Eqs. (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 a = 1 as parameters, are found 
to be:
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Pr [x==3.5] = 0.0026, Pr Lx=-3.5] = 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=-l.5] = 0.1465

n x’ II=0.5] = 0.3167, Pr[x=-0.5] = 0.3167

Using Eqs. (3.5-11)- (3.5-18), the transition probability
matrix, P(l), is found to b e :

“0.0855 0 0.9144 0 0 0 0 0
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(l) =--- 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 41-power the 
following matrix was obtained:
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P (40)f P (41) =

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

X(T) = [{x1x3x5x7>,{x2x4x6Xg}] = [Xn (T),XQ (T)]
(3.5-28)

The 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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Pt (40)=

.0051 .2933 .6340 .0601  |

.0051 .2933 .6340 .0601  

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

o
o .0601 .6340 .2933  .0051  

.0601 .6340 .2933  .0051  
1 .0601 .6340 .2933  .0051  
1 .0601 .6340 .2933  .0051

(3.5-29)

or in shorthand notation:

p t (40) = A °  ‘ =
0 ! A

(3.5-30)

We observe that all the rows of submatrix Ag are 
identical which means that the probability of the LDM 
being in odd state is independent on starting state, 
providing the starting state is from the odd set of 
states. However, this is precisely what the limit of 
Eq. (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 (11, initial condition probabilities,
Eqs. (3.5-19) and (3<.5-25), a correlation coefficient 
p of 0.99 and a variance o of value 1., the first 12 terms 
of the autocorrelation function R (t) are:

(3.5-31)

Rx ( ° ) = 1 . 2 5 6 0 0 , Rx ( 4 ) = 0 . 0 0 0 6 9 , R (8)  x  ' =  - 0 . 0 0 0 0 7

Rx (1) = 0 . 0 1 5 0 2 , V 5)= 0 . 0 0 0 2 1 , Rx (9) =  - 0 . 0 0 0 0 8

CM = 0 . 0 0 5 5 4 , Rx ( 6) = 0 . 0 0 0 0 2 , Rx ( 1 ° ) =  - 0 . 0 0 0 0 8

R (3)
X

= 0 . 0 0 2 0 1 , V 7)= - 0 . 0 0 0 0 4 , R ( 11 )
X

= - 0 . 0 0 0 0 8

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 a.

Results show that when the variance is comparable in 
magnitude to the bounds imposed on the LDM response (a=2, N=3), 
the autocorrelation of the estimate signal follows an 
exponential decay. On the other hand when the variance 
is small (a=0.5f N=3), the autocorrelation of the estimate 
signal is an impulse.
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Order M a r k o v  Input With p = . 99 and Three Values of a.



-146-

Chapter 4

4.1 Conclusion

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

Design requirements 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 ysec 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 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 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 10-bit dynamic 
resolution; the instruction memory containing the 
instruction set (12 bit words); the PC controlling 
instruction execution order; and the I/O devices 
consisting 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 receiver 
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 
was 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.
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A switching receiver implementation, allowing 
communication between the CVSD and the SVADM systems, 
was designed and shown in Fig.3.5-2. Since 50% of 
speech is silence, the e(k) pattern, which is unique 
to each system was used to detect and identify which 
of the two algorithms currently operating.

In Chapter 3 we modeled the LDM 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. Knowledge 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 comparable in magnitude to the imposed 
bounds. Results were demonstrated in Figs.3.5-2a- 
3.5-2c.
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4.2 Suggestions 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 employs the selected algorithm. The 
question 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 knov/n a priori to employ one
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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" techniques 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 in.clude above options and thus programmable 
correlation receivers employing APC algorithms can be 
designed and tested in real time.
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Appendix A

Instruction Set

Mnemonic Machine Code Description
Arithmetic Operations

ILR X 0001 xxxx cYoio CI+ (x) Ac ,X
ADD X 0000 xxxx CIO 10 CI+ (x)+ (Ac)-> Ac ,X
CSR X 0101 xxxx cYoio CI-l-> X
SDR X 0100 xxxx CIO 10 (Ac)-l+CI+ X
INR X 0111 xxxx cToio (X)+CI-> X
ADR X 0110 xxxx CIO 10 (X) + (Ac)+CI->- X
CLR X 1001 xxxx 1010 0-* X
NOP X 1101 xxxx 1010 (x)-* X
CMR X 1111 xxxx 1010 OH- x

