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BEYOND BOOLE ALGEBRA WITH TI TMS320 DSP MULTIPROCESSING
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Abstract

From information compression study, we assumed
the following outlines : i) Transmitted informational
state is a quantized, serial, local data. ii) Non-
transmitted informational  state is a continuous,
concurrent, distributed pattern. iii) It is possible to
define properties of a “Super-Boole” computer
matching this two kinds of information processing,
combining bits and forms, i.e. arithmetic calculus and
Boole algebra principles with harmonic analysis and
Lie algebra.

In fact, this principles point out quantum calculus.
But in the face of hardware difficulties making quantum
computer, and software difficulties (calculation time)
simulating with boolean computer, we suggest, to study
this systems, a circuit diagram with DSP processors.
Feasibility evaluation is proposed from fixed-point
TMS320Cxx.

Independance scale principle may be applied.
This principle of calculus does not modify the shape of a
form, only its amplitude. So normalized FFT Fy is seen

as NOT operator, convolution as OR, product as
AND, normalized Dirac distibution 81(x) and 1(x) as

boolean @ and 1 respectively.

Hardware applications like timing, computational
speed, wiring are examined. For instance, boolean
operation XOR here means a new DSP operation,
where signal and spectrum are multiplied. It is a new
device for programming.

From separability of M-dimension FT property, it
is possible to construct arithmetic acting on M-
dimension numbers whose "bits" are themselves signals
of N-samples, with a very important new feature : there
are two “zero”, the real number “0” and the “super-
boolean” zero normalized distribution &;. Other

extensions of boolean calculus, as non-commutability
and Lie algebra, modulation and modal logic, etc, are
to be considered. The main advantage in relation to
guantum computer is here it is extremely easy keeping
coherence, with SYNC inputs.
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INTRODUCTION

Compressing information embeded in a message
is possible because there is a code which is previously
set up between transmitter and receiver. A significant
message includes an information content (selective and
measurable content) that is realy transmitted, and an
identification content (structural content of the code,
context, system of reference) that is not transmitted

(1]12](3](4].

Transmitted information

Transmitted information measure is evaluated
from discernable states of a source. So extending
concepts from discrete to continuous models encounters
difficulties :

H=-3 pilogpi  ~ H=-[p(x)logp(x) d
= &

Entropy of a random variable with continuous
distribution may be negative, may become infinitely
large, and in contrast to the discrete case does not
remain necessarily invariant under the transformation
of the coordinate systems [5]. Two infinitely close states
(dx) cannot be distinguished. It exists a smallest
transmitted information  quantity YES/NO.
Transmitted information is a quantized state based on a
distinction operator, or indication [6], which is
depending on resolving power.

One can show with calculus of quantized
transmitted information that resolving power is linked
to sampling interval [7]. This is in time domain a
demonstration of Nyquist 's sampling theorem usually
established in frequency domain :

1

2Vmax =—

)

Transmitted information is effectively
transmitted, that is to say perceived, on condition that
receiver quantizes to distinguish, and samples to
guantize. Digital and sequential information computing
is a matter for some logical and mathematical rulers
lying in Boole algebra, modulo 2 arithmetic, integers
arithmetic. Order relationship in N allows univocal
identification by counting transmitted samples.

On the other hand, distinction process being
linked to receiver resolving power, if we accept
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information is the same whatever the size of physical
phenomena which support it (like a message is the
same in a low / loud voice), we must assume an
informational scale relativity principle signified
invariance whatever signifier scale.

Non-transmitted information

The theory of calculability shows fundamental
limits of computation. One of causes of this limits lies
in a basic theorem of set theory [8] : "the set of subsets
2(N) of a countable set N is not countable". We
assume such results apply to communication scheme.
Transmitted messages are made of finite series of
symbols which are quantized samples : the set of
messages — i.e. the set of answers — is countable. But
the set of knowledges, i.e. the set of languages, non-
transmitted information linked to the receiver,
characterizes the set of possible questions, i.e. the set
of subsets of words (written by receiver in its alphabet),
and so is not countable. There are (much) more
questions than answers !

