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1 Introduction

1.1 Nonlinear Dynamics for Computation

Nonlinear differential equations and iterated maps can perform any computation. They are Turing equivalent, which
means that they can solve the same computational problems as a Turing Machine in about the same amount of time
[MOO99]. To make this precise, systemsthat arein the class called “ Turing equivalent” can solve the same computa-
tional problemsin atimethat isapolynomial of the amount of time required by any other machinein this classto
solve the same problem [SIP97].

Sometimes, the most difficult part of performing a useful computation, however, iswriting the program. Further-
more, engineers often care about a“mere” polynomial speedup, and so we often need to build special purpose com-
puting hardware suited to run a particular program very efficiently. A perfect example of thisis high speed digital
signal processing (DSP) hardware that is optimized for performing real-time convolutions (often for filtering) on sig-
nals.

Although nonlinear dynamic systems will not far exceed conventional Von Neumann machines in general, for exam-
ple by solving NP complete problems in polynomial time, nonlinear dynamics does provide a novel and useful lan-
guage for devising new “algorithms’ and “computer architectures.” Nonlinear dynamicsisarelatively new field,
though, and its application to computation is still essentially in itsinfancy. In fact, the system proposed hereis one of
the first nonlinear dynamic systems engineered to perform a practical computation.

Carver Mead at Caltech has proposed that there is an engineering trade-off between the flexibility of a computing
machine architecture to handle many different problems, and its power to solve a specific problem efficiently. For
example, the highly parallel architecture of the visual cortex is perfectly organized to excel at edge/feature detection
inavisual scene, but it would take a major restructuring at the hardware (wetware) level for the visual cortex to per-
form any computation other than the one for which it evolved. On the other hand, we have not yet been able to con-
struct a Vonn Neumann architecture machine that can perform the functions of the visual cortex in real time, even
though the time order behavior of asilicon transistors is more than five orders of magnitude faster than the time order
behavior of the biological neuron. The human nervous system gains incredible computational leverage by having
hardware specialized to handle specific tasks. We currently sacrifice this power in the personal computers by requir-
ing that they have an architecture general enough to run any program. We can therefore expect a productive evolution
of specialized computing hardware long after we reach the size and time scaling limits of silicon. The work presented
here isintended as a step in this direction. Section 2 on page 13 provides an introduction to nonlinear dynamic sys-
tems theory to acquaint the reader with the basics of this mathematical language.

1.2 AFSR (Analog Feedback Shift Register)

An ordinary FM or AM radio has aresonant circuit constructed from an inductor and capacitor that resonates with or
entrains to a particular incoming electromagnetic wave or “carrier frequency”. The resonant circuit is asimple physi-
cal mechanism that resonates with one particular incoming signal while rejecting the others. Tuning into a modern
digital wireless communication isnot so simple. Modern digital wireless uses Soread Spectrum (SS) in which a
“pseudo-random bit stream” is employed as a“ pseudo-carrier.” Current state of the art SS receivers use relatively
expensive, power-hungry, high speed digital signal processing (DSP) chipsto tuneinto thisincoming pseudo-random
bit stream. This approach, however, does not scale well for making ubiquitous short-haul wireless communications
for application in inexpensive consumer products. As an alternative to using a DSP chip to tune into a SS signal, one
could imagine a physical structure analogous to a resonant circuit which would entrain to an incoming pseudo-ran-
dom bit stream.
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In fact, amathematical system with the necessary dynamics has been proposed by Grinstein and Gershenfeld
[GER95]. | have improved upon this mathematical system, the AFSR (Analog Feedback Shift Register), and taken
steps toward implementing it in hardware. The AFSR could potentially be a component in aless expensive and more
energy efficient front end for SSreceivers. The AFSR structures may also have other applicationsin IrDA transceiv-
ers, remotely read auto-1.D. tags, or flat screen technology. AFSR is potentially useful in applicationswhere low cost,
low power addressing or channel sharing is desired.

1.3 The Need for Low Power, Low Cost Transceivers that
Share the Channel

Demand for bandwidth resources as well as consumer applications will drive the development of low cost, low power
short range transceivers. We can make more efficient use of bandwidth if wetile a cellular wireless system using a
greater number of shorter range transceivers. We call this Space Division Multiple Access (SDMA) to draw a parallel
to Time and Code Division Multiple Access (TDMA and CDMA) which will be explained later. In acellular or
multi-hop peer-to-peer network, messages hop from one transceiver to another across afield of transceivers. The
basic ideaof SDM isif we simultaneously increase the density and decrease the range of the transceivers, the total
number of message packets in transit across the network at any given instant can be greater, because each messageis
occupying less physical space at any given instant in time. To avoid frequent packet collisions, however, each trans-
ceiver needs to be able to communicate on anumber of different channels. Short range transceivers need to be able to
share the available spectrum.

In addition to their use in wireless networks, short range transceivers will soon find consumer applicationsin the
home, automobile, and likely in wearable or “ personal area’ networks (P.A.N.). If the Internet is to become portable,
then short-range transceivers will become increasingly important for transmitting information over the last few
metersto the user. Just aswith present day cell phones, many of these devices will need to be able to communicate on
ashared spectrum to asingle base station. Therefore these transceivers require alow cost, low power, low complexity
scheme for channel sharing.

1.4 Direct Sequence Spread Spectrum (DS SS) for Simple
Channel Sharing

The problem that immediately arises in multi-transceiver radio systems is channel sharing. How can multiple trans-
ceivers operate in proximity to one another without causing interference problems? Because short range transceivers
are to be portable and/or ubiquitous, they should have arelatively low complexity. We therefore need arelatively
simple system for sharing available bandwidth. Direct Sequence Spread Spectrum (DS SS) offers an attractive solu-
tion to this channel sharing problem.

The advantages of Spread Spectrum (SS) in general and DS SSin particular are manifold and virtually al high per-
formance commercia wireless systems employ DS SS. In addition to providing a simple scheme for channel code
allocation, DS SS offers low peak power, excellent resistance to interference including interference from echoes
known as multipath interference, easily scalable processing gain, excellent bandwidth efficiency when used in a
microcell system, and graceful rather than catastrophic bit error rate (BER) degradation as more transceivers share
the channel. In addition, improvements for DS SS systems are of interest for their applications in making high resolu-
tion timing measurements asin global positioning systems (GPS).

1.5 The Acquisition Problem

Asbits leave the transmitter in DS SS, they are multiplied by a string of “ pseudo-random bits’ known as a Pseudo-
random Number sequence (PN sequence). This PN sequence is a string of bits that appears random by statistical stan-
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dards, but which are actually generated by a deterministic algorithm. The outcome of this multiplication of data bits
with the PN sequence is a bit stream which looks still looks like white noise, but which has the data hidden init. All
that is required for areceiver to recover the original dataisto have an identical PN sequence generator running in
synchrony to the PN sequence generator in the transmitter. The receiver can then subtract out the PN sequence from
the received signal thereby leaving the original data. In the process, the receiver ignores all other data signals modu-
lated by other PN sequences, which iswhy DS SS hel ps solve the channel sharing problem. A key difficulty liesin
getting the PN sequence generator in the receiver to synchronize with or acquire the PN sequence coming from the
transmitter, and then to maintain synchronization. Achieving this synchronization is called code acquisition. Main-
taining synchronization is called tracking.

State of the art acquisition systems can have long and unpredi ctabl e acquisition times which make them unacceptable
for multi-hop peer-to-peer networks which make and break connections often as they route traffic. This kind of net-
work will require acquisition times much less than the time it takes to transmit a packet. Present day acquisition sys-
tems are al so power-hungry, because they use high speed Digital Signal Processing (DSP). The energy consumption
of these processors scales linearly (at best) with the frequency of operations. State of the art acquisition systems are
also relatively expensive to manufacture because it isimpossible to integrate the high speed 3,5 semiconductor com-
ponents they require with the baseband system for which standard silicon is adequate. AFSR is a nonlinear dynamic
system designed to perform spread spectrum code acquisition. It hasthe potential to be lower cost by being integrated
and lower power by being “adiabatic” compared to the present state of the art SS acquisition systems. One can think
of AFSR as akind of phase locked loop (PLL) which has a“voltage controlled PN sequence generator” instead of a
voltage controlled oscillator (V CO). My recent work on AFSR a so holds promise for performing tracking as well as
acquisition.
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2 Nonlinear Dynamics

2.1 Introduction to Nonlinear Dynamics

Never forget that the primary method in the field of nonlinear dynamic systemsis simply varying the coefficients of
the nonlinear termsin a nonlinear differential equation and examining the behavior of the solutions.

Analytical methods (i.e. using pen and paper) are fine for finding closed form solutions to linear differential equa-
tions. Indeed most of the history of physics can be seen as the attempt to fit linear differential equations to natural
phenomenon and analytically predict their behavior. Thiswas not so much out of choice, but because the behavior of
linear models can be can be predicted using the tools at hand, namely, pen and paper. The methods of analysisused in
nonlinear dynamic systems theory, such as varying the coefficientsin anonlinear differential equation and observing
the solutions, have been understood to be desirable for quite along time, but required the advent of modern comput-
ersin order to be practical.

An nth order linear differential equation is an equation of the form

N N-1 2 1
N Ay S e a8 A SX A = £ 2.1.1)
atN atN -1 dt2 dtl
Theterm on theright hand side, f(t) , isknown asa“forcing term.” If f(t) = 0, then thisis said to be a homogeneous
equation. This equation can also be manipulated so that it can be written as a system of linear differential equationsin
the form

o
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where x isnow avector, (X9 X0 ¥, X7) and A isnow amatrix. A nonlinear differﬁn(t)ial equationisjust alinear dif-
ferential equation with at least one nonline%rjrgerrg%ﬁterm either of theform, A gg-—)—(+ , where g isapolynomial or
X

n
transcendental function, or of theform A _c=X:c%X: where p and n can be the SaiWor different.
edtPoeqtNe

Almost all differential equations in physics are no greater than second order, because two phenomenon that occur at
vastly different time scales (vastly different orders of derivative) rarely have a strong effect within a single system.
Thisleaves physicswith only ahandful of linear second order (or fewer) differential equationswith which to describe
physical phenomenon. In fact we can name all of these handful. They are the Wave (Simple Harmonic Oscillator),
Diffusion (Heat), and Laplace equations.

On the other hand, it seems that there can be an enormous number of interesting nonlinear alterations to this handful
of linear differential equations. Why has physics been so successful using only these limited linear models? Is the
universe really linear? The answer isthat physics has indeed confined itself to a subset of physical phenomenon,
because without computers it was essentially too difficult to understand the behavior of most nonlinear differential
equations. The exception to thisis perturbation theory which extends the power of analytical methods by using series
approximations as a method for finding approximate solutions to weakly nonlinear differential equations, linear dif-
ferential equations containing small nonlinear terms. In perturbation theory, the coefficient of anonlinear termis
required to be small.

Since we are now asking to find the solution to nonlinear differential equations, we might ask if we are always guar-
anteed of finding one? In fact, thereis always a solution to alinear or anonlinear differential equation local to agiven
aninitial condition (1.C.). Thisis stated formally by the local existence and unigqueness theorem (cf. Coddington and
Levinson, 1955, Hirsch and Smale, 1974).
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Theorem. (2.12.3)

Let (UT AN bean open subset of real Euclidean space (or a differentiable manifold M), let f:(U® A beacontin-
uously differentiable (C1)map and let xoi U . Then there is some constant ¢ >0 and a unique solution
f (xq. )|((—c, c) ® U) satisfying the differential equation x = f(x) with initial condition x(0) = X0 [GUC83].

In other words, for any possible differential equation x = f(x) , adomain U which is asubset of real Euclidean space
for which there is a smooth mapping of U to the real numbers, and given someinitial condition, X there existsasin-
glesolution, f (defined on an interval (-c,c) that maps to U) that passes throughx0 . It isimportant to note, however,
that thisisalocal existence theorem. In particular, for nonlinear differential equations, we are not guaranteed the
existence of solutionsfor al time.