RRA Y 0001 YYYY 1010 y (o) ->y (n-1) ,+y (n-i)->-y(n-i-l)
CIA Y 0011 yyyy CIO 10 (7)+CI+ y
DCA Y 0010 yyyy cToio (y) -1+CI-*- y
IHA Y 0111 yyyy cToio (y) +CI->- y
NOP Y 1101 yyyy cYoio

i

>i+3

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
XNR X 1110 xxxx 1010 (x) ( + ) (Ac) ->-x
ANI Y 1000 yyyy 1010 (y) A (T) ->y
OR I Y 1100 yyyy 1010 +H>:3

XNI y. _ 1110 yyyy.. 1010 (y) (+) (l)-*-y
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Input Operations
LDI Y 0100 y y y y CI010 (i )-i+c i ->y
AIA Y 0110 yyyy CI010 (i )+c i +y ->-y
AMA Z ' 0000 zzzz CI010 (M)+(Z)+CI+Z
LDI Z 0001 zzzz C1010 (DI)MRR^Z^jqp, CI-^ZMgp ẑ  =0 i/l,n-l
LDE Z 1101 zzzz 1010 (DI) "^Zfiq-p- , z-i =0 i/n-1
LOD Z 1111 zzzz 1010 (DI)+ZMcn , zi=1 i/n-1

Output Operations
Out Ac 1101 0000 1000 (Ac) D/A
Out Xh 0011 xxxx 1010 (X)riq R -»- Digital output

Branching Operations
JMP LOC &7AfiARA0 A4A3A?At 1011 unconditional jump to location
SKP AC A 7AgA^A4?i3A 2A]A0 . Next instruction 

is to be skipped if (Ac)jMD, 
providing the instruction to be 
skipped is not a jump instruction. 
If it is, then the jump condition 
is on negative accumulator content 
[i.e. (Ac)<0].

X Y and Z are chosen from table Al. I is a 10 bit 
sampled analog input. Ac is the accumulator_______



X group y group z group
X xxxx y yyyy z zzzz

Rn 0000 T 1110 T 1010

R 1 0001 Ac m i Ac 1011

R2 0010

R 1 0011

Rd 0100

Rci 0101

Rfi 0110

R7 0111

rR 1000
r 9 1001
T 1100
Ac 1101

Table Al: Registers codes
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Appendix C

SVADM_____ Encoder - Decoder Programs

C-l SVADM Encoder

r 3 = m(k) R 4 = s (k) Rg = e (k-1)

Address Mnemonic Machine Code Description
xiiii tter ILR R4 0001 0100 1010

SDR T 0100 1100 0010
SPA 0000 1101 1110
CIA T 0011 1110 0010 | s (k)|->-T
ILR 0001 0011 1010 m (k) ->-Ac
AIA Ac 0110 1111 0010 m(k) -m(k) -»Ac
SDR Re; 0100 0101 0010
SPA 0000 1101 1110
CIA T 0011 1110 0010
CIA T 0011 1110 0010 | s (k)|e (k)-*T
ILR 0001 0110 1010 Soe(k-l) -»■ Ac
ADD T 0000 1100 1010 s (k+1) -*■ Ac,T
SDR R 4 0100 0100 0010 s (k+1 ) Rit
ILR R-} 0001 0011 1010 m(k) -»■ Ac
ADD T 0000 1100 1010 m (k+1) •> Ac ,T
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Address Mnemonic Machine Code Description
SDR R.i 0100 0011 0010 m(k+l) R 3

CMR Ac 1111 1101 1010

out D/A 1101 0000 1000
output m(k+l). Optional,re- 

place by a NOP when not needed
ILR 0001 0101 1010

out ... An 0011 1101 1010 output digital bit.
CSR T 0101 1100 1010 -1 + t
SPA 0000 1101 1110

CIA T 0011 1110 0010 e (k) T
ILR T 0001 1100 1010

SDR Rfi 0100 0110 0010 delay e (k) as e(k-l)-»R6
Jmp WAIT 1111 1111 10.11 wait for new input sample



-162-

C-2 SVADM Decoder

R 1 = e (k-1) , R -j = m(k) / R0 = S (k)

Address Mnemonic Machine Code Description
RCVR ILR *8 ' 0001 1000 1010 s (k) Ac

SDR T 0100 1100 0010 s (k) ->- T, Ac
SPA 0000 1101 1110
CIA T 0011 1110 0010 s (k)-KT
LDC Ac 1101 1011 1010 (DI)^(Ac ) « r