So, if the set of non-transmitted information,
internal to the receiver, is not countable, it is a
continuum. Each form is globally and simultaneously
distributed to the wholeness of information set and vice
versa. Well-known theorem of Taylor's series of a
continuous function shows that in every point of such a
continuous object lies an information relating to its
wholeness. Likewise holograms.

To be identifiable and meaningful, such a set
must be ordered and coherent. This consistency results
from an ordered composition, second fundamental
operator after distinction. Receiver only understands
that is linked to the wholeness of its informational
universe. Some of mathematical bases of systems theory
is a Laurent Schwartz theorem which shows that it is
possible to describe any "black box" as a nucleus
operating on input by volterration :

(xOy)(U,v) = va(u,t) g(t,v) dt
! 3)

This composition of functions, defined for the
first time by Voltérra, leads to convolution.

General diagram

It is possible to consider this algebraic structures
of information processing as making a hierarchic
diagram (Fig. 1) with three levels : finite (finite sets,
boolean logic), countable infinite (integers, arithmetic),
non-countable infinite (forms, harmonic analysis). The
same operator present at two different hierarchic levels
owns a double meaning, as level in which it is. For
each algebraic level, a distinction operator (marked
Op) links up two associated composition operators
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which are a matter for a lower algebraic level and an
upper respectively :

Op(a * b) = Op(a) *» Op(b)
Op-i(a « b) = Op-i(a) * Op-L(b) (4)

"Op" is an homomorphism acting on operator
marked * and making a new operator marked ¢ at the
next level (this process is reversible). Changing level,
objects are changing of context, that is to say
identification content.

Formal information processing

Formal analogies between boolean calculation
and harmonic analysis are well-known : {-,00,0,3,1}
<=> {%*,.0,1} where ¢ and * are respectively
Fourier Transform and convolution,  and 1 Dirac and
unit functions . This parallel is not exact because of
multiplication of distributions impossibility. Therefore,
it exists methods of calculation to bypass this difficulty
in some particular cases [9].

Table 1 : Boole versus Fourier

Distinction -—a=a FIFX®1] = x(-1)
Association c=alb z(t) = x(b). y(t)
a=al(l X() =x(t) . 1(t)
c=alb z(t) = x(t) * y(b)
a-alg@ x(t) = x(t) * &(t)
Variables 1=-0 1(t) = F[(1)]
g=-1 o(t) = FIL(1)]
Duality -a O-b =-=(alb) <x]* 4y] = F[x.y]
—al-b==(alb)  7x]. 7yl = 7[x*y]

Like NOT and exp/log operators, Fourier
Transform is a distinction process which can operates
between two limits :

F [a.ebt?] = A.e-BVZ (Gauss) =H(@0)=0 (5)

FIO_I_I]=1_1_l, (Dirac's comb) = H(1) =0 (6)

It means significant information content lies
somewhere between desorder of Gauss function (like
entropy H of zero-probability), and absolute order of an
infinite Dirac's comb (like entropy of probability equal
to one).
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Teaching information processing

The former hierarchic diagram shows the strong
coherence and the deep unity that exist between all the
information processes, from boolean calculus to signal
processing : fundamental concepts are the same along
the whole diagram. For teaching this overview is a
convenient way to introduce this topics with students.
For instance convolution theorem corresponds to De
Morgan relations (see tab. 1). The differences are also
instructive : for instance, between F[F[x(t)]] = x(-t) and
——a = a.

SOFTWARE APPLICATION

Specifications

-implementing intelligent calculation functions
with signal processing,

-simulating boolean processes by DSP operators,

-extending boolean logic gates properties with
DSP features.

Discrete implementation

Physical harmonic analysis of forms follows
limitations quantization, windowing, sampling,
holding. This physical limitations are inevitable from
the moment that one wants to implement a form, a non-
transmitted informational state in real devices. So
Z,*,.,0,1} algebra is "digitalized", < becomes Digital
Fourier Transform (noted F), whose calculation is
performed by FFT "butterfly" algorithm. In this case
“distributions” multiplication becomes approximable.

This kind of limitations is well-known in the cas
of boolean computers : it is impossible to comput
infinite quantities, so the only arithmetic wich allows
exact calculations is modulo 2 arithmetic. All the more
so it's the same for calculations on real quantities or
forms : hardware carrying out this operations is also
necessarily approximate.