Now that we know that nonlinear differential equations always have a solution, how can we find and understand their
behavior? What is needed is amethod for examining the solutions of an equation as we modify its coefficients, so that
we can understand the effects of increasing the amount of nonlinearity in an equation. Computers with their propen-
sity for numerical solution and graphical representation, make this possible. Even with computers, however, the idea
of making a mathematical field about varying any parameter in any system of differential equationsisa seemingly
vast undertaking. It may seem impossible for there to be a cohesive field of nonlinear dynamics given that there are
infinitely many kinds of differential equations and their solutions so varied. Once we examine the solutions to nonlin-
ear differential equations, however, we find that the list of things we want to know in general about how solutions
behave as we vary the coefficients of the equation is short. Essentially, we just ask whether the solution settles down
or blows up out of control. Refinements to thisinclude how fast it settles down, where to, with which initial condi-
tions, and how often (statistics). Likewise one can ask how fast it blows up, where to, with which initial conditions
and how often.

2.2 Lyapunov Methods

Some of the best methods for answering questions about whether the solutions of a differential equation will settle
down or blow up come from Lyapunov theory. For a more complete exposition of Lyapunov stability theory, |
strongly recommend chapters 3 and 4 of Slotineand Li’s“Applied Nonlinear Control [SLO91].” There are actually
two methods introduced by Lyapunov, the indirect and the direct method. “The indirect method, or linearization
method, states that the stability properties of a nonlinear system in the close vicinity of an equilibrium point are
essentially the same as those of its linearized approximation [SLO91].” In other words, if we are interested in solu-
tions of a strongly nonlinear equation after it settles down to equilibrium, then we can essentially turn off the nonlin-
ear terms in the equation, and just solve the linear differential equation.

2.2.1 Hyperbolic Fixed Points and the Indirect Lyapunov Method
A point, x, isahyperbolic or non degenerate fixed point when Df(x) , the Jacobian, D ,of the linearization, f, of the
nonlinear flow around x , has no eigenvalues with azero real part. The asymptotic behavior of solutions near a hyper-
bolic fixed point is determined by the linearization of the system. A non-hyperbolic fixed point is best illustrated by
an example from Guckenheimer and Holmes. We can rewrite the equation

X+ex2x+x = 0, 2.2.1)
X X 0

1| _ {o 1} 1 o , 2.2.2)
X2 -10 Xy X1Xo
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using X1 = X and Xy = x. Theeigenvalues, | = *i have azerorea part, so there is no hyperbolic fixed point for
this system. Asaresult, unless e = 0, the fixed point (x1,%5) = (0,0) isnot acenter. If e>0 thenitisanon hyper-
bolic or weak attracting spiral sink, and if e<0 it isarepelling source.

2.2.2 The Direct Lyapunov Function Method
Thisindirect method is well and good once we know that there are some equilibrium (stable) points that the system
will settle toward, but how did we know about the stable pointsin the first place? How do we know that the system is
stable at all? The direct Lyapunov method is a powerful tool for thiskind of analysis. It is aso known asthe
Lyapunov function method, because it involves trying to invent a Lyapunov function, usually “...an energy-like quan-
tity that decreases for |x| sufficiently large, so that x(t) remains bounded for all t and all bounded initial conditions.
The method relies on finding a positive definite function V:U ® A called the Lyapunov function which decreases
along solution curves of the differential equation [GUCB83].” It can be difficult to find a Lyapunov function, but “the
power of the method comes from its generality: it isapplicableto all kinds of control systems, be they time-varying or
time-invariant, finite-dimensional or infinite dimensional [SLO91].” The following theorem states how a L yapunov
function can be sufficient to show that a system has a stable point.

Theorem (2.2.3)

Let x beafixed pointand V:W® A be adifferentiable function defined on some neighborhood Wi U of x such
that

() V(x) = 0and V(x)>0 if xt x (V(x) ispositive everywhere, but zero at the fixed point). If
(i) dld)((l() <0 everywherein U except where x = x and

n

V=3 %. v, then x isastable fixed point.

) 19x
| = 1 J

(Look for negative diagonals of Jacobian matrix in higher dimensions)

iii) u\éxﬁ <0 everywherein U except where x = x, then x is an asymptotically stable fixed point.

Guckenheimer and Holmes give the following example. Let us apply the direct Lyapunov function method to the
nonlinear differential equation

mx + k(x + x3) =0 (2.2.9)

If welet x =y, then we can rewrite 2.2.4 as a system of first order equations

=k 3
y m(x+X ) (2.2.5)
X =y
: P mx2 _ my? ;
Thetotal energy of the system, E(x, y) , isthe kinetic energy, - = —;L plus the potential energy,

3. 2 (4.
X 04y = (- X0

—k&12+ —4-ﬂdx = ké—z- + 20 (2.2.6)

E(x,y) isindeed aLyapunov function for the system, since E(0,0) = 0 and E(x,y) >0 for al (x,y)* (0, 0) which
satisfies part (i) of theorem 2.2.3. Taking the implicit partial derivatives of E, and substituting for y using eq 2.2.5,
we get

E = myy+k(x+x3)x = —ky(x +x3) + (x +x3)y° 0. (2.2.7)

So our fixed point satisfies part (ii) of theorem 2.2.3. By adding sometermsto E, it is possible to smply write down
amore powerful Lyapunov function, we'll call V
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V(xy) = myy+k(x+x3) +b(Xy +xy +axx). (2.2.8)
Theimplicit derivative of V

V= —bn%(x2+x4)—(am—b)y2 (2.2.9)

isaways negative if for al x and y, thereby satisfying (iii) of theorem 2.2.3, and assuring that (0,0) isaglobally
asymptotically stable fixed point.

2.3 Forcing Terms

If we have aforcing term, we can still write the equation as a closed system at the expense of adding some degrees of
freedom. For example, a single degree of freedom nonlinear oscillator such as

d?x dxg _ 2.3.1
@ + gg?(, e 0 (2.3.1)

when given aforcing term becomes

d2x dxy
=24 g%, =20 = f(t 2.3.2
2 9&& o () (23.2)

which can be written as athree dimensional system of first order differential equations, with time as a dependent vari-
able

dx

a Y

Y = gy +i@ (233)
dg _

ot 1.

It isimportant to note, however, that “this[increase in the dimensionality] can introduce an uncountably infinite set of
new phenomena [GUC83].”

2.4 Continuous Time Flows and Discrete Maps

We will be interested later in moving between continuous time (CT) and discrete time (DT) systems, so we review
some of the methods for relating the two.

2.4.1 Flows in Linear Systems
Again following Guckenheimer and Holmes, as we have seen, we can write alinear system as

X = AX, (2.4.1)

where Aisannx nmatrix and xT A", Itssolution is can be written in the form x(x., t) where x,, isan initial condi-
tion (1.C.). All of the solutions to the system, taken together describe what is called a“flow,” f . Calling this solution
space aflow is essentially another way of noting that from any point in the solution space, there is a unique trajectory
through that point, as was stated earlier in the existence and uniqueness theorem. We write a tragjectory starting from
asingleinitial condition Xq asf(xg) . For example, the familiar solution to afirst order differential equation (even a
vector first order differential equation as we have here) is

ft(xo) = x(xo, t) = etAxo, (2.4.2)

where e!A isthe n x n matrix obtained by exponentiating A and defined by the convergent series
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2 n
olA = [| FHA + t2—|A2 Y+ :]—lA ”} . 2.4.3)

For t and integer, etAx0 can be understood as the repeated multiplication of e” | t timesto the initial vector Xg- A
useful fact isthat repeated multiplication of a matrix with non zero real eigenvalues on any vector eventually con-
verges to the eigenvector of the matrix which hasthe largest eigenvalue. Therefore et Xq will eventually convergeto
an eigenvector of ™ which will also be an eigenvector of A from eq 2.4.3. We therefore know that alinear system
will eventually reach an equilibrium steady state solution. Thisiswhy eigenvectors are important in physics; They
provide us with global invariants for linear systems. e used to create a discrete time version of 2.4.1, aslong as our
timesteps, t = t arenot too large. Thisisthe essential idea behind Euler and Runge-Kutta methods for simulating
the behavior of differential equations which will be used later to analyze our continuous time (CT) AFSR.

2.4.2 Poincare Maps
For a useful introduction to Poincare methods see Guckenheimer and Holmes pp. 16.

2.5 Nonlinear Control Theory

FIGURE 2.5.1 Miniature Gas Turbine Musical Instrument Employing Nonlinear Feedback Control, “Ezoo =
Electronic + Kazoo”

2.5.1 Defininitions
Nonlinear control is good for:

1. wide operation range

2. “hard nonlinearities’ - sharp thresholds etc. which are not linearizable
3. robust and adaptive controllers to control systems with parameter drift
4. simplicity - right tool for the job of controlling a nonlinear system

5. cheaper - don't have to spend money on linear controllers

Nonlinearity arisesin control systems as unintentional nonlinearity: undesired centripetal forces or coulomb friction
and also asintentional nonlinearity: big bang or adaptive controllers.

As discussed above, a continuous nonlinearity isaterm in adifferential equation of form transcendental function of
(derivative of) independent variable, independent variable (or its derivative) raised to a power, product of two or
more independent variables (includes powers of a single independent variable). By contrast a discontinuous or
“hard” nonlinearity is created by hysteresis, backlash, stiction, or athreshold.
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2.5.2 Equilibrium Points
Linear systems have only one equilibrium point while nonlinear systems have more than one equilibrium point, for
exampl e the system

dx _ 2

=2 = _x+x2. 251

at X+ X ( )
has the linearization

dx

= = X. 252

at X ( )

which can be solved analytically to find
x(t) = xget. (2.5.3)
We also happen to be able to solve this particular nonlinear equation 2.5.1 analytically to find

—t
Xo€

x(t) = (2.5.4)

1—Xg+ Xt
If 1 had some diagrams of the solutions to the nonlinear equation and its linearization here, you could observe that the
nonlinear equation has multiple fixed points while the linear equation has just one.

2.5.3 Limit Cycles, Bifurcations, Chaos and More
Van der Pol equation

m d2x/dt2 + 2¢c(x"2 - 1)dx/dt + kx =0

As coefficient parameter of differential equation changes, the behavior changes qualitatively. At first bifurcation
behavior is observed in which the basins of attraction of the system split and new fixed points are introduced. Even-
tually the system may transition to chaos where strong nonlinearities lead to sensitive dependence on initial condi-
tions.

d2x/dt2 + .1dx/dt + x"5 = 6Sin(t)

Other behaviors of nonlinear control systems include jump resonance, subharmonic generation, asynchronous
guenching, and frequency-amplitude dependence of free dependence.

2.6 Nonlinear Dynamics and Computation

The relationship between computers and nonlinear differential equationsis actually quite deep. It turns out that com-
puters are required to simulate the behavior of nonlinear differential equations because anonlinear dynamic systemis
acomputer, stated in a mathematical language which is unfamiliar to most computer scientists. In the language of
nonlinear dynamics, computation means giving a nonlinear differential equation someinitial conditions and allowing
the state to flow to afinal solution under the dynamics of the system.

2.6.1 Nonlinear Flows and The Halting Problem
The halting problem in computer science, stated in the language of nonlinear dynamicsis the problem: “In general,
can we predict if agiven flow will pass through agiven region of state spacein finitetime.” It turns out that in general
the only way to decide if the nonlinear system will “halt” isto actually simulate the dynamics of the equation.
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The definition of alinear update ruleis L(s1) + L(s2) = L(sl+s2).Ingenera, alinear update rule can aways be
written as a matrix multiplication of some matrix operator, M, on the vector of states. If we start with some initial
condition vector, vy, and repeatedly perform the same matrix operation (update rule) n times on the vector, to derive
some fina vector of states V- wecan writethis as

Vi, = MxM xM xM x¥ M xV/ (2.6.1)

N (I

or

Vy = Mxv, | (2.6.2)

N I

Asn® ¥, V,, will evolveto an eigenvector of M . Sotofind V,,, wedidn't really have to do multiple matrix multi-
plications, we only had to solve the eigenval ue problem for the matrix M . Moreover, if MMisinvertible then the evo-
[utionisreversiblein time, since

Vv, = (M—Hn XV . (2.6.3)

By contrast, a highly nonlinear update function will not yield to these methods of analysis. In anonlinear update rule,
the update may actually depend on the value of the initial vector to a power. In other words we are not simply adding
and subtracting elements of theinitial vector with one another to perform update. Sometimes we must multiply an
element of theinitial vector by itself. Thiswill mean that an update ruleitself depends at every time step on the values
of the vector states. Even a simple iterative quadratic update rule as we will encounter in the following chapters
changes depending on the initial vector in away that alinear update rule does not. Therefore, we will be forced to
simulate the system for n time stepsto find VN and in general the process will not be reversible.