SDR RS 0100 0101 0010 Temporarily store e(k) in Rq
SPA 0000 1101 1110
CIA T 0011 1110 0010
CIA T 0011 1110 0010 | s (k) | e (k) T
ILR T 0001 1100 1010
SDR R r 0100 1000 0010 | s (k)|-*e (k) ->- Rfj
CSR T 0101 1100 1010 -1 +T
ILR Ri 0001 0001 1010 e (k-1) Ac
SDR R8 0000 1000 1010 s (k+1) -»■ R 8,Ac
Jmp leak

Back Jrap Sat
cont ILR R7 0001 0111 1010 m(k+l) ■+ Ac

CmA Ac 1111 1111 1010
Out D/A 1101 0000 1000 output RCVR estimate
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Address Mnemonic Machine C ode Description
ILR 1*5 . 0001 0101 1010

-
C3R T 0101 1100 1010
SPA 0000 1101 1110
CIA T ' 0011 1110 0010
ILR T 0001 1100 1010
SDR R 1 0100 0001 0010 delay e(k) as e(k-l)->- Ri
Jmp Wait 1111 1111 1011
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C“3 Leaky Integrator

In this program the estimate m(k) will leak off towards 0 volts 
in steps of 10 mV if the signs of s(k+1) and m(k) are the 
same.

Address Mnemonic Machine Code Description
Leak ILR R r 0001 1000 1010 s (k+1)+Ac

SDR T 0100 1100 0010 s(k+1)+Ac,T
ILR R7 0001 0111 1010 m(k)-> Ac
XNR T 1110 1100 1010 ffi(k) Gt) s (k+D+T
ILR T 0001 1100 1010
SNA 0000 1101 1110
Jmp Back signs not same
ILR R? 0001 0111 1010 Asigns the same, m(k)+Ac
SNA 0000 1101 1110
Jmp Pos m(k)>o
INR R7 0111 0111 0010 m(k)<o ,m(k)=m(k)+l
Jmp Back

Pos GSR Ac 0101 1101 1010 (-1) ->Ac
ADD R7 0000 0111 1010 m (k) =m (k) - 1

Jmp Back
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C-4 Saturation Logic Program

Address Mnemonic Machine Code Description
Sat ILR *7 0001 0111 1010 rn (k)-»Ac

SNA OCOO 1101 1110
Jmp GEQ m(k ) > 0

ILR Rs 0001 1000 1010 m(k)<o, s(k+l)^Ac

SNA 0000 1101 1110
Jmp cont s (k+1) >0 , in (k) < 0
ILR 00 0001 1000 1010 m(k)<0 , s(k+1) < 0

ADD R 7 0000 0111 1010 m(k+l)-> R 7 , Ac
SNA 0000 1101 1110
Jmp sat neg m(k+1) > 0

'jmp cont m (k+1) < 0
Satneq •CLR Ac 1001 1101 1010

' INR Ac 0111 1101 0010
RRA Ac 0001 1111 1010
SDR R7 0100 0111 0010 (512) n*R 7/ m(k+1)most neg.#
Jmp cont

3EQ ILR Ra 0001 1000 1010 m(k)>o , s(k+l)-> Ac

SNA 0000 1101 1110
Jmp Prob s(k+l)>_o , tn(k)>̂ o

Jmp cont s(k+1) < 0 , m(k ) > 0
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Address Mnemonic Machine Code Description
Prob ILR SR 0 0 0 1 1 0 0 0 1 0 1 0

ADD R 7 0 0 0 0 0 1 1 1 1 0 1 0 m(k+l)->-R7 , Ac
SNA 0 0 0 0 1 1 0 1 1 1 1 0

Jmp cont m(k+l)>o
CLR Ac 1 0 0 1 1 1 0 1 1 0 1 0 m(k+l) <o,s (k+l)^.o,m(k) >o
1NR Ac 0 1 1 1 1 1 0 1 0 0 1 0

RRA Ac 0 0 0 1 1 1 1 1 1 0 1 0

CMA Ac 1 1 1 1 1 1 1 1 1 0 1 0

SDR r 7 0 1 0 0 0 1 1 1 0 0 1 0

JMP cont
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Zippendix D

SVADM encoder rfith 2-bit delayed encoding

Delayed encoding algorithm;
| s (3c) | >2Sq
m(k+l)' = m(k)+|s(k)|+ Soe(k-l) w(k+2)# =m(k)+So D.l-1
m(k+l)U = m(k) - | s (1c) | + soe(k-l) in(]c+2)w =m(30-So D.l-2