Normalization and NOT operator

FT et IFT (Inverse Fourier Transform) are two
symmetrical operations. As F[F[x(t)]] = x(-t), we have,
for an even distribution like 8, a relation similar to
logic relation --a = a.

Unfortunately, this is not true in the digital case,
because of 1/N factor that takes place in the IFT :

N1 p.S N-1 oS
X()= Y xe N x) == Y X(e
k=0 N J=0
(7)

So, if we want that --1(t) = 1(t) et —=-d(t) =
o(t), we must translate non-transmitted operators by

applying independance scale principle. So the main
operator which is Fourier Transform becomes :
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FIx(k)]

i) = k)] = ——————
X1(]) = Fa[x(k)] suplF[x(k)]l

(8)

With this procedure, all resultant amplitudes are
kept equal to one. But this principle of calculation does
not modify the shape of forms. So normalized FFT F1 is

seen as a NOT operator : a "dirac" that is normalized
to one is the inverse of 1(t) function, and conversely.

This static scaling must not be confused with
dynamic scaling used in FFT computation to avoid
arithmetic overflows. Here, the maximum of FFT
result magnitude is calculated, and all samples are
divided by this quantity, such the max result is equal to
one.

To calculate X;(v) = F4[x(t)] with equation (x),

we can use the following algorithm :

Calculating FFT : X(v) = F[x(t)]

sup|Xw)| =0

fori:z=1to N, do :
calculating |[X(vi)| = V[Re2(X(vj)) + Im2(X(vi))]
if | X(vj)] = sup|X(v)| then

sup|X(v)| = Xl
end if
end do
fori:=1to N, do:
X1(vi) = Re(X(vy)) / sup|X(v)|
X1(vi) = Im(X(vy)) / sup|X(v)]
end do

This normalization inserts a non-linearity in
harmonic analysis, which loses some of its features so.
This process is similar to a NOT logic gate, that is in
fact a linear sign-changing amplifier whose saturation
levels are held to 0 V and 5 V. So this NOT device
loses some of its features as linear amplifier but keeps
this basic one that is reversing.

Scaling and AND operator

To perform this algorithm, we could use a
floating-point processor as 'C30. But it is less expensive
to perform this calculation with a fixed-point processor.

In fixed-point format, the dynamic range is
sufficient for our purpose. A 16-bit number can vary
between -32,768 and +32,767. Q15 format is a
programmer's convention : the location of the binary
point affects neither the arithmetic unit, nor the
multiplier in the DSP. It affects only the location from
which the result will be read and has no relation to the
hardware. To perform a NOT operator by FFT, and a
AND operator by product, we need only the following
rules (in two's complement) :
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NOT : Fy(positive full scale) —> positive full scale

AND : positive full scale X positive full scale —>
positive full scale

such, if any sample keeps an amplitude equal to 0
or 1, the product result (AND) equals always 0 or 1 (as
1 x 1 = 1). For instance, it would be possible to
consider the point between bits 14 and 13 (Q14
format), so the most positive number, which is equal to
1-2-15 in Q15 format, would be equal to 2-2-14, In this
hypothesis, we have to limit positive numbers (i.e.
scaling) to the value of one exactly. With such a
convention, we lost 3 dB in dynamic range, but we no
longuer need floating-point calculation.

OR operator

As for OR operator, we can : either directly
perform convolution (as circular convolution) ; either
perform it applying convolution theorem, as a logic OR
may be calculated with logic AND and NOT according
to De Morgan theorem. To be exact, it would be
necessary to extend vectors to 2N points, filling with
zero segments between N+1 and 2N, to take
windowing and aliasing into account. But if we limit us
to vectors as 64(t), 1(t) and normalized combs, we do

not care of this here.

"Superbits" : Dirac's Combs

Sampling signals make periodic their spectrum,
and conversely. So the above calculations are
performed in fact with digital Dirac's combs, whose
periods are equal to one for 1(t) and N for &,(t). As

Fourier Transform is an homothetic operator :

1 BE
IIx(at)] == X
X@0l= X E o

we may consider combs whose periods equal a
and 1/a. So a large enough value of N allows us full
scope to choose superboolean @ and 1 combs. It
depends on the value of a only, which must equal a
power of two between 1 and N/2.