2.6.2 Discretization of State Space
Digital computing in stated in the language of nonlinear dynamics means that we discretize phase space. In other
words, we carve up the continuous state space of the system into regions, and assign symbols to each region. For
exampleif our state space is a voltage between 0 and 5V, we might say that all voltages less than 2.5 mean 0 and all
voltages above 2.5 mean 1. Starting in a given region of state space corresponds to inputting a particular symbol.
Ending in a particular region tells us the answer.

In adigital computer, after each gate, voltages near OV are immediately mapped to OV and voltages near 5V are
mapped to 5V. For example, we might input the values of 4.9V and 4.85V into a XOR gate. The XOR can be imple-
mented by anonlinear transfer function which then outputs avalue of .2V, say. Thisvalue would then be handed over
to a comparator. The dynamics of the comparator has two strongly attracting sinks at 0 and 5V and an unstable fixed
point source at 2.5V. This can be implemented by a dual supply infinite gain with athreshold at 2.5 volts. The com-
parator immediately maps the “imperfect” value of .2V to OV completing the XOR operation.

The comparator therefore helps prevent the accumulation of errors from environmental noise that would arise if we
tried to maintain analog values through multiple gate operations. Thisis generally a prudent thing to do, because it
prevents errors from creeping into the computation, but the analog values between 0 and 5 V olts can be thought of as
awasted resource. In fact, some state of the art modern flash memory does make use of four voltage levelsinstead of
two, but thisis the exception that provestherule.

Analog computation attempts to use this under exploited resource. Analog systems can perform useful computation if
we choose theright problem for them to solve, and if we construct their dynamicsin such away asto make them fault
tolerant. In fact Cris Moore has proved that two or higher dimension iterated analytic maps are Turing equivalent
[MOQ99]. If iterated maps can be carefully constructed to do many useful computations such aslanguage recognition
[MOQ93g]. If we don't want to do the work of finding parameters for the iterated map function ourselves, a search
algorithm can be used to find the parameters. Such a system, a search algorithm used to set parameters for a nonlinear
function which will be iterated on data to perform a computation is known as an artificial recurrent neural network.
Recurrent neural networks can “learn” to do language recognition instead of being hand designed.
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The disadvantage of digital systemsisthat we lose the resource of al of the intermediate values that we have thresh-
olded away. Those values could have been useful. Quantum physics tells us that at the most fundamental level, dis-
cretization must always occur when we measure a system, and we must measure our system in order to find the result
of the computation. Although discretization is both useful and inevitable, however, it is possible to be more creative
in how we apply it.

For example, if we hold afrog in the air itslegs will flail around in an ever widening orbit in afutile attempt at loco-
motion. If however we place the frog on a surface with some gravity, the leg encounters the floor during each rota-
tion, which constrains the orbit, and makes it stable. The gravity holding the frog down and the floor pushing up
discretize the frog's leg orbits, and in thisway are a part of the frogs walking computer. The discretization of phase
space imposed by physical world helps the frog compute! We will soon use an identical trick in the dynamics of
AFSR so that if we start the AFSR in arandom initial condition, the dynamics will proceed along an ever widening
orbit until they reach the outer limits of the phase space.
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3 Short Range Transceivers

Digital wireless technology is an excellent candidate for applications of nonlinear dynamic computation, because
radio systems tend to require high speed iterative computations on complex analog data with few branch points. It is
unlikely though possible, that the word processor of the future will have anonlinear partial differential equation asits
engine, although image processing programs may benefit from these kinds of mathematical models. In looking for
places to begin applying nonlinear dynamics to computation, we are therefore especially drawn to computations
which are repetitive and that do not involve many branch points. By branch points we mean pointsin an algorithm
where it must ask something like “ are you sure you want to erase your entire thesis permanently?’ The algorithm may
ask aquestion of the user or of another computational module, but a branch point always requires that dynamics qual-
itatively change depending on the answer to the branch decision. For a nonlinear dynamic system this means there
must be a point in the flow which is especially sensitive to external forcing, and from which the dynamics then pro-
ceed to two or more basins of state space with different dynamics. We would like to avoid this kind of complexity at
first by choosing a problem that does not require branching. A good candidate a gorithm for implementation in anon-
linear dynamic system should be a short loop.

Wireless technology is agood place to look for applications of nonlinear dynamic computation. Radio receivers must
perform many iterative channel coding operations. Many of these algorithms are short |oops without many branch
points. In addition, radio designers are used to using analog componentsin order to perform computations which
could be accomplished on avon Neumann architecture if only DSP chips were fast enough. The necessity and bene-
fits of analog components for radio demodulation is firmly established. Finally, cell phones and other portable com-
mercial and consumer wireless systems are very open to innovations which reduce the power consumption and
increase the battery life of portable receivers. A nonlinear dynamic system could hope to offer lower power consump-
tion because a flow through continuous state space could be more adiabatic than a typical DSP which performs rapid
globally clocked transitions, sometimes even in the absence of data to be processed. Therefore, before we delve
deeper into the details of nonlinear dynamics and computation, let us pause to make some observations about the
future requirements of wireless transceivers.

3.1 Bandwidth Scaling Argument for Short Range
Transceivers

3.1.1 The Growth of Wireless Communications Technology
The explosive growth of digital communications technology is one of the most exciting stories of our age. The infor-
mation content of the World Wide Web is many millions of billions of bytes and growing. Millions of kilometers of
copper and fiber optic cable connect us. Information crosses the globe via satellites and is delivered to our pocketsvia
cellular networks. Digital wireless communications technology is becoming an increasingly important link in the glo-
bal information infrastructure with the promise of providing cheap, lightweight, remote, reconfigurable, and of
course, portable communications. Quite soon, we should be able to contact another person anywhere in the world by
simply whispering their name.

Despite the importance and rapid growth of wireless communication technology, a simple scaling argument suggests
that the infrastructure remains incomplete. Thereis a coming demand for low cost short range transceiver technology
that isbeginning to manifest itself. If we examine the wirel ess communications infrastructure, on the one hand we see
voyager probes beaming electromagnetic signalsto ground arrays across hundreds of millions of kilometers of space.
On the other end of the scale are atoms communicating “wirelessly” via electromagnetic fields to adjoining atoms in
copper or fiber optic cable. In between lies an enormous range of technologies covering virtually every size scale.

Today, we routinely receive images from Mars, probe the atomic structure of a silicon wafer, talk to someone on the
other side of the globe, and probe signalsin the brain. It is still cost prohibitive, however, to deploy afew dozen small
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consumer objects that communicate wirelessly with one another across distances of meters. The table below clearly

illustrates this state of affairs.

3.1.2 More Efficient Use of Bandwidth by Space Division Multiple Access (SDMA)

10° and beyond deep space probes, radio-telescopy
10° - 108 satellite communications
10% - 10° cross continental radio frequency or microwave links
103 - 104 commercial radio, cell phones, pagers, community wireless...
100s digital household wireless phones, digital “citizen band” radio?
10s costly wireless LAN’s, IBM promises BlueTooth TM
1s
1011
103-103s infrared such IRDA for laptop or palm-top communication, Physics and Media’s prior electro-
static fringing field communication (Personal Area Network, PAN), electrostatic sensing...
10%-10°5 probes record electric fields near a neuron generated by electrical spikes inside the neuron
10 6-107 electron tunneling in semiconductor structures
108-10-° atom to atom communication in a wire (mean free path of electron in copper)
10 -10 electron to nucleus spin coupling in the atom
TABLE 3.1.3 Wireless Technologies and Distance Scales Covered

The demand for bandwidth will push wireless communication technologies to fill in the empty rows (1'sand 10’'s
meter scales) in Table 3.1.3 on page 22. We are only given one electromagnetic spectrum. There are only afew ways
to increase avail able bandwidth. First, we can push to higher, currently unused frequencies, second, we can make bet-
ter use of the bandwidth we have available now by being clever about how we send data viaimproved compression or
channel coding techniques, or third, we can cut up physical space into smaller cells.

We can more efficiently use available bandwidth by cutting up physical space. For example if WBUR, National Pub-
lic Radio in the Boston Area, transmits on 91.9MHz covering a 10 kilometer radius sphere with large amount of radi-
ated energy at this frequency, other systems cannot use the 91.9MHz band in that volume of space without risk of
interference. On the other hand, if we were to fill the same volume of space with many smaller transceiver cells, we
could sustain many simultaneous communications crossing this same space hopping from one small cell areato the
next. The smaller the cells, the more efficiently we can tile the space. When the volume of these cells approaches
atomic length scales, the cells become atoms and the channel s become wires, which is the most efficient use of phys-
ical space bandwidth resources. Unfortunately, running wires can be expensive and cumbersome. Just imagineif a
building could be fitted with alocal area network (LAN) simply by replacing ceiling or floor tiles with inexpensive
wireless transceiver tiles.

3.2 Applications for Short Range Transceiver Hardware

3.2.1 Client Devices for Low Cost Ubiquitous Wireless
In his 1997 MediaLab S.M. Thesis, Poor predicts that when “the cost of connecting to the digital network dropsto a
few dollars...” and is small enough to be ubiquitous, “you won't ever need to set your watch again...tomorrow’s
‘radio’ will be anetwork appliance... the smoke detector in your basement... if it detects trouble... will start making
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calls until someoneisfound to address the problem...and toy dolls will know how to read, talk and listen” by being
connected to the resources of the web [PO094].

In addition to firing our imagination with potential applications, Poor also presents a scaling argument involving IP
address densities. “Today,” he writes, “the density of network connections rarely exceeds one connection per person.
But thisratio will change. The number of host computers connected to the internet is estimated to be growing by a
factor of ten every three years...Networks will diffuse into objects much smaller than today’ s personal computer, and
atypical room will contain dozens or hundreds of devices connected to networks [POO94].” In the past two years, we
can already see the clear beginnings of Poor’s predictions being born out.

3.2.2 Multi-hop Peer-to-Peer Networks
One exciting application of short-range transceivers would be multi-hop peer-to-peer networks composed of alarge
number of rather “dumb” short-range transceivers distributing connectivity throughout a building. One could even
imagine this kind of network being spread across a wilderness area for environmental monitoring. In theory, such a
network could be very reliable because of the redundancy of the inexpensive transceiver nodes, high bandwidth
because of the spatial-multiplexing discussed above, easy to deploy, maintain, and scale because it would be asimple
matter to scatter more nodes where they are needed. Upon closer examination, the matter is unfortunately not so
simple. Systems composed of alarge number of locally communicating nodes (i.e. flat connected graphs) can exhibit
some very counter-intuitive behaviors that can make engineering them quite difficult.

In percolation theory there is awell-known model of groundwater transport through sand or gravel. We can model
this as water propagating from a source through an idealized filter, a volume filled with spheres of identical size. If
the spheres are very small, i.e. have radius close to zero, they will be closely packed so that volume acts as a solid.
Mathematically, this means that the probability of finding water a unit distance from the source is asymptotically
equal to zero. As we increase the size of the spheres (and therefore the spaces between the spheres), we might think
that we would have a gradually increasing chance of finding water transported from the source. This counter-intu-
itively turns out not to be the case. In fact there is a characteristic radius, at which a phase transition happens. When
the spheres exceed this characteristic radius, there is suddenly a sharply increasing probability of finding water
throughout the system. Before the spheres reach the characteristic radius, practically no water can propagate through
the system. This characteristic radiusis known asacritical point, a point at which a phase transition in the behavior of
the system occurs [HAR77].