So<1s(k)|j£2So 
m(k+l)' =m( 
m(k+l/=m(lc) - 1 s (3c) |-So m(k+2)w =m(k)-So
m(k+l)' =m(k)+So m(k+2/ =m(k) e(k-l)=-l D.l-2

m(k+l/=m(k) + | s..(k)|+So m(k+2)'=m(k)+So e(k-l)=l D.l-3
in(k+l)" =m(k) -So m(k+2)" =iu(k)

a {= |m(k+l)-m(k+l); | A± =|m(k+l) -m(k+lf| D.l-4
A 2= |m(k+2)-m(k+2)/ | A *  =|m(k+2) -ia(k+2)"|

Ai=a(-A1// A2= a '-A^' D.l-5

A i + a 2 >°

D. 1-6e (k) =
Al+A2<0
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R0= s(k) , *1= e (k-1) , R2=m(k), R 3=m(k+1 )., R 4=e(k), Rg=|s(k)|

Address Mnemonic Machine Code. Description
Start ILR Ro 0001 0000 1010

SDR T 0100 1100 0010
SPA 0000 1101 1110
CIA T 0011 1110 0010
ILR T 0001 1100 1010
SDR Ro 0100 0000 0010 |s(k)|+Rn
SDR . R f i 0100 0110 0010 | s (k) | -tRg , Ac
CLR T 1001 1100 1010
INR T 0111 1100 0010
INR T 0111 1100 0010
CIA Ac 0011 1111 0010 - | s (k)|-> Ac
ADD T 0000 1100 1010
SNA 0000 1101 1110
Jmp Less | s (k)|<2 o,
ILR R2 0001 0010 1010 | s (k) |> , m (k) -* Ac
SDR T 0100 1100 0010 iri(k) -*■ T
ILR Ro 0001 0000 1010 | s (k) | Ac
ADD T 0000 1100 1010 | s (k) | +m (k) -* T, Ac
ILR Rl 0001 0001 1010 e (k-1) ->• Ac
ADD T 0000 1100 1010 m(k+l/ -> T, Ac
CIA T 0011 1110 0010 -ftHk+l)1 -> T



Address Mnemonic Machine Code Description
ILR R3 0001 .0011 1010 m(k+l)-> Ac
ADD T 0000 1100 1010 m (k+l)-rn (k+l/ - Ai->-T, Ac
SPA 0000 1101 1110
CIA T 0011 1110 0010 Ai+ T
ILR T 0001 1100 1010 A*i->- A c , T
SDR R4 0100 0100 0010 Ai-*- Ra
ILR R? 0001 0010 1010 m (k ) Ac
SDR T 0100 1100 0010 m(k)-> T
ILR Ro 0001 0000 1010 I s (k) | -*Ac
CIA Ac 0011 1111 0010
ADD T 0000 1100 1010
ILR Ri 0001 0001 1010
ADD T 0000 1100 1010
ILR R? 0001 0011 1010
CIA T 0011 1110 0010
ADD T 0000 1100 1010
SPA 0000 1101 1110
CIA T 0011 1110 0010
CIA T 0011 1110 0010
ILR T 0001 1100 1010 -A7/ -> Ac
ADD R4 0000 0100 1010 Al =A*i -Ar ->R4
ILR R?. 0001 0010 1010
INR Ac 0111 1101 0010
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1 Address Mnemonic Machine Code Description
AIA Ac 0110 1111 0010
SDR T 0100 1100 0010
SPA 0000 1101 1110
CIA T 0011 1110 0010
ILR T 0001 1100 1010 Ao->- Ac
ADD R/l 0000 0100 1010 A i + A V  r 4
ILR R? 0001 0010 1010
CSR T 0101 1100 1010
ADD T 0000 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
ILR T 0001 1100 1010 - A? ->■ Ac
a d d R4 0000 0100 1010 A.t+A?-*- Ra
Jmp cont