Clearly, if superboolean @ and 1 are N-point
vectors, this variables will get new algebraic
properties, that have not ordinary boolean variables.

"Superbytes" : M-dimension signals

Fourier Transform of a separable M-dimension
function is separable. So a M-dimension FFT is
calculated as (here M = 2) :
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N,-1N,-1 sigmkads  jppkal2
o N N
X(j1.J2) = z Z x(k1,kp) e te 2
k,=0 k;=0
(10)
Let N; = Np =... = N (square matrix). Let

signals : 0;(k1).01(k2) ; 01(k1).1(k2) ; 1(kyp).01(ko) ;
1(k41).1(k»). This signals are equivalent to bits series :
29, 31, 14, 11. We have (concatenation marked ":") :

-{a:b}=-a-b <=>
F1[ x(ke).y(k2) ] = Falx(kp].Faly(k2)] (11)

This relations extend to any number of "bits", and
calculations on M-bit words are possible, such as classic
logic does. Bit-by-bit OR, AND, XOR,... operations
ensue. Furthermore, a half-adder would be designed
like this. Let :

z=x+y with %y 0 { 81(k), 1(ky) }
z 0 { d1(kp).d1(k2) ,

A1(kp)- 1(k2) , 1(Kq). 01(k2) , 1(ka).1(k2) }
Then :

s(ky) = x(ky) O y(k1)
c(k2) = x(ky) Oy(ky)

s { di(ky), k) }
c{oika), Uk} (12
This algorithm allows enumeration of integers, a
N-value integer being in fact designed by a volume in
M-dimension space, with M > 1+E(logsN).

Timing

If we are just calculating with d,(t) and 1(t)
variables as noted above, clearly achieved results and
properties are quite identical to classical logic. But we
have now to consider translation in time of such signals
like combs (whose sampling period is between 1 and
N). This means to perform calculations with complex
values. Algorithm could be executed in two steps : first,
a proper calculus on complex amplitudes ; second, a
"measure" process which gives the final data as a
modulus. This process is equivalent to calculate light
intensity from electromagnetic amplitude, or a quantum
measure process. It is also evoking neural process,
where nerve impulses are pulse groups whose phase is
a kind of brain information coding [10].
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HARDWARE APPLICATION

Note : at this point, we do not choose among
TMS320 family. To evaluate feasability and properties
of super-Boole computer, we only need of an overview
of key features of the TMS320 DSP processors, wich
are indicated by 'C10,..., 'C50.

Accuracy
First, from N = 128 to 1024 are usual sizes for

discrete  signals. Physical considerations such
indetermination principle, which is a consequence of
Fourier Transform properties :

1
At.Av > —

N (13)

mean enhancement of practical and theoretical result
interest if N increases : sharp forms require great
values of N to avoid aliasing. But indetermination
principle means infinite accuracy that is impossible on a
super-Boole computer, as N-bit lenght words of boolean
computer are also limited.

Second, with a 2-point FFT (N=2), calculus
operate on 0-phase and tt-phase signals. Phase shift
accuracy depends on size N of samples set : with an
order of magnitude N = 102 (i.e. N = 128, 256,...),
many cases may be considered.

Memory considerations

-Each super-Boole operator needs a buffer size of
2N words (complex data of N samples) for just one
superbit. On an other hand, an on-chip memory is more
usefull, facing the complexity of the whole super-Boole
computer.

For instance, 'C20 has 544 words of on-chip data
RAM, organized in two 256-word blocks : this memory
allows to implement a NOT operator with 256-sample
signal and in-place FFT computation. Or it allows a 2-
input OR, AND,... with 128-sample signal using 2-
block RAM configuration of 'C20.

-Each super-Boole operator needs always the
same program, to perform for instance a 2-input
NAND. A macro implements a radix-2 DIT N-point
FFT, with static scaling to ensure normalization
(ranging in 0-1 magnitude) of superbits. With looped
code, ROM matrix of TMS320 such 'C25 (4K words on
masked ROM) holds easely FFT and normalization
implementations.