A similar analysis of self-organizing multi-hop peer-to-peer networks reveal s that unless we can make some clever
innovations in how we place nodes and construct the local rules of communication between nodes, there will always
be a characteristic network size at which total network bandwidth startsto sharply decrease. The network experiences
a catastrophic phase transition when we try to scale it above a characteristic number or density of nodes [POO94].
Thisisbecause most proposals for thiskind of multi-hop network have generally maintained that messages propagate
locally. In other words, a message examines the nodes in its vicinity, and propagates to nodes that are not busy pass-
ing other messages. If this assumption is retained, there is generally a critical point in the density of messages, the
density of nodes, and the total surface areato volume ratio of the network, when a message more often than not finds
itself with nowhere to go. When the majority of messages more often than not collide with an adjacent message, there
isakind of chain reaction whereby the network becomes saturated with collisions, and messages can no longer get
through to their destinations.

The assumption of local message propagation would seem essential, because we would like to use short range trans-
ceiversfor their low cost low, low power consumption, ease of deployment and maintenance, and spatial multiplex-
ing ability. Local message propagation, however, restricts a node to only having information about its neighboring
nodes. How can we reconcile the restriction of local message propagation with the need for long range knowledge of
the flow patternsin the network, so that the network can order its resources more efficiently? One possibility isto
take alesson from biology. Ants, for example, can only communicate with one another locally by using scent, how-
ever they are able to establish surprisingly straight lines of travel over distances which are much greater in scale than
the size of the ants themselves. Feynman was curious about this ability so he made some simple observations and
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concluded that the ants performed a*“ scent averaging” operation to make straight lines. For example, when afirst ant
finds a source of food by chance, it will then wander back to the nest by a quite circuitous route. The next ant to ven-
ture toward the food source will follow the fading scent path imperfectly, often missing the more abrupt twists and
turns and simply following the general gradient of scent. This second ant is simultaneously laying its own scent trail
which is more direct than the first one. After many of these operations, the distance of the path to the food sourceis
minimized [FEY]. The ants essentially use the diffusion eguation to establish minimum distance paths. Using this
example, we might propose away for packets traversing a self-organizing wirel ess peer-to-peer multi-hop network to
find a central base station. They could spawn “scent” packets behind them as they travel which diffuse slowly across
the local areato aid the next packet in finding the destination by a more direct route.

We still might worry about what would happen if two well established message paths or “ant highways’ need to cross
in the network. Thiswould seem to be an inevitable problem if the network is roughly two-dimensional. We will need
away for two message paths to pass “over” one another. This means we need to increase the dimensionality of the
network topology. A simple way to do thisisfor the two paths to share the channel by using orthogonal DS SS codes.
Increasing the dimensionality of a percolation problem in thisway, can drastically change the critical behavior. Inthis
case, it solves our problem of catastrophic network failure. Therefore, for multi-hop peer-to-peer networks to work,
our short range transceivers will require channel sharing capabilities.

3.3 Technologies for Short Range Transceiver Hardware

3.3.1 Infrared (IR) Transceivers
The advantage of infrared (IR) transceiver technology isthat it isultralow power and small in size due to the simplic-
ity of the hardware. The carrier frequency modulation, amplification, and antennain an infrared transmitter is simply
an LED. The high Q antenna, low noise amplification, and demodulation in an infrared receiver is simply a photo-
transistor with a band-selective plastic filter cover. The disadvantages of IR are that it is short range (meter scale),
directional, and susceptible to interference from ambient light sources such as halogen or fluorescent bulbs or sun-
light.

Infrared Data Association (IrDA) isthe current protocol standard for high speed infrared communication. It is prima-
rily deployed in Personal Computers (PC’s) and Personal Digital Assistants (PDA), but the Motorola Company and
others plan product lines for wireless LAN’ s that will have higher power, omnidirectional transmit LED groups. This
kind of system would benefit greatly from the same SS channel sharing that benefits radio transceivers. | did some
preliminary explorationsinto “AFSR for SSIrDA.”

3.3.1.1 AFSR for SSIrDA

FIGURE 3.3.1 Poor’'s IRx Board Used for Infrared AFSR Experimentation [PO0O99]
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| used one of Rob Poor’s IRx boards, shown above in figure 3.3.1, to transmit a PN sequence over an IR transmit
channel. | also breadboarded areceiver system that was intended to do AFSR demodulation in software. This system
clarified some important issues for implementing AFSR. At first one would think the current software implementa-
tion of AFSR (described in Section on page 50) at 10'sor 100's Kbpswould immediately scale for usein IR commu-
nication, but the situation is not quite so simple.

In order to maximize transmit range, IrDA needs to maximize its transmit power. To avoid burning out the transmit
LED, however, this high power output must have a short duration, so IrDA employs avery low duty cycle. Datais
encoded in the relative phase of short bursts of IR light. These bursts are typically one to two orders of magnitude
shorter than the delay between bursts.

AFSR like other SS acquisition strategies relies on the SS modulation to be orthogonal to the data modulation so that
the data bits do not disturb the acquisition process. For example, in the current conception of AFSR and in many
present day commercial SS systems the data bits would be Phase Shift Keyed (PSK) onto the rf carrier, while the PN
seguence would be Amplitude Modulated onto the carrier. If we want IrDA to have reasonably good data rates and
ranges, then we are restricted to maximum power, short IR bursts. Therefore, we cannot encode any information in
amplitude and are left with only phase in which to encode information. If both the PN sequence and data bits are
modul ated onto burst phase, the data bits will interfere with AFSR acquisition of the PN sequence. This makesit dif-
ficult to see how AFSR could be applied to IrDA.

One possible avenue of exploration might be to use Pulse Code Modulation (PCM) as a modulation scheme which
could act as approximately orthogonal to PSK. PCM uses the number of successive pulsesto encode data. If IrDA
hardware could be designed to sustain two bursts in quick succession, then data could be modulated as single or dou-
ble bursts (PCM), while the PN sequence could be PSK encoded.

3.3.2 The TouchTag Reader, a Near-Field Electromagnetic Transceiver
3.3.2.2 Prior Art
Low frequency near-field short range transceivers were actually used in the first pager systemsin the 1950's and early
1960's. A loop antenna was wrapped around the building, and would inductively couple at audio frequenciesto a coil
in the portable pagers carried by the occupants of the building [FEH95]. In the physics and media group at the MIT
Media Lab, we have been experimenting with electrostatic near-field coupling both for tomography as well as the
transmission and reception of digital data [ZIM95].

Zimmerman realized that signals on the order of 100KHz can propagate across the human body without creating far-
field radiation. At 100KHz, the wavelength is

3 x1080
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| = % = a103m = 1km (3.3.1)

The human body istherefore far too small to be an effective quarter wavelength antenna for these frequencies. By
Binary Phase Shift Modulating (BPSK) a 100KHz signal, Zimmerman built the first prototype Personal Area Net-
work (P.A.N.) transceivers for intra-body communication [ZIM96]. | have used this same principle of 100KHz elec-
trostatic coupling to build the TouchTag reader, based on a prototype built by Nivi for his S.M. thesis [NI1V97].

3.3.2.3 The TouchTag System (Patent Pending)
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FIGURE 3.3.2 Touch Tag Reader Board, Top View.

The TouchTag reader reads and writes to V4050 and V4100 RFID tag chips which are available from EM Microelec-
tronics Company. They cost afew tens of cents (US) and contain a thousand bits of nonvolatile memory. They also
contain a power harvesting circuit which is usually attached to aloop of wire or printed conductor which allows the
tag chip to obtain its operating power from surrounding magnetic fields and communicate wirelessly with a nearby
tag reader.

A tag chip does not require a battery. It can parasitically power itself when it receives a 125KHz AC signal acrossits
two terminals. Usually, tags communicate with areader magnetically, inductively coupling via printed coils, to mini-
mize the influence of screening materials. Instead, the TouchTag reader powers and communicates with the tag chip
through the human body by coupling to the tag el ectrostatically. In addition to enabling new applications for RFID
tag chips, thisis also advantageous for cost because it replaces coils with cheaper flat foil electrodes.

Oncethetagisactivated, it loads and unloads the AC signal presented acrossitsterminalsin order to communicate to
the reader. The TouchTag reader uses a “loading mode measurement” on its transmit channel to observe thetag’s pat-
tern of loading and unloading.

3.3.2.4 TouchTag Reader for Near Field Communication
The transmit RFID tag chip in a TouchTag system can be emulated by a simple micro controller like a PIC which can
send arbitrary data to the TouchTag reader. This allows the TouchTag reader board to be used to implement a unidi-
rectional Personal AreaNetwork (PAN). For example, Metcalfe for his S.M. thesis at the Media Lab isincorporating
the TouchTag reader into ajacket based wearable computer system. A PIC micro controller, emulating an RFID chip,
is embedded in a hand-held Global Positioning System (GPS) unit. The GPS unit needs to send data to the jacket
computer. When someone holds the GPS unit against their jacket or slidesit into their pocket, the PIC inside the it
loads/unloads the carrier that the TouchTag reader is emitting across the conductive fabric of the jacket. The
TouchTag reader demodul ates the loading pattern to receive the bits that the GPS unit is sending to the jacket.
Because the TouchTag reader is both emitting the carrier and doing the demodulation, and the “transmitter” is simply
loading the carrier, we can do synchronous demodulation, without requiring a carrier acquisition circuit. This works
better and is cheaper than previous PAN implementations.

When integrating the TouchTag reader and Post's tauFish capacitive proximity detector into asingle architectural sys-
tem, we found that the tauFish is extremely sensitive to the TouchTag carrier. Future work on PAN should be able to
exploit this effect to make better near-field short range transceivers. Such a system could likely have greater band-
width than IR based systems with comparable hardware simplicity. These signals can propagate through opague
materials. Also, such a system wouldn’t have narrow directionality that restricts the use of IR. Thisisa promising
direction for research.
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3.3.2.5 Details of TouchTag Reader Circuit

[b\@li_,i:' fnfin

imm

FIGURE 3.3.3 Important Components of the TouchTag Board. (Top)

A schematic of the TouchTag reader is provided in Appendix 1a, Section 12.1 on page 78. The TouchTag board was
designed with low cost and therefore low complexity as the primary concern. The demodulation block of the circuit
must be able measure an amplitude modulation which is essentially 1-5% of the total carrier magnitude. Thisisa
fairly demanding task for aboard that should cost eventually (US) $1 in production.

To power the board, a9 volt power supply which can supply at least 500mA, is connected to thejack labeled A in fig-
ure 3.3.3. The voltage regulator, labeled B, converts thisto 5 volts. The capacitors next to the voltage regulator are
bypass capacitors to shunt higher frequency noise on the 5 volt power rail to ground. If 5 voltsis being successfully
supplied, then the red power LED, labeled C, should light.

The PIC microcomputer, labeled D, isthe central element in the circuit. It has an 8MIHz external oscillator, 1abeled F.
If the PIC has been programmed successfully, and the red power LED indicates that the board has power, then an
8MHz sinusoidal signal should be observed on pins 15 and 16 of the PIC. Thereisalso ayellow debug LED, labeled
E, connected to physical pin 2 of the PIC (called PIN_A3in PIC code). If the PIC has been successfully programmed
with code that outputs a‘high’ to PIN_A3, then the yellow debug LED should light.

The 74HC383 dual 4 bit counter/divider, labeled G, is connected so as to divide the 8BVIHz clock. It outputs a square
wave signal at 125KHz on pin 10. (A convenient ground access is provided at pads labeled K.) The trace from pin 10
terminates at the lower right pad in a group of 4 pads arranged in a square labeled H, above. For the TouchTag board
to transmit, ajumper wire must be connected from the pad connected to pin 10 of the counter/divider to the pad in the
upper left of the group of four which is connected to the variable inductor transmit coil labeled |. Before the jumper
wire is connected, a 125K Hz square wave should be observed on pin 10 of the counter/divider. Once the jumper is
connected, the square wave will be deformed by the inductance of the transmit antenna.

The transmit cail, labeled |, must be adjusted so that the resonance of the transmit oscillator istuned to 125KHz. This
will provide the maximum transmit voltage on the transmit electrode which should be connected to the free pads
labeled K. To adjust the transmit coil, attach an oscill oscope ground to the ground pads labeled J and oscilloscope sig-
nal input to the pads labeled K. A sinusoidal signal should be observed. A small flat head screw driver can be used to
turn the black ferrite core of the transmit coil until the output signal is approximately 75-80 volts peak-to-peak. The
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board is now transmitting. A transmit electrode can be connected to the free pads, K. If thisis done properly, the 80
volt sinusoidal signal should be observed on the transmit electrode.