Less ILR R « 0001 0000 1010
SDR T 0100 1100 0010
ILR Ri 000 1 0001 1010
SPA 0000 1101 1110
CLR T 1001 1100 1010
ILR

— £i2------- 0001 0010 1010
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Address Mnemonic Machine Code Description
ADD T 0000 1100 1010
INR T 0111 1100 0010
ILR 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 Ac
SDR __r 4 0100 0100 0010 -* R 4
ILR Rq 0001 0000 1010
SDR T 0100 1100 0010
CIA T 0011 1110 0010
ILR Rl 0001 0001 1010
CIA Ac 0011 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 R 3 0001 0011 1010
CIA T 0011 1110 0010
ADD T 0000 1100 1010
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Address Mnemonic Mach-ine Code Description
SPA 0000 1101 1110
CIA T 0011 1110 0010
CIA T 0011 1110 0010
ILR T 0001 1100 1010 . II-At ■+ Ac
ADD r 4 0000 0100 1010 Ai->- R 4
ILR 0001 0010 1010
SDR T 0100 1100 0010
ILR R 1 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 Â ** Ac
ADD r 4 0000 0100 1010 Ai+ A ^ R 4
CLR T 1001 1100 1010
ILR R1 0001 0001 1010
SPA 0000 1101 1110
INR T 0111 1100 0010
CIA 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 - Ag AC
ADD R4 0000 0100 1010 A.̂  + A2 + R4

cont ILR R4 0001 0100 1010
CSR T 0101 1100 1010
SPA 0000 1101 1110
CIA 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 R5 0001 0101 1010
ADD AC 0000 1101 1010
ADD T 0000 1100 1010
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Address Mnemonic Machine Code Description
SDR R5 0100 0101 0010
ILR 0 0 0 1 0000 1010
SDR T 0100 1100 0010

- ILR R4 0001 0100 1010
SPA 0000 1101 1110
CIA T 0011 1110 0010
ILR T 0001 1100 1010 | s (k) | e (k) Ac
ADD Rl 0000 0001 1010
SDR RO 0100 0000 0010 s (k+1) R0
SDR T 0100 1100 0010
SPA 0000 1101 1110
CIA T 0011 1110 0010
CSR AC 0101 1101 1010
ADD T 0000 1100 1010
SNA 0000 1101 1110
JMP Large | s (k + 1) | >_ sQ
CSR T 0101 1100 1010
ILR R4 0001 0100 1010
SDR Rl 0100 0001 0010 delay e(k) as 

e (k-1) Rl
SPA 0000 1101 1110
CIA T 0011 1110 0010
CIA T 0011 1110 C010
ILR T 0001 1100 1010
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Address Mnemonic Machine Code Description
SDR RO 0100 0000 0010 s0e(k) - Rq

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)|= sQ
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 Sode 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 0000 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 Mnemonic Machine Code Description
SDR T 0100 1100 0010
ILR R4 . 0001 0100 1010
SPA 0000 1101 1110
CIA T 0011 1110 0010
ILR T 0001 1100 1010
SDR I*n 0100 0000 0010

NOS S ILR Ro 0001 0000 1010
ADD 1*7. 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 1*3 0100 0011 0010
ILR 1*4 0001 0100 1010
SDR 1*1 0100 0001 0010
Jmp WAIT 1111 1111 1011
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Appendix E
CVSD Xmitter Algorithm

(Rl) = s(k) , (R2) = m(k) , (R3) = e(k) , (114) = e(k-l), (R5) = e(k-2)
a = 0.95 Si = 200 mV sQ = 10 mV S± (1-a) = 10 raV

Address Mnemonic Machine Code Description

Start ILR R2 0001 0010 1010 m (k ) ■> Ac
AIA AC 0110 1111 0010 m(k) -m(k) -*■ Ac
CSR T 0101 1100 1010
SPA 0000 1101 1110
CIA T 0011 1110 0010
CIA T 0011 1110 0010 e (k)+ T
ILR T 0001 1100 1010
SDR R3 0100 0011 0010 e (k) R3
ILR R i 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) |+ Rl
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 Machine Code Description

ADC Ac 0000 1101 0010
ADC Ac 0000 1101 0010
SDR T 0100 1100 0010 0000111111+ T
ILR Rl 0001 0001 1010 |s(k)|-> Ac
RRA Ac 0001 1111 1010
RRA ?iC 0001 1111 1010
RRA Ac 0001 1111 1010
RRA Ac 0001 1111 1010
ANR T 1000 1100 1010

1
16|s(kj |+ T

CIA T 0011 1110 0010
ILR Rl 0001 0001 1010
ADD T 0000 1100 1010 | s (k) | -Mfils (k)l=a| s (k)| + T ,Ac
SDR Rl 0100 0001 0010 ct| s (k)|+ Ri
ILR R3 0001 0011 1010
SNA 0000 1101 1110
Jmp POS1 e (k)£r o
ILR R4 0001 0100 1010 e (k ) < o
SNA 0000 1101 1110
Jmp Discli e(k)<o. e(k-l)^o
ILR R5 0001 0101 1010 e(k)<o, e (k-1)<o
SNA 0000 1101 1110
Jmp Disch e(k)<o,e(k-l)<o,e(k+2)>o