Calculation time

A radix-2 128-point looped FFT needs 21,879
clock cycles and 4.375 ms execution time on 'C20 (with
5 Mhz clock) [11]. This features must be compared with
ordinary boolean circuits, which perform boolean
operations in some nanoseconds ! So there is an order
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of 106 between time calculation of Boole and super-
Boole computers. This is inherent to working principles
of the latter. In return, it could present new properties
that can only appear at this level of complexity, as we
will see later.

An other possibility would be to choose special
purpose DSP chips. This solution is interesting for a
second step of this project, when features of super-
Boole computers will be well known. But in a first
time, general purpose DSP like TMS320 are a better
approach to develop basic algorithms and to draw the
simplest diagram.

Timing

One of this new features is to be able to comput
with lead or lag superbits. So there is necessary to
ensure a good synchronization inside the whole device
to keep some phase constant throughout a calculation.
For example, simulating an holographic operation,
where the result is (hologram = NOR super-Boole

op.):

Fixty] <=> - (alb) (14)
needs a sharp control of phase between x and y
signals. This synchronicity does not appear on an
ordinary boolean device, because a and b boolean
values are supposed to be holded on input wires of
NOR operator during the whole operation. So a timer
(like a program counter) must control the calculation
development on each supergate using HOLD inputs of
TMS. A general RESET (for 'C50) or SYNC
operation (for 'C25) before each set of superboolean
calculations must be perform to control time origin.
This facilities which are encountered on such
silicon devices are the main advantage in relation to
guantum computers : it is extremely easy to keep
coherence between components, even this ones are
separated by a lot of intermediary steps. This is not the

case on quantum devices — it is far from being so.

Multiprocessing

Performing an in-place FFT requires to know the
whole set of samples of superbits, like an "offline"
process (this is not the case for convolution, that is
possible to perform "online"). So we have to transmit
the samples from the supergate k to the next one k+1
as a "burst" mode as soon as computation by k-gate is
ended.

Gates k and k+1 can be interfaced using several
solutions. Interrupt (INT) and branch on I/O (BIO)
are inputs that are provided from asynchronous sources
within a system. The BIO input provides a convenient
approach to implementing polled I/O. Two processors
can also be synchronized by using BR and READY
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signals. An other approach for TMS multiprocessing is
a multiple master-slave configuration using direct
access memory (Fig. 2) [12]. The master (k+1)
requests data from the slaves (gates k, "providers").
After each slave's buses control and hold acknowledge
signal (from HOLDA slave to BIO master), the slave's
XF signal is wired to an INT input of the master : XF
is used to indicate to the master when next data are
avaible. Such the supergate k+1 may use up to 4 inputs
contoled by INT1,2,3,4 with 'C50.

Such a device is not only able to perform boolean
calculus from input variables to output results, but also
able to perform backward calculation from outputs to
inputs : since data buses are bidirectionnal, coefficients
(like adaptative filters) can be calculated from results
to tune previous operations.

Figure 2 : Master-Slave TMS multiprocessing

k p—

ov

5V

(bit)

- (ADB)

(superbit
on data bus)

16 INT 16

XOR

The basic process making a programmed device
with logic gates is XOR operator (exclusive-OR).
Obviously, we could perform programmed operations
by changing subroutines in TMS processors, for
example to calculate an AND then an OR. But this is
not the purpose of our project : super-Boole computer
must not need any external programming to choose
some operation : as an ordinary ALU, wich carries out
good operations just by external signals on
programming inputs.

So the basic function is a YES/NOT programmed
operator, wich is performed as c=aldb : ifa =1 then c
= b else ¢ = =b (Fig. 3).

The boolean operation XOR allb = (all=b) O
(—alb) here means a new DSP operation, where signal
and spectrum are multiplied :

xay =x.F1(y) * F1(X).y = x.Y1 * X1y (15)
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For example, y is a programming input, while x is
the variable. If signals are basic superbits (normalized
combs), the condition if... then... else... is performed
exactly like a boolean calculation. But if the shape of y
at logical state "1" is not exactly like a sampled 1(u),
with some samples changing about this value for
instance, new conditions add to trigg the execution of
the if...then...else condition.