If one lead of an RFID tag is placed on the transmit electrode and the other lead is connected to ground through the
body (modeled as a 100pF capacitor and 1K resistor in series) [N1V97], then the tag should start amplitude modul at-
ing the transmitted carrier. With some care, this modulation can be observed as a 1-5 volt, 2 or 4KHz (depending on
the tag), square wave variation in the amplitude of the 80 volt 125KHz carrier at the transmit electrode.

The demodulation block of the board has two adjusts. It is quite possible that the board is already successfully
demodulating the signal from the transmit electrode. There is a pad connected to pin 1 of the PIC (PIN_A2in PIC
code) labeled N above. If the data from the tag is being successfully demodulated, then clean 0-5V bits should be
observed at thistest point. If these bits are not observed, then it will be necessary to adjust the demodulator.

First the variable resister (pot), labeled L, should be adjusted. This 100K pot controls the voltage divider that reduces
the 80 volt peak to peak signal on the transmit electrode to a 5V peak-to-peak signal that can be demodulated. This
voltage divider is made up of the pot, R3, and pins 5,6,7 of the quad operational amplifier located on the underside of
the TouchTag board labeled P in figure 3.3.4 below. The 100K pot cannot be adjusted too much. It can be adjusted
through its full range perhaps 20-50 times before its useful life is expended. To properly adjust this pot one should
observe a 0-5 volt 125KHz sinusoidal signal modulated with 100-500mV, 2KHz data bits at the free pad labeled N
above, which is connected to pin 1 of the PIC. This measurement should be made while a person is touching the
transmit electrode. A ceramic screwdriver can be useful for this adjustment as a metal screwdriver will often cause
the signal to be incorrectly loaded by providing a ground return through the screw driver and the adjuster’ s body.

Now that the voltage divider into the demodulation block has been correctly adjusted, the diode peak detector should
be successfully AM demodulating the data from the tag. This demodulator consists of R102, C8 and the associated
diode. R5 provides some low pass filtering behavior for the peak detector. The output of the diode demodulator enters
the follower made up of pins 8, 9, 10 of the quad operational amplifier, labeled P, below. This demodulated signal can
be observed on the output (side with only one pin) of the diode labeled R, below. The demodulated signal should
appear as a 100-500mV sguare wave, centered at approximately 2.5 volts. Thisistest point “demod” on the sche-
matic in Appendix 1lawhich is Section 12.1 on page 78.

If clean bits are still not observed on the pad labeled N connected to pin 1 of the PIC, then it may be necessary to
adjust the pot on the underside of the TouchTag board labeled Q below. This 10K pot controls the threshold level on
the comparator circuit that converts the raw 100-500mV signal output from the diode demodulation block into clean
0-5 volt bitsfor the PIC.

The essential idea of the comparator circuit isto fix the DC offset of the raw demodulated output of the diode demod-
ulation block at exactly 2.5 volts, by AC coupling it to aDC 2.5 volt source. Then the 10K pot, R12, labeled Q below,
serves as afine adjust for the threshold level of the comparator around 2.5 volts. The raw demodulated signal isAC
coupled by C9. It is coupled to 2.5 voltsinstead of ground, forcing it to have aDC offset of 2.5 volts. A clean and sta-
ble 2.5 volt reference for the AC coupling is provided by bypass capacitors C11 and C12, and the voltage divider
made up of R8, R9, R10, and R11. R7 and C10 form alow pass filter with a 3dB cutoff at 10Hz, so that the 2.5 volt
node between R8 and R9 sees only the average value of the raw demodulated signal. Thisisimportant, because we
are only interested in setting the average DC offset of the raw demodulated signal to 2.5V. We don’t want the raw
demodulated signal to be quickly forced to 2.5 volts so that it is completely flattened. We want to preserve the bits,
but change the average DC offset. As stated above, R12 provides aten turn fine adjust on this voltage divider so that
the 2.5 volt threshold for the comparator can be finely adjusted. This variable threshold voltage is kept free of noise
by bypass capacitors C13 and C14. The comparator circuit has amoderate amount of hysteresisfor resilience to noise
set by R6.
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FIGURE 3.3.4 Important Components of TouchTag Board (Bottom)
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3.3.3 Configuration of the TouchTag Reader for Various Applications

As my implementation of the TouchTag reader progressed, | realized that | could useit in several new configurations
to make different applications possible. TouchTags can be used as a core technology for avariety of physical user
interfaces that use human touch to send and receive data. Some of the potential configurations and their applications

are listed below:

Reader embedded in por-
table object(s)

Reader worn by person

Reader electrode embed-
ded in architectural fea-
ture(s)

TABLE 3.3.4

Transmit “tag” embedded
in portable object

Configuration D. Electro-
static near-field communi-
cation between objects
when a person touches
both at once or when they
are within ~1 “electrode
radius” of one another.”

Configuration B. smart
spaces that know who is
touching what. (Tagged
object must be in contact
with a surface which pro-
vides electrical ground.)

Configuration C. smart
space or surface that know
what is being touched.
(Person provides ground
return to floor)

Transmit “tag” worn by per-
son

Configuration A. Enables
knowing who is touching
the system. Data transfer
from human to appliance,
furniture, or architecture
via touch. (Prior work by

Nivi on “BodyTags”)

Person to Person data
transfer (PAN)

Configuration A. Enables
knowing who is touching
the system. Data transfer
from human to appliance,
furniture, or architecture
via touch. (Prior work by

Nivi on “BodyTags”)

Transmit “tag” embedded
in architectural feature(s)

Not clear that there is a
way for this configuration
to provide proper signal
and ground paths for the
reader and tag system.

Configuration B. smart
spaces that know who is
touching what. (Tagged
object must be in contact
with a surface which pro-
vides electrical ground.)

Configuration E. Electro-
static coupled RFID Tag
reader. Packages that talk
to the truck or warehouse
they are in? (ground return
provided without person)

Complete Configuration Space for TouchTag Hardware

3.3.4.1 Configuration A
Reader in Architectural Featureor Portable Object. Transmit Tag Worn by Person

The TouchTag reader was originally intended as a system for coupling to RFID tags worn by aperson. The ideawas
that a person could wear a BodyTag, an RFID tag chip in theinsole of their shoe, so that when they touched a surface
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or object with an embedded el ectrode connected to a TouchTag reader, they would be identified to the reader. If the
reader were in alaptop or desk top computer, the person could simply touch the keyboard to be authenticated and log
on to the system. In general this configuration allows the reader system to know who is touching it. If transmit “tag”
in this system is emulated by amicro controller, the send arbitrary data to the object or architectural feature that con-
tains the TouchTag reader.

3.3.4.2 Configuration B
Reader Worn by Person as Wear able Computer. Tags Embedded in Portable Objectsor Architectural Space.

FIGURE 3.3.5 Retrieving information about a package by touching it. The box contains an electrostatically
coupled RFID tag. Professor Gershenfeld is wearing a TouchTag reader in his shoe which reads
the tag and outputs this information to the laptop. The laptop displays information about the box.

TouchTags can be useful when used in conjunction with a“wearable” computer. When a human wears a computer on
their body, we would often like the computer to be able gather information about physical objectsin the environment
as the human interacts with them. The TouchTag reader we have created, like the tags, is small and cheap. Smaller
than a credit card and less than US $20 in parts, it iswell suited for use in awearable system. We have integrated our
TouchTag reader into a shoe so that it can be worn by a postal worker. We connect an RFID tag chip between a pair
of foil electrodesinside apackage. The package must be placed in proximity to a capacitive ground return such asthe
floor or furniture with a conductive frame. When the user wearing the reader’ s hand comes into the proximity of the
package el ectrodes by touching the surface of the package, a small displacement current couples through the human
body, then through the TouchTag package, and finally down to ground. This powers the tag and causes it to be read
by the wearable reader. The end result is that when the worker touches a package, their wearable computer now
knows to provide tracking information about that package. This configuration allows the system to answer the ques-
tion, “who is touching what?’ By changing the mode of the reader, the user can also write new information into the
TouchTag package by touching it.

This configuration could be useful for checking inventory in factory, warehouse, or retail environment. It could also
be used for job training or education. In this scenario, the student would get a“help bubble” in their wearable display
about each object they touch. For example at the Boeing airplane factory, a TouchTag system could help guide a per-
son to use atool correctly or to install a part properly. We can also enable smart spaces, so that a wearable computer
can know which objects are being handled by the user. If the wearable is linked to the network, then the room can be
aware of peopl€'stouch interactions with objects or one ancther. If the TouchTags were actually embedded in fea-
tures of an architectural space, a person wearing a TouchTag reader could gather information about the room they are
in or the door they are opening.

3.3.4.3 Configuration C
Reader attached to electrodein/on surface of furnitureor architectural feature, and tag in a physical icon or “Phicon.”
One of the central ideas in modern windowed computer interfacesis the action of clicking on an icon. Recently Ishii
et. al. have embedded tag chips within physical objects on a desk and atag reader in the surface of a desk, to make
“physical icons[ULL97].” The TouchTag reader is novel because it only reads atag when it is touched by the human
user, so unlikein previousinductively coupled schemes, alarge number of other tagged objects can bein proximity to
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the reader. And because of the large change in the ground return coupling provided by the body, the relative size of
the reader's electrode to the tag can be significantly greater than is possible with the fill-fraction constraint on mag-
netic tags.

In this configuration, the reader knows what is being touched. TouchTags preserve the intuitive familiarity of point-
ing to an icon while liberating the icons from the confines of the computer screen. One could have alarge stack of
physical icons or phicons which correspond to actions or records in the computer. These actions or records are only
accessed when the user touches a single phicon.

n the tablecloth,

art in Media Lab Jeopardy.

FIGURE 3.3.6 TouchTags used as tabletop login tokens for “Tablecloth Jeopardy Game” TTT Spring 1999.
Views from left to right: Bottom, Top (with Swatch RFID tag chip), and “Ebroiderey [POS97]" Top
Cover.

Theselow cost, touch activated, wireless TouchTag phicons are useful for applications such as quickly sorting alarge
list of information records by preference into several smaller “piles’ of records. Imagine a scenario in which your
search engine finds 159 red 1998 Suburu station wagons in your price range. Automated filters have done al they
can. Thefinal decision isamatter of taste and constraint satisfaction which would take too much time to program the
computer to do. Instead, each car record is associated with a TouchTag phicon on your desk. Y ou can perform akind
of physical breadth first search. First you quickly sort the pile into smaller piles of first pick, second pick and so forth.
Then you can easily return to the small pile of favorites and sort them further. It makes human sorting of alargelist of
digital records easier and more efficient [V1G99]. | have been actively collaborating with researchers at SteelCase
Company to produce thiskind of system as a product.

FIGURE 3.3.7 A TouchTag enabled toy car with an RFID tag chip. It could still function if coated with a
nonconducting outer surface.

If we put TouchTags in toys, and the reader in aplay surface it can provide information about which toy the child is

touching. This could be used in interactive play spaces where the computer participatesin the play.
3.3.4.4 Configuration D
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Reader in Architectural Feature and Tagsin Portable Objects

This configuration could enable atruck or warehouse to interrogate packages stored between ceiling and floor, or
between two walls. The system could also be set up to interrogate packages as they proceed down a conveyor belt.
With our help, this configuration is being actively produced and marketed by the Motorola company.