. Jrap_. Charcje e (k)<o,e(k-1)<o, e(k-2)<o
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Address Mnemonic Machine Code Description
P0S1 ILR *4 0001 0100 1010 e (k) 5 0

SNA 0000 1101 1110
Jmp Pos2 e(k)%.o e(k-l)^o
Jmp Disch e(k)^.o e(k-l)<o

Pos2 ILR Rs 0001 0101 1010 e(kj»o e(k-l)£o
SNA 0000 1101 1110
Jmp cha i-'qe e ( k ) ,e(k-l)^o,e(k-2)^o

Disch. CLR Ac 1001 1101 1010
INR Ac 0111 1101 0010
SDR T 0100 1100 0010 So-*- T
ILR R 1 00 01 0001 1010 a 1 S (k )|-* Ac
CIA T 0011 1110 0010 -So-* T
ADD T 0000 1100 1010 ot| s (k) | -So-* T
SNA Ac 0000 1101 1110
Jmp large cx 1 s (k) | ̂  Sr>
CLR Ac 1001 1101 1010 a | s (k) I < £o
INR Ac 0111 1101 0010
SDR Rl 0100 0001 0010 So-* Ri

Larcre ILR Ri 0001 0001 1010
SDR T 0100 1100 0010
ILR R.l 0001 0011 1010
SPA 0000 1101 1110
CIA T 0011 1110 0010



-182-

Address Mnemonic Machine Code Description
ILR T 0001 1100 1010 ■

SDR Rl 0100 0001 0010 s(k+l)+ Rl
Jmp Estimate

charqe INR Rl 0111 0001 0010 s (k+1) =a | s (k)|+so
Jmp Large

Estimate SNA 0000 1101 1110
Jmp Pskl s(k+1)>o
ILR R2 0001 0010 1010 s(k+1)<o
SNA 0000 1101 1110
Jmp PMk s(k+1)<o, m(k)£o
ILR Rl 0001 0001 1010 s(k+1)<o, m(k)<o
ADR R2 0000 0010 1010
SNA 0000 1101 1110
Jmp Neqsat s(k+l)<o m(k)<o m(k+l)£o
Jmp Out

neqsat CLR Ac 1001 1101 1010
INR Ac 0111 1101 0010
RRA Ac 0001 1111 1010
SDR R2 0100 0010 0010 m(k+l)=1000000000->- R?
Jmp Out

PMk ILR Rl 0001 0001 1010 s(k+l)<o ra(k)io
ADR R2 0000 0010 1010 m(k+l) -*■ R2
Jmp Out
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Address Mnemonic Machine code Description
Pskl ILR R2 0001 0010 1010 s (k+l)^0

SWA 0000 1101 1110
Jmp posrnk s (k+1) io m (k) ̂ o
ILR Rl 0001 0001 1010 s ( k + 1 ) m ( k ) < o
ADR R2 0000 0010 1010 /Sm (k+ ])-* Ro
Jmp out

posrnk ILR Rl 0001 0001 1010 s(k+l)i.o m(k)^o
ADR R2 0000 0010 1010 m (k+1) -* R?
SNA 0000 1101 1110
Jmp out m (k+1)
CLR Ac 1001 1101 1010 m(k+l)<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)-v R?

out ILR R2 0001 0010 1010
CMA Ac 1111 1111 1010
OUT D/A 1101 0000 1000
ILR R4 0001 0100 1010
SDR R5 010 0- o io r 0010 delav e(k) as e(k-l)
ILR R3 0001 0011 1010
SDR A 4 0100 0100 0010 delay e(k-l) as e(k-2)

WAIT 1111 1111 1011 Wait for new sample
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Appendix F 

Switching Receiver Design

Address Mnemonic Machine Code Description
INITIAL CLR R„ 1001 0000 1010u

CLR Rj 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
A D D  AC 0000 1101 0010
AD D  AC 0000 1101 0010
ADD AC 0000 1101 1010
ADD AC 0000 1101 1010
SDR R? 0100 0111 0010 (R?)=0011001100

ADD AC 0000 1101 0010
A DD AC 0000 1101 0010
SDR Rg 0100 1000 0010 (Rg)=1100110011

ILR T 0001 1100 1010
ADD AC 0000 1101 1010
ADD AC 0000 1101 0010
A DD 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 (Ro)=0101010101y