Super-Boole ALU

At last, a whole logic device as 4-bit ALU
SN74xx181 can be translated in super-Boole logic.
Therefore, the internal diagram of such a device, with
about thirty TMS320 interconnected, is to be
reconsidered. If we examine the detailed logic diagram
of a "simple" SN74xx283 4-bit adder , a basic solution is
: each TMS320 takes place of each gate (a maximum of
4 inputs is necessary). But it would be possible to
simplify this diagram, because TMS's are underused if
they have to perform just a multiplication (AND
operators). The internal bus structure of the 283
allows, with multiplexers and further addressing
features, connecting some less processors.

RS flip-flop
The flip-flop RS operation means here a
recursive calculation :

Qn+1 =SUQp=R) => zpi1 = X*(Zn.Falyl) (16)

This flowchart implies a polling algorithm so that
RS is able to change state when a new data occurs on
inputs R or S. This means a TMS320 would be
performing this calculation at any time, a further
handshaking being necessary between the flip-flop and
the previous devices to take count of new data.

If the shape of f and g at logical states "@" or "1"
are not exactly like sampled &1(u) and 1(u), with some
samples changing about the right shape, new conditions
add to trigg the RS :

-first, limit of convolution of some signal (except
01, 1, ..) with itself is a gaussian (central limit
theorem). In turn, because of aliasing, limit of sampled
gaussian is 1(u) :

t2

X DE( D’x D[x D[]”E . e_;k2 LK) .

-second, limit of multiplication of a sample with
itself is : either 1 if sample amplitude is equal to 1 (1
X 1 = 1) ; either 0 if sample amplitude is contained
between 0 and 1 (0.x X 0.x X ... —> 0). So, for some
signals, we have :
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O O
X DQ( D[x D[x D[”]E - 01(k)
(18)

This means super-RS is acting like a filter. This
is a stability property that, from noise signals, returns
normalized combs and basic shapes &;(u) and 1(u).

Figure 3 : 1-bit 4-instruction super-Boole ALU

« Simplest computer of the world !
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-1 12 34 -1 I) 1234
x*y = ¥ x(i)y(k-i) = y *x CONVOLUTION
start of convolution : end of convolution :
y start k=1 k=2 k=5
X start
> (i) y(1-i) = 2 > (i) y(2-) =5 > X(i) y(5-i) = 3

LN

1234 i
y*x = 3 x(k-i)y(i) = x*y

start of convolution :
k=1

end of convolution :

y start k=2 k=5

X start

2 X1y y() =2 2 x(2) y() =5 2 x(5-) y(i) = 3

LN

P NWhA OO N ®

P NDWhHh OO N ®

(xdy)(k) = & x(y(i-k) = T x(i+k)y(i) = (x Oy)(-k)

start of correlation :
k=-3

end of correlation :
k=1
X start

y end

> x() y(i+3) = 6 > x()y(-1) =1

123 4 | 123 4 123 4 i

(x0y)(K) = & x(Dy(i+k) = 3 x(i-K)y(i) = (x Oy)(-k)

start of correlation :
k=-1

end of correlation :

k=0 k=3

Y x(i+1) y(i) =1 > x() y()=3

2 x(-3)y() =6

1234 [ [
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CORRELATION

8
7
start end
4
3
2
1 k
} —
4321012
8
L
6
5
start 4 end
3
k
t |

-2I-i({)l 234
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NEW FEATURES

Going beyond Boole algebra with DSP is possible
because superbits are vectors on which it is possible to
perform more powerful basic operations like Fourier
Transform and convolution algebra. Moreover, DSP
processors could compute several superimposed signals
like combs of different frequencies and phases, so it
would be possible to simulate the superposed states of a
quantum computer operation. In this section, we shall
examine briefly some simple features which
couldenhance the power of electronic calculus.

Symetry

Discrete Fourier Transform of a scalar (DFT on
a single point) is this scalar itself :
FIk] = k (19)

It means superbits are necessary vectors to be
distinguished. But vectors imply to define the origine
and the direction with wich they are defined. We will
see the problem of origine latter and consider now the
direction.