FIGURE 3.3.8 Early Prototypes of the TouchTag Reader Board

3.3.5 Applications and Ethics

“We shall never experience our relationship to the essence of technology so long as we merely
conceive and push forward the technological, put up with it, or evade it. Everywhere we remain
unfree and chained to technology, whether we passionately affirm or deny it. But we are deliv-
ered over to it in the worst possible way when we regard it as something neutral; for this concep-
tion of it, to which today we particularly like to do homage, makes us utterly blind to the essence
of technology.” - Martin Heidegger from “The Question Concerning Technology”

Table 3.3.4, “Complete Configuration Space for TouchTag Hardware” seemed at first a useful pedagogical convey-
ance. Constructing this table, however, led me to discover new configurations for the TouchTag reader. Thistable
was therefore not only auseful way to explain the possible configurations of Touch Tags, but also a useful way to dis-
cover them. Indeed any equation or logical argument can be away to make progressin scientific discovery, but | pick
on this table precisely because it regards applications or uses of atechnology and not only scientific or technological
advancement. The application of logical argument to applications or uses of technology is ethically questionable,
because it implicitly recommends that all uses that are possible must become actual. By attempting to put in order all
possible manifestations of nature in this special case of TouchTag configurations, | have not been content to satisfy
my needs as they occur to me. Instead | am envisaging all possible uses of atechnology simply because they are log-
ically possible. Heidegger uses the word “enframing” (Gestell) to denote this particularly regimented way of relating
to technology. [HEI52]

Heidegger maintains that modern physics, “indeed already as pure theory, sets nature up to exhibit itself as a coher-

ence of forces calculable in advance, it therefore ordersits experiments precisely for the purpose of asking whether or
how nature reportsitself when set up in thisway.” The creation of atheory of physicsisin many ways acreative and
beautiful discipline of the mind, a practice which can promote alove and respect for nature as well as a connection to
ariver of ideaswhich is greater than any single person. However, the application of the methods of modern physicsto
the question of the uses of technology, which isto say, to the question of human society is ethically questionable. If |
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amto use atable like the 3.3.4, then | feel | must state explicitly that it is not arecommendation for uses of this tech-
nology, but only “arevealing” of its possible configurations. It is up to usto use our free will to decide whether a par-
ticular use of the technology will lead to our betterment. At first, “ betterment” may indeed simply mean to us
economic profit. But the stronger and more developed our sense of free will becomes, the more prepared we will beto
truly understand what is to our true betterment. [HEI52]

1. N.B. Heidegger, in hislanguage, aways attempts to chart a middle course through the mind/body problem. He
realizes that things occur in the world which seem to be out of human control, but which would not happen without
humans. For example, wars. Heidegger is not superstitious. Which is to say he would never intend to impart atrue
human will to natural occurrences or collective phenomenon. But on the other hand, he does not wish to disrespect
the power of eventsto, aswe might say, “have awill of their own.” Hetriesto write in away which respects the co-
will of humans and their environment. This can be frustrating reading for a physicist who is used to understanding our
relationship to matter as one of theideal human mind relating to matter as lawful mechanism. But to the engineer who
has ever actually built something and who has therefore confronted the will of matter- Murphy’s Law that “anything
that can go wrong, will go wrong,” Heidegger might not seem so strange.
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4 Radios and Modulation

4.1 Introduction to Modulation/Demodulation

Modulation in atransmitter means using data to alter a“carrier” signal. A carrier signa is nothing more than a pat-
tern, usually arepeating pattern. Demodulation in the receiver then involves comparing the carrier altered by the data
to apure carrier pattern. The differences between the unaltered pattern and the pattern altered by the data tell the
receiver what datawas sent. The main difficulty isin producing a synchronized copy of the pure unaltered patternin
the receiver for comparison to the “modulated” carrier.

But why not just send a data signal ? Historically, it was found that we needed a carrier because of the physics of
antennas. Modulating a data signal onto a carrier makes it possible to ater the spectrum of the data signal for trans-
mission by radio. Inradio transmissionit is often desirable to have the transmitted signal to closely surround asingle
frequency so that the signal will radiate efficiently from aresonant antenna. The antennais basically afilter in the
channel, and modulation can help match the spectrum of a data signal to the filter inherent in a channel.

Modulation is also useful if we want to send multiple data signals through one channel. We can do this by modulat-
ing each data signal onto adifferent carrier. Then it is possible to send multiple data streams through the “ether”, and
have them be separable at the receive end by comparing the summed signal to locally generated carriersin the
receiver. Another way to send multiple data signals through a single channel would be to have an agorithm for inter-
leaving the data signals into one higher speed signal, and then send this signal on asingle carrier, but thiswon’t work
if we want to have multiple independent transmitters and receivers.

Some common modul ation schemes are

AM Amplitude Modulation

FM Frequency Modulation

BPSK Binary Phase Shift Keying

QPSK Quadrature Phase Shift Keying

MSK really should be called BFSK Minimum Shift Keying also called Binary Frequency Shift Keying
GMSK —just filtering strategy right? Gaussian Minimum Shift Keying

Feher PSK - FPGA signal generation techniques

4.2 Spread Spectrum

In order to understand the chief advantages of DS SS, it is enough to note the important fact that the frequency spec-
trum of white noise is approximately flat. A familiar example of white noise is white light, which incorporates an
equal mix of every frequency of visible light. Since the information from an SS transmitter looks like gaussian white
noise, it also has aflat frequency spectrum within some frequency band. One chief advantage of having the SS signal
spread across a band of frequenciesis that multiple transmitters and receivers can share this band without having to
explicitly negotiate who gets which frequency. SS signalsinterfere very little with one another allowing many trans-
mitters and receivers to communicate simultaneously on the same frequency band. This is known as Code Division
Multiplexing (CDMA). CDMA isthe clear choice for applications in which there are many (possibly moving) trans-
ceivers communicating simultaneously.

4.2.1 Review of Spread Spectrum
The following information was taken primarily from the Spread Spectrum Communications Handbook
4.2.1.1 Definitions
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(from PART 4 Synchronization of Spread Spectrum Systems chapter 1)
judge acquisition strategy by mean acquisition time, TACQ, acquisition time variance (2ACQ
also acquisition probability but this harder

coherent means someone have phase lock on rf carrier and are demodul ating coherently BPSK for example
non-coherent means we don't need phase lock, because we aren't demodul ating before we do acquisition

single dwell time- always integrate over fixed interval of correlation to decide whether or not acquisition has been
achieved

multiple dwell time- integrate over short correlation window, if acquisition looks promising increase window size
until prove acquisition or not conclusively. - increased circuit complexity but reduced acquisition time

for multiple dwell time system:
fixed or variable integrations time
fixed integration time are either single or multiple dwell

time non-limited serial search strategies take as long as needed to accomplish acquisition-typically used when data
modulation is aways present

time-limited serial search used when data modulation only commences after acquisition, and the allotted time allows
for ahigh probability of acquisition

returning state is when acquisition is reported to the tracking circuits but it isreally afalse alarm. If the systemis
robust the tracker will realize the problem and return control to the acquisition circuits so that they can start searching
where they |eft off.

absorbing false alarmis when in the above situation there is a catastrophic loss of the code synchronization and so
there is no returning state

4.2.1.2 Survey of Pseudo Noise Acquisition in DS SS Receivers
from section 1.1

Maximum Likelihood: correlate received signal with every possibleinternal LFSR sequence and take one that gives
highest value

RASE: Rapid Acquisition by Sequential Estimation:p759
load register of receiver with incoming demodulated estimated bits, and try to generate next bitsin sequence. Use cor-
relator to seeif match is good. If match falls below threshold reload the receiver LFSR.

Advantage: Significantly faster than Sequential Search.

Drawback: 1) Doesn't work with SNR's worse than -15dB. 2) Needs to be coherent detector so can demodulated all
incoming PSK bits for correlation.

RARASE: Recursive-Aided RASE p759

Correlates more bits than RASE to decide whether to reload?
7.5 times faster than RASE for 15 bit LFSR.
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Sequential Search (also called stepping correlator):

bits comein

internal LFSR generates bits through delay with knob on it.

vary knob linearly and watch correlator

faster knob turning means faster acquisition with worse correlator accuracy

Advantage: (p761 bottom)

chip generators getting faster->

broader spreading->

wider band receiver input filter->

more receiver noise->

worse SNR's for acquisition schemes to deal with->
bad for RASE since doesn't work under -15dB->
therefore serial search more & more common

plus serial search is easy to implement

so that is what we use now

1.2 Single Dwell Serial PN Acquisition System

figures 1.6 p764 and 1.7 p 766:

mix incoming with local PN code->
bandpass filter->

square law envelope detector->
integrator->

compare to present threshold.

knob on sequential search usually stepsinternal PN sequence in half chip increments until acquisition is achieved.

cells are number of knob increments to search entire code- in above case twice the length of the PN sequence

1.3 The Multiple Dwell Serial PN Acquisition System

Conceptua Implementation:

An integrator that integrates over a shorter time finishesfirst and tells whether it thinks thereis acquisition or not. If it
says yes there is acquisition, then we listen to the next longest integrator which has integrated over the same interval
of the shorter time integrator and then some. It finishesits integration after the shorter time integrator, but gives more
information. If at any time, an integrator says no lock then, we stop listening to longer and longer integrators.
Instead we reset al the integrators, and shift the internal PN code 1 cell.

Actual Implementation:

1 single continuous time integrator whose output is sequentially sampled (but not dumped) at successive time
instants.

1.4 A Unified Approach to Serial Search Acquisition with Fixed Dwell Times
boring unless we really care about analyzing these systems
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4.2.1.3 A Historical Survey of PN tracking in DS SS Receivers
(from chapter 2)

early late gates - PN correlated with delayed and advanced internal versions of itself to generate timing error correc-
tion signal.

2.1 DLL (from Part 4 section 2.1 p. 902)

DLL Delay Locked Loop - PN correlated with advanced and delayed signals which goes through loop filter to voltage
controlled clock (VCC) that drives PN generator. When the advance and retard are one half achip thisiscaled a“one
deltaloop.”

22TDL

TDL Tau Dither Loop (Time shared loop) - very similar to DLL except alternate between doing correlation with
advanced or retarded signal. The output of the correlator goesto the loop filter, is envelope detected and then inverted
if it came from the retarded signal before it goesto the VCC that drivesthe PN generator. The reason for thisis so we
don't have to match two analog filters and correlators perfectly. Still used now in DSP systems?

2.3 Acquisition (transient) behavior of DLL and TDL

1. What is maximum allowabl e relative code rate offset (due to doppler, or code instabilities) between received and
locally generated PN codes?

2. How long until acquisition?

Nonlinear dynamics starting to happen on p928

2.4 Mean Time to Loss of Lock
use some cool Fokker Plank stuff.

2.5 Double Dither Loop (DDL)

switch two correlators and loop filters of aDLL so they alternate on the retarded and advanced signals. So balancing
of correlatorsisless crucial.

2.6 Product of sum and difference DLL
some math to improve on DLL in adifferent way than DDL

2.7 MCTL Modified Code Tracking Loop
analysisfollowsthat of DLL almost exactly.

2.8 The Complex Sums Loop (A Phase Sensing DLL)
Seldom used it is essentially a Sum-DeltaDLL for a PN phase modulated onto a carrier.

5.1 Multiple Access

good idea of doing CDMA with each new transmitter in the network coming in with its PN code delayed by an exact
amount from the last transmitter to join. Thisway only need to acquire one code, all others are just delayed versions,
but still get processing gain! Thisis donein FH/MFSK, but not reported for CDMA. But to do this have to solve the
clock distribution problem.
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4.2.1.4 Standard Practice
The CDMA Digital Cellular System - 1S-95 isthe last generation industry standard for cell phone communication. It
employs QPSK with adatarate of 9.6 Kbps, a1.25 MHz chip rate, and a 900 MHz carrier. Datais encoded using con-
volutional coding with Viterbi decoding.

4.2.1.5 SS and microcells
Spread spectrum is good in amicrocell situation, because rf falls off as r*4 on surface of earth. That means that with
the added protection from SS, neighboring cells can reuse 100% of spectrum so greater channel capacity over multi-
ple cells than narrowband cell network. (p1171) Thisiswhy DS CDMA has more channel capacity in amicrocell sit-
uation. In amicrocell context, the capacity of spread spectrum radios is interference-limited, while the capacity of
narrowband radios is dimension limited.

4.2.2 Linear Feedback Shift Registers

4 bin, two-tap Linear Feedback Shift Register (LFSR)

_>|

Linear Feedback Shift Registers (LFSR) are used in spread spectrum to generate sequences of pseudo random bits.
An LFSR is can be thought of as akind of Fibonacci series generator. For example, a4 bit, 2 tap LFSR implements
the recursion relation,

x(t) = [x(t—t) A x(t—4t)]mod2

wheret = time and x = signal.