-185-

Address Mnemonic Machine Code Description
START ILR Rj 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
C M A  AC 1111 1111 1010
ANR T 1000 1100 1010
ILR T 0001 1100 1010
SDR Rj 0100 0001 0010 MSB of Rj is ready to 

accept LSB of R2
ILR R2 0001 0010 1010

RRA AC 0001 1111 1010
SDR R 2 0100 0010 0010

CLR T 1001 1100 1010
INR T 0111 1100 0010
RRA T 0001 1110 1010
ANR T IP00 1100 1010
ILR T 0001 1100 1010
ORR Rj 1100 0001 1010

CLR AC 1001 1101 1010
INR AC 0111 1101 0010
RRA AC 0001 1111 1010
C M A  AC 1111 1111 1010
ANR R2 IQ00 0010 1010

LTM AC 0101 1011 1010
ANR R2 1000 0010 1010

ILR RQ 0001 0000 1010

RRA AC 0001 1111 1010
SNA 0000 1101 1110
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Address Mnemonic MacMne Code Description
JMP NO LSB Rq=0

ILR R q 0001 0000 1010 LSB Rq=1

SNA 0000 1101 1110
- JMP SVADM MSB Rq=0

JMP CVSD MSB RQ=1

NO ILR Rj 0001 0001 1010

SDR T 0100 1100 0010
ILR R g 0001 1001 1010

CIA T 0011 1110 0010
AD D  T 0000 1100 1010
SNA 0000 1101 1110
JMP AGAIN1
JMP NOZl (Rj^Rg)

AGAIN1 ILR Rg 0001 1001 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 ZERl (R1) = (Rg)

NOZl ILR R2 0001 0001 1010 ( ^ ( R g )

SDR T 0100 1100 0010
ILR R_o 0001 1000 1010

CIA T 0011 1110 0010
ADD T 0000 1100 1010
SNA 0000 1101 1110

JMP AGAIN2



-187-

Address Mnemonic Machine Code Description
JMP WAIT 1111 1111 1011 (RjtffRg)

AGAEN2 ILR Rg 0001 1000 1010

SDR T 0100 1100 0010
' ILR Rj 0001 0001 1010

CIA T 0011 1110 0010
ADD T 0000 1100 1010
SNA 0000 1101 1110
JMP ZER2 (RjHRg)

JMP WAIT 1111 1111 1011 ( V (Rg>
ZER2 ILR R2 0001 0010 1010

SDR T 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)ftR7)

AGAIN3 ILR R? 0001 0111 1010

SDR T 0100 1100 0010
ILR R2 0001 0010 1010

CIA T 0011 1110 0010
ADD T 0000 1100 1010
SNA 0000 1101 1110
JMP YES1 (R2M R 7)
JMP WAIT 1111 1111 1011 (R2tf(R7)

YES1 CLR AC 1001 1101 1010
INR AC 1 0111 1101 0010
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Address Mnemonic Machine Code Description
ORR RQ 1100 0000 1010 LSB Rg=l

ANR R q 1000 0000 1010 MSB Rg=0

JMP SVADM

ZERl ILR Rg 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

(R 2 ^ ( IV

AGAIN4 ILR Rg 0001 1001 1010

SDR T 0100 1100 0010

ILR R2 0001 0010 1010

CIA T 0011 1110 0010

ADD T 0000 1100 1010

SNA 0000 1101 1110

JMP YES2 (R 2)= (R g)

JMP WAIT 1111 1111 1011 (R 2) * r 9)

YES2 CLR AC 1001 1101 1010

INR AC 0111 1101 0010

ORR Rq 1100 0000 1010 LSB Rg=l

RRA AC 0001 1111 1010

ORR Rg IJOO 0000 1010 MSB Rg=l

JMP CVSD



APPENDIX G
MARKOV SEQUENCES AND CHAINS

1. Markov Sequences 

Definitions;
A sequence X_n of random variables is called Markov-1 

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

F ( x n l x n - 1 x n - 2 ’ ',xl) = F x̂ n l x n - 1 ) ' *n discrete (G-la)

f(xn |xn-ixn-2— x l̂  = f x̂n|xn-l^ ' xn continuous (G-lb)

Therefore the joint distribution of is determined by 
f(x^) and the transitional densities:

f(xr x2 ‘--xn ) = f(xnlXn-l)f(Xn-l|Xn-2)
... f(x2jx1) f(x1) (G—2)