First, as we noted, F[F[x(t)]] = x(-t) : double
negation is not equivalent to a simple NOT operator.
We do not care of this fact if function x(t) is even. But
in the general case, we have to consider hermitian
symetry, which transforms convolution in correlation :
X(t) —>xH-)  => x(t) O y(t) = x(t) * yH-1)

x(t) O yH-t) = x(t) * y(t)

(20)

Convolution and correlation has two distinct
algebraic structures [13], as convolution is a
commutative and associative operation, while
correlation is not. To study the two algebras noted A=
(avec » = * ou 0) let the terms :

[Xy]*= Xey-yex (commutator) (21)

[f.g,h]= =fe(g=h)-(feqg)*h (associator) (22)
It is easy to show that :

[fol* = 0 [f.o.h]* = 0 (23)

[f,gl” # 0 [f.g,nlY # 0 (24)

This relations characterize A* as an abelian
algebra (as Boole algebra), while one shows that :

[ff1° = 0
[if.g1%.h1" + [[g,h]7.f 10 + [[h,f19,g]Y = O

(25)
(26)

This relations characterize AU as a Lie algebra.
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On a limited integration domain (the case of
physical signals and filters), start of convolution is
calculated summing product of start of x form by start of
y form (Fig. 4). This calculation can be performed in
place between input data and system pulse response, as
instantaneous coding. While start of correlation is
calculated somming product of start of x form by end of y
form or, symmetrical but not commutative calculation,
somming product of start of y form by end of x form. So,
it is not any more equivalent calculating a O b and
b O a. Information direction becomes significant.

Phase

An other feature of super-Boole calculus concerns
the definition of origin from which samples are
repaired. Consider for exemple a 2-point FFT whose
signals are a= §;(k) and b = 1(k). In this conditions,

FFT is:

Figure 5:x —>y

1 1 I
- F > 1
0 1 0 1
* X(0) = x(0) + x(1) A
t-T X(1) = x(0) - x(2) e-2iTvT
1 I 1 ¢
F
-« > —
0 1 0 1|
© Ok

X(0) = x(0) + x(1)
X(1) = x(0) - x(1) (27)
Consider ¢ which is the translated of a. With 2-
point signals, this corresponds to a phase difference of
1 (Fig. 5).
If we calculate basic superboolean operators from
a and b, we obtain the following results :
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Table 2 : 2-point FFT with lead/lag signals

x vy [ XANDYy xORYy X—>y
aa a a b
ab a b b
ba a b a
bb b b b
cc c a -d
chb c b 0
bc c b C
bb b b b

For AND and OR 2-point supergates, results
differ not much from ordinary logic calculations. As we
noted former, we can calculate the amplitude of the
result (as a measure process), so AND and OR are
strictly the same. But there is not the case for logical
implication. Consider the arithmetic zero (marked 0)
means a null condition, something which is not
significant — a "NAM" (Not-A-Meaning) like it exists
"NAN" (Not-A-Number) in high level programming
languages. Then, something which is false cannot imply
a true consequence, contrary to formal logic. Just a non-
sens.

Modulation

After symetry and phase, a third possibility of
changing and improving the basic logic is to modulate
or to translate the superbits. Then, the following
diagram show that there is a common structure between
Fourier calculus and modal logic :

Flxt1)] = e2w™T F[x)] -Op=0-p (28)
Fle2mt. x®)] = X(v-a) —~Op =U-p (29)
x(t-1) = F[e2mt . X(v)] Up = =0-p (30)
e2imat . x(t) = F[X(v-a)] op=-0-p (31

For instance, such a modal scheme can be
interpreted by 0 and O quantificators (Fig. 6). With x(t)
= &;(t) , 1(t) it is possible to show that :

Op —>p <=> | Fa[x(t1).F1lx(®] ]| = 1 (32)
p—>0p <=> | Fy[ x(t).File2mtx()] ]| =1 (33)

are true (a complete discussion of this topics is in
preparation)

This means it would be possible to go beyond
classical logic calculus, introducing a modal logic
nearer thought features than boolean calculus. A
computer designed with DSP TMS320 processors
performing intelligent calculations from the underlying
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hardware level, could be powerful to solve some
challenges of automatic reasoning.

Figure 6 : modulation and modal logic

Fle-2imat x(t)]

\F/
T

X(t-1)

e2imat x(f) —e-2IMVT F[x(t)]
Op ~ / "
/ \
op -p
(Ox)ax =(Dx)ax
\_‘ /
/ \
(IX)ax ((x)—ax
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