The physical system can be thought of as a*“ series of registers through which bits are shifted, with taps from afew
specified register bins that select the values to be added mod 2, asiillustrated above.

(b

FIGURE 4.2.1 Block Dlagram of Linear Feedback Shift Register (LFSR)

TABLE 4.2.3 Maximal Length LFSR Tap Sequences
18 binswould be atypical register length for an LFSR in an actual SS system [MOT97].

Gold codes are created by taking the sum (mod 2) of two shifted maximal length LFSR of different taps configura-
tions but the same size which have the drawback of not being maximal length sequences, but have the advantage of
greater mutual orthogonality than standard single LFSR m-sequences.
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4.3 Radios in the future

4.3.1 Higher Frequencies

1012 _ 1014
101s
1010
10°
108
107
108
10°

TABLE 4.3.2

infrared systems and line-of-site laser transmission
“pseudo optical” regime
satellites, other high performance microwave systems
commercial microwave: cell phones, wireless LAN’s, pagers...
FM radio...
Television....
AM radio...

Near field electrostatic or inductive coupling since ¥ wavelength far field radiating
antenna would need to be enormous. Applications in LAN, PAN, paging

Wireless Technologies and Frequencies Covered
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5 Prior Art for AFSR

5.1 Chaotic Entrainment for Spread Spectrum Acquisition

The Analog Feedback Shift Register is not the only nonlinear dynamics system that has been proposed for usein
noise channel coding applications. Kevin Cuomo, Allan Oppenheim, and Steven | sabelle proposed a scheme for gen-
erating and entraining to deterministic noise using nonlinear dynamic system in areport entitled “ Spread Spectrum
Modulation and Signal Masking Using Synchronized Chaotic Systems [CUQ92].” They proposed to use alow
dimensional chaotic system to generate noise carrier, and a copy of the same system to entrain to the noise for demod-
ulation inthereceiver. Asthey state themselves, “ chaotic dynamic systems are nonlinear deterministic systemswhich
often exhibit erratic and irregular behavior. The signals that evolve in these systems are typically broadband, noise-
like and similar in many respects to a stochastic process. Because of these properties chaotic signals potentially pro-
vide an important class of signals which can be utilized in various communications, radar and sonar contexts for
masking information-bearing waveforms and as modulating waveforms in spread spectrum systems [CUQ92].”

Thefirst problem they haveisthat “...chaotic systems are characterized by 'sensitive dependence oninitial conditions
and have at least one positive Lyapunov exponent. Thus long term behavior of chaotic systemsisdifficult at best
since small uncertaintiesin the initial state of the system will be exponentially amplified... These properties of a non-
linear system would seem to defy synchronization, which, if true, would produce unattractive models for signal pro-
cessing or communication applications.

To solve this problem and successfully construct the system that can synchronize they must make use of the fact that
“chaotic systems which can be decomposed into a drive system and a stable response subsystem will synchronize if
they are coupled with acommon drive system.” For exampleit hasbeen “... demonstrated that the chaotic L orenz and
Rossler systems can be decomposed into adrive system and a stabl e response subsystem which will synchronize
when coupled with a common drive signal.” The general theory for constructing these decompositionsisfound in
“Synchronizing Chaotic Circuits,” by T. L. Carroll and L. M. Pecora[CAR91].

The first example they present is the familiar Lorenz system given by

X = s(y—x)
y = IX=Yy—=XZ-. (5.1.1)
2z =xy—bhz

The above equation is used asthe drive system with s = 16,b = 4, and r = 45.92. The stable response system uses
duplicates of the states (x, z) called (x, z) sothat it iswritten

X =sly-x) (5.1.2)
Z = xXy-bz

The y(t) signa “serves the purpose of a driving or coupling signal between the drive and response systems. The ana-

lytic condition for synchronization is negative real eigenvalues of the Jacobian matrix of the response subsystem

which correspond to the conditional Lyapunov exponents. This means that “we should expect [x—x| and |z—Z| to

approach zero exponentially fast.” They go on to show that synchronization does in fact occur in simulation.

Having successfully simulated the synchronization of several continuous time systems and one discrete time system,

the authors then “...propose and explore in apreliminary way how synchronized systems can be used for spread spec-
trum communication and for various signal masking purposes.” They provide block diagrams of hypothetical SS sys-
tems employing a chaotic systems. In their scheme, adrive system forces aresponse subsystem which isfiltered by a
whitening filter producing a noise-like signal which can be used in place of the transmit LFSR in aconventional DS

SStransmitter. Thedrive system also sendsasignal acrossaseparatedrivesignal channel tothereceiver. A duplicate
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response subsystem at the receiver isto synchronize to thisdrive signal producing identical noise for demodulation in
place of a synchronized receiver LFSR found in aconventional DS SS receiver.

In order separate the drive and spread data channels, they propose to amplitude modulate the spreading signal and
phase modulate the drive signal. They amplitude modulate the data (which has a much lower bandwidth) onto the
chaotic spreading signal. This schemeis clearly inferior to the AFSR scheme we discuss | ater, because the datais
amplitude modulated while the AFSR system can phase modul ate the data which is much more robust to disturbance
by noise. If they try phase modulate their data as the AFSR system does, then their drive signal cannot also be phase
modulated or synchronization will be disturbed. Their drive signal would therefore have to be amplitude modul ated.
Thiswould imply that their spreading signal would now have to be phase modul ated, thereby destroying the ability of
the spreading signal to significantly spread the original carrier. To reiterate, AFSR is superior to the scheme proposed
here because AFSR can synchronize to the actual PN sequence and does not require a separate synchronization chan-
nel. Thisleavesroom for the datato be encoded in the signal in its own orthogonal modulation scheme. In fact, one of
the primary advantages of AFSR above all present SS acquisition schemes isthat it does not require a separate syn-
chronization channel and the attendant transceiver complexity that this entails.

Thereis a second drawback of the scheme proposed here which is more serious. The chaotic systems here are being
used to generate white gaussian noise. The fact of the matter is, however as the authors note themselves, the “ signal
energy is not uniform over awide range of frequencies.” Chaotic systems do not actually produce perfectly gaussian
noise (the spectrum is not really flat) nor truly white noise (there are correlationsin the signal). The authors attempt to
address this problem by employing alinear time invariant (LT1) Wiener whitening filter to flatten the spectrum and
remove correlations. Thiswhitening filter since it is LTI cannot remove all of the long range and structure due to the
dynamics. Moreover, awhitening filter could be used on the a simple sinusoidal signal to produce aflat spectrum, but
thiswould also spread al of the thermal noise of this single frequency over the spectrum. The original goal wasto
produce a deterministic signal that had a flat spectrum. The necessity of the whitening runs counter to this spirit.

To abstract the lesson learned here, we note that positive Lyapunov exponents give rise to the noise like properties of
a system (as was stated by the authors on page 1) while negative exponents give rise to the dissipative synchroniza-
tion properties of the system (as the authors have stated on top of page 5). But the noise-like properties provided by
positive Lyapunov exponents are not terrific (as they say on page 22 in their section on whitening filters). The solu-
tion to this problem is to till use the negative Lyapunov exponents for dissipative synchronization, but to simulta-
neously produce the noise by a deterministic process. Thisiswhat AFSR does.
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5.2 The Beginnings of AFSR

5.2.1 DT Cosine AFSR

A Four Bin, Two Tap Discrete Time (DT) Cosine Analog Feedback Shift Register (AFSR)

Cosine
Function

@ P Pl P

FIGURE 5.2.1 Schematic Representation of a Four Bin, Two Tap Discrete Time (DT) Cosine Function Analog
Feedback Shift Register (AFSR)

AFSR was first proposed by Gershenfeld and Grinstein in a 1995 paper entitled, “ Entrainment and Communication
with Dissipative Pseudorandom Dynamics [GER95].” The structure of their original AFSR can be most easily under-
stood as an analog L FSR used as the Voltage Controlled Oscillator (VCO) in a Phase Locked Loop (PLL). The gen-
eral equation for an LFSR as we have seen beforeis

N
Xn = é X _;(mod2) (5.2.1)
i=1
where g = 1 setsatap, of agiven delay, n, and a = 0 setsnotap, and WhereaN = 1 aways from the theory of
LFSR’s. In other wordsthisisadelay line of length N, with taps at delaysfor which a =1. The outputs from he taps

are summed mod 2 and then shifted into the register. In this system &l the x,, always take on discrete values of either
Oor1l.

To create AFSR, the mod 2 function in equation 5.2.1 is modified. “ To make an analog version capable of entrain-
ment, we replace the mod2 function by a continuous function that is equal to it for integer arguments, has a slope of
magnitude less than one in the vicinity of theseinteger values, and necessarily then has unstable fixed points between
the integer values. This makes the maximal sequence of the LFSR a stable attractor [GER95].” They proposed the
difference equation

[1 — COs

where ai’s are selected just asin the LFSR above. The mod 2 function of an LFSR and the Cosine function of the
original AFSR are shown in Figure 5.2.2 on page 43. Clearly, for x = 0 or 1, the cosine function reduces to mod 2. If
weinitialize the AFSR with 0 and 1 valuesin the register bins, its evolution will be identical to that of an LFSR with
the same length register, tap configuration, and initial condition. If we were to initialize the AFSR register with ran-
dom values between 0 and 1, x = [0,1], however, something interesting happens. The valuesin the AFSR hins will
migrate outward toward values of either O or 1 until the AFSR is once again following the evolution of the corre-
sponding LFSR. In fact, as the analog values are migrating toward 0 and 1, the AFSR will be simultaneously attempt-
ing to follow the evolution of the corresponding LFSR but with degenerate register values. A brief digression to

I\ 0
P ax,_ i (5.2.2)
i=1 g

N I=
beO»OSB
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explain the behavior of asimple “quadratic iterated map” or quadratic difference equation will make it clear how this
happens.

A quadratic function y = x2 is shown plotted below on the interval x > 0. Starting from some initial condition X
we can construct a nonlinear iterated map from this function, by following an algorithm whereby we first obtain

y = xg, and then re-input thisy value into the function as x, so that X; =Yy = xg, and then repeat. We can writethis
algorithm more compactly as

y(t) = x2(t) (5.2.3)
x(t+1) = y(t)

In Section 2, “Nonlinear Dynamics,” on page 13, we discussed that one of the first questions we are ordinarily inter-
ested in about a nonlinear map or flow iswhich initial conditions will blow up and which will settle to an equilibrium
or fixed point. In the case of this“quadratic map,” we can observe two fixed pointsat x = 0 and x =1. Thefirstisa
stable fixed point or sink and any initial condition x < 1 will eventually settle to it. On the other hand x=1 is an unsta-
ble fixed point or source and any initial condition will move away fromit. Therefore, initial conditions x > 1 will
blow upto ¥ after repeated iteration by the map. If x isexactly 1 (not possiblein a physical system dueto inevitable
noise), x will remain 1 under continued iteration since 12 = 1.

Once we determine the fixed points of afunction, it is possibleto find if they are stable or unstable mathematically. If
the derivative of the function at the fixed point isless than 1 (asfor x=0 in the quadratic map), then the fixed point is
stable. On the other hand, if the derivative of the function is greater than or equal to one at the fixed point, then the
fixed point is unstable.

. functions evaluated at integer values

x(mod2) and cosine(x)

FIGURE 5.2.2 Continuous Valued x (mod 2) and cosine of x on the interval x=[1,5]

Having seen this example, we are now prepared to understand the dynamics of the AFSR iterated nonlinear map. As
seen in Figure 5.2.2 on page 43, the cosine function isidentical to the mod 2 function for integer values of x. The
integer valueswill be fixed points of the iterated cosine map, and they will be stable since the derivative of the cosine
function is zero at x an integer. Furthermore, there will be unstable fixed points at the half integer points where the
derivative of the cosine function is greater than 1, so that any initial x under repeated iteration of the cosine map will
evolve toward either 0 or 1. However, as we stated before, once we have evolved out to these fixed point extremum,
the cosine map is equivalent to the mod 2 map. So if we build an LFSR with a cosine function in place of the mod 2
function, and initialize it to random register values, it will quickly evolveto have binary register values. Asstatedin
the original paper, “an LFSR has an attracting basin” which is the limit cycle of the corresponding LFSR, so that
“starting from arbitrary initial conditionsthat liein this basin, an AFSR will produce, in the long time limit, ideal
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pseudorandom noise governed by the well-devel oped theory of LFSR design [GER95].” We now understand the
behavior of the original DT Cosine Map AFSR running as an autonomous system.

Now we must ask, “what happens to this systemif it is given an LFSR forcing function?’ In other words what hap-
pensif it operates non-autonomously? Having answered this question, we will completely understand the DT Cosine
AFSR. Miraculoudly, if we send an output chip at each clock cycle from an LFSR into a corresponding AFSR with
randomly initialized register values, the AFSR not only produces a PN sequence identical to the forcing LFSR, but
does so in phase with the forcing LFSR. The AFSR values will be nudged to coincide with the LFSR’ s transmitted
PN sequence. The AFSR can be said to “entrain” to the LFSR. Many plots of thisbehavior are shown in the following
sections. Because the AFSR contains a structure that mirrorsthe LFSR it is entraining to, in theory it should be able
to reproduce the PN sequence of the LFSR even if the LFSR sequence is weak, noisy or completely interrupted. The
AFSR, in asense, exhibits momentum.

The clevernessin creating this mathematical system continues to amaze me the more | learn about it and work to
improve it. Unfortunately, however, aswe will see later, the DT Cosine AFSR does not perform well with any noise
in the LFSR channel, unless we use atrick that called “selective feedback” in the original paper. We will not discuss
selective feedback here since by using other nonlinear function than the Cosine functionin AFSR, | have been ableto
discard selective feedback and still improve the performance of AFSR beyond the original system. With a different
nonlinearity, AFSR will exhibit robust entraining behavior even when the variance of additive gaussian noisein the
LFSR channel isgreater than the peak-to-peak value of theincoming LFSR signal without selective feedback. Thisis
the topic of the section on “Analysis and Modeling of CSDT AFSR” on page 45.

5.2.2 Early Attempt at CT Cosine AFSR
In the original AFSR paper, the authors al so presented a continuous time (CT) version of AFSR to show that it would
be possible to build a physical implementation AFSR. They present the autonomous CT differential equation

@ 1 + x%F— 100 @& N 1+x[t— Zi_l}ﬁ
dx _ e (x—x3)+A (z(t) -z )cosg _ez-r_a: l—cosg 2 _2—-: (5.2.9)
at 1 q c gp > i P a g 5 - 2.
e o ei=2 [7]

where e >0, z.<1, and A are all positive parameters, and z(t) = cos(2pt) isaforcing function with unit period.
“Thefirst term drives x(t) toward fixed points at +1 with a speed governed by e Since q(z(t) -z) = 1for z> z.
(and equalsOfor z< zc), choosing z Cjust dlightly smaller than 1 makes the second term apply kicks that produce the
transitions.”

The important term to note hereis q(z(t) — zJ). This term produces very low duty cycle square pulses that cause the
transitions in the AFSR to happen. There are two major problems with this term. First, if the AFSR isrun in non-
autonomous mode to entrain to an incoming LFSR signal, an external clock recovery is assumed in the term,

z(t) = cos(2pt) . This clock recovery would have to track the incoming LFSR signal clock before AFSR startsto do
its acquisition work. Thisis known as a coherent detector, and is quite difficult to build since it may require locking
to the clock rate of asingle PN sequence which for many SS signals could be is buried 30dB below the noise.
Although it is possible that this clock recovery could be successfully accomplished using something like a Phase
Locked Loop (PLL), wewould much prefer to eventually build the clock recovery into the dynamics of AFSR. If the
AFSRisaready akind of PLL, it seems suggestive that we may be able to roll the clock recovery into the AFSR
dynamics. We will take up this subject again later with some success.
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6 Analysis and Modeling of CS DT AFSR

6.1 Entrainment

Entrainment is afamiliar phenomenon in coupled oscillators. The classic story about entrainment isthat avisitor to a
swiss clock storeisamazed to find that every clock in the storeisticking in perfect synchrony. How can the old clock
maker possibly pay such close attention to hundreds of clocksin order to maintain them to such a high degree of
accuracy? The answer is that the clocks are weakly coupled to one another by the sound which travels through the
walls, floor and air of the room. Thisweak coupling, over time, causes all of the clocksto tick in synchrony. Below is
a Figure showing a Runge-K utta simulation of a damped oscillator being weakly forced by a sinusoidal forcing func-
tion. The forcing function has the same frequency as the resonant frequency of the oscillator, but starts out of phaseto
the oscillator. The red line is the state of the damped oscillator which startsin the 1 state at time = 0. The green line
represents the forcing function which startsin state O at time = 0. As can be seen, the damped oscillator quickly
adjusts its phase to match that of the forcing function.
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FIGURE 6.1.1 Entrainment of Simple Harmonic Oscillator (SHO)

This behavior can be understood most generally in the language of the state space of the system. The total state space
volume of a Hamiltonian system (one with no damping) will stay constant for all time. The topology of the state
space may change, but its volume must stay constant, because its energy is conserved. A damped system, however,
seeksto lower its energy by removing energy to the environment. It will seek to minimize phase space volume. When
two coupled oscillators are out of phase they each require an independent degree of freedom in state space in order to
describe their behavior. When they come into phase, however, the dimensionality of the total system is reduced by
one, so that the state space volume of the system is smaller. Therefore coupled oscillators with damping (dissipation)
will comeinto phase with one another in order to seek a minimum energy state space configuration.

Similar behavior is exhibited in the ssimulation of DT AFSR below. The green line isthe signal from an LFSR being
transmitted through a channel with additive gaussian white noise. Thered lineisthe state of the DT AFSR. Even with
very weak coupling between the LFSR and AFSR (the AFSR update is 90% based on its past internal state and only
10% on the incoming LFSR signal (epsilon = .1)), the AFSR still achieves synchronization or acquisition quite
quickly. Once it achieves acquisition it exhibits arectified version of the noisy LFSR forcing function which is actu-
ally identical to the original LFSR signal before noise was added.
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FIGURE 6.1.2 Entrainment of AFSR Weakly Coupled to LFSR with Additive Gaussian Noise (noise variance =.5,
register length = 15 bins, epsilon =.1)

6.2 A More Elegant AFSR

6.2.1 Choosing the Nonlinearity for Simpler Implementation and Better Performance
Two tapsis sufficient to create a maximal length LFSR for most register lengths. “Linear Feedback Shift Registers’
on page 38 contains a compl ete table of maximal length tap configurations for LFSR’s of increasing register length.
For atwo tap LFSR, we can represent the cosine function shown in Figure 5.2.2 on page 43 in anew way. In the fig-
ures below, the Cosine function for atwo tap, DT Cosine AFSR is plotted in three dimensions. The x and y axes are
the values from the two taps of the shift register that are input to the function. For afour bin AFSR, for example, the
x axis would be the value from the register bin delayed by one chip, and the y axis would be the values from the reg-
ister bin delayed by 4 chips. The z axisis the output of the cosine function of the two taps as given by equation 5.2.2.
The mod 2 map of the equivalent LFSR lies at the vertices of the cube. So (x,y) = (0,0) yields z = 0 since (0+0)mod2
=0. Similarly (x,y) = (0,1) yieldsz=1, (x,y) = (1,0) yieldsz = 1, and (x,y) = (1,1) yields z = 0. The cosine function
smoothly interpolates between these fixed points which are dictated by the mod 2 function.

FIGURE 6.2.1 3-D Plot of Original Cosine Map For Two Tap AFSR X(t +t) = Cos(p(x(t—t) +x(t—4t)))

How does this system perform? In the chart below, atrial consisted running a 15 bin DT Cosine AFSR for 400 chips
or until it performed successful acquisition. Successful acquisition was defined as having produced 2N + 1 error free
chipsidentical to the transmit LSFR, where N isthe number of binsin the register. 1000 of these trialswererun and a
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histogram of acquisition times plotted. With gaussian noise on the transmit channel with avariance =.5, the DT
Cosine AFSR never successfully performed acquisition within 400 chips. In order to achieve successful acquisition
with the Cosine map AFSR it was necessary to remove al noise from the transmit signal. The reason for thisis that
the map has zero slope everywhere along theline x = y so the map is susceptible to the dightest perturbation due to
noise in approaching the (x,y)=(0,0) and (1,1) fixed points. To correct this problem, the map should be adjusted to
have a slope along both the x = y and x = -y lines. Thisis achieved by the absolute value and quadratic map func-
tions | have devised. For all AFSR simulations described here, except when explicitly stated otherwise, epsilon
was.6.

Mumber of Successful Acquisitions

o
108 1o i1z 14 i18 i1a 120

Time Until Acquisition {in code chips)

FIGURE 6.2.2 Distribution of Acquisition Times for Cosine Map AFSR

With all noise removed from the channel, the DT Cosine AFSR did perform successful acquisition. The binsin the
histogram, Figure 6.2.2, are 1 chip wide. As can be seen from the chart, over 800 out of 1000 trials of the DT Cosine
AFSR performed acquisition in 109 chips. Other successful acquisitions were scattered between 108 and 122 chips.
The distribution of acquisition timesis somewhat erratic. If the DT Cosine AFSR could perform this way in the pres-
ence of noise, it would be acceptable performance, however, we would prefer to have a gaussian or other simple and
predictable distribution of acquisition times in order to be able make confident predictions about the performance of
an AFSR based SSreceiver.

| have devised several map functions that improve on the cosine map originally proposed for AFSR. The first isthe
absolute value map shown below. 1t should be obvious from the figure, that this map satisfies the extremum imposed
by the mod 2 function just as the cosine map did, however it has the advantage of 1) being symmetrical for smoother
convergence to the fixed points, 2) having non-zero slopes approaching all of the fixed points, and 3) there being a
stronger possibility of being able to implement this function in hardware due to its smplicity.

FIGURE 6.2.3 Absolute Value Map x(t+t) = abs[x(t) —x(t—15t)] —abs[x(t) + x(t—15t) —1]
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An AFSR built with the Absolute Value map is very well behaved, although still not as robust to noise as we might
like. Hereis atypical acquisition run for a 15 bin DT Absolute Value AFSR with no noise, epsilon=.6, and again
of.5. The smooth ring up of the AFSR is especially satisfying. The behavior is reminiscent of the familiar ring up of a
simple harmonic oscillator.

Acquistion of AFSR
LT TG0 O 2 B 2R N B3R S 1 R RSNy
yellow = transmit LFSR + guassian noish
green = AFSR receiver state
blue= error (AFSR-LFSR})

Amplitude
[=]
:

100 " 150
Tima (in code chips)

FIGURE 6.2.4 Typical Acquisition Trial for DT Absolute Value AFSR

I ran 1000 acquisition trias like the one shown above except with a noise variance =.5 and gain of 1, and plotted a
histogram of the acquisition times. The maximum time allowed for acquisition was 200 chips. If the AFSR failed to
acquire successfully in thistime, then it returned a -1 for the acquisition time, which accountsfor the large peak in the
histogram at -1. This peak is comprised of trials that failed to acquire.

o,

*Trials With No Acquisition Within 200 Chips
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FIGURE 6.2.5 Distribution of Acquisition Times for Absolute Value Map AFSR

As can be seen from Figure 6.2.5, the DT Absolute Vaue AFSR has a nice distribution of acquisition times.
Although | do not have analytical evidence to support this claim, the distribution looks suggestively gaussian. It is at
least unimodal and well behaved enough to be able to make strong predictions for the mean and variance of the acqui-
sition time. Also, this behavior was obtained under conditions of significant noise. The peak to peak signal from the
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LFSR transmitter had avalue of 1 ( $ps xamplitude = & o0 = 10 ) whilethe variance of the gaussian additive noise
was.5. On average, the perturbations from the noise w% hﬁ f as’?arge in amplitude as the actual LFSR signal.

The most successful nonlinearity | tried was a square law or “quadratic” function shown below in Figure 6.2.6. Like
the other maps, this one satisfies the extremum of the mod 2 map. It has several other advantages aswell. Thefirst
advantage is that as the map approaches the fixed points, the function grows steeper so that the system accelerates
toward acquisition asit draws closer to acquisition. Thisis desirable, because we would like AFSR to slowly migrate