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

f(x1|x2x3 ..,xn ) = f(x1jx2) (G-3)

Proof:
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2. From (G-l) we conclude that:

E t x n l x n - l - - - x l }  =  E { x n l x n - 1 }  ( G ‘ 4 )
3. In a Markov sequence one might say that if the present 

is known, then the past is independent of the future.
If n > r > s, then:

f (x x |x ) = f (x |x ) f (x |x ) (G—5)n si r nl r si r

4. A Markov sequence is called homogeneous if the 
conditional density f(xn |xn_1) is indepenent of n.

f (alx , = B) = function(a,3) (G-6)x  * n “ xn
5. A Markov sequence is stationary if it is homogeneous 

and all of the R. V. XR have the same density

f (a) = f (a) = ... = f (a) (G-7)
X1 2 n

6. The transitional densities of a Markov sequence satisfy

00

f ( x | x ) =  f ( x | x ) f ( x j x ) d x  , n > r > s  (G-8)n| s ' nl r rl s r '

Proof: For any three R. V. X , X , X we have  Jr n r ' s
00 00

f (x I x ) = f (x x I x ) dx = f (x I x x ) f (x I x ) dx n| s n rl s r nl r s rl s

Since the sequence is Markov-1, we have: 

f(xnlxs) = | f(xnlxr ) f(xrlxs) dxr
J  mmOO

Equation (G-8) is known as the Chapman-Kolmogoroff equation.
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2. Markov Chains.

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

alr a21 ’' ”' an7

p r [ X r T a n l X n - l = a n - l  X r a l J =  P r [ X n = a n l X n - l “ a n - l 1
(G-9)

then the sequence Xfi is called a Markov-1 chain.
Let

p^(n) = Pr[Xn= a^] , unconditional density (G-10)

P..(s,n) = Pr[X =a.|x = a . ], conditional density n>s ji ' n i l s ]  J
(G-ll)

note that small p means unconditional density and capital P 
means conditional density. It is obvious that:

Pi(n) = I P.i (s,n ) p.(s) • (G-12)
j

Furthermore:
I p.(n) = 1 , I P ..(s,n) = 1 (G-13)
i i

For a Markov chain we also have

Pji (s,n) = I Pk i (r,n) Pjk (s,r) , n > r > s (G-14)
k

which is the discrete version of .‘the Chapman-Kolmogoroff 
equation.

WithP(s,n) the square matrix with elements P^(s,n) 
»(n) the column mat: 

from (G-12) and (G-14),
and p(n) the column matrix with elements (n) we have
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p(n) = p(s) P(s,n) (G-15a)
E(s,n) = £(s,r) g(r,n) (G-15b)

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

P(k) = P(l)k . (G-16)

where P(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(l) (G—17)
then

g(3) = p (2) P (1) = p(l)P(l) = p (2) (G-18)

and by repeated applications

p(n) = E (l) (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 P(l)n tends to a matrix 
with identical row elements, and the limit:

lim p.(n) = p. (G-20)n -»-a>

exists, then we say that the chain is stationary in the wide 
sense, or asymptotically stationary.
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Appendix H 
Proof of Transformation

Let A be the following 8 x 8  matrix:

1 0 0 0 0 0 0 0
0 0 1 0 0 0 0 0
0 0 0 0 1 0 0 0
0 0 0 0 0 0 1 0
0 1 0 0 0 0 0 0
0 0 0 1 0 0 0 0
0 0 0 0 0 1 0 0
0 0 0 0 0 0 0 1

Then Pt (20) = A P(20) , where AT is the transpose of A.
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APPENDIX I

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

A(k,i) = Pr[m(k-l)=x^_1 (k-1), m(k-l) £ x i_1 (k-l)]
(1-1)

= Pr[m(k-l)=xi_1 (k-l) , m(k) = x^k)] (1-2)

Using Baye's theorem,

A(k,i) = Pr Lm(k)=xi (k) jm(k-l)=xi_1 (k-1) ]

•Pr [m (k-1) =x^_-^ (k-1) ] (1-3)

since

Pr[m(k-1)' = x^_1 (k-l)] = A(k-l,i-l) + B(k-l,i-l) (1-4)

The transition probability from level at time
k-1 to level x^ at time k is:

Pr [in(k)=xi (k) Jin(k-l)=xi_ 1 (k-l) ]

__________A(k,i) fT_5,
A(k-l,i-l) + B(k-l,i-l)  ̂ '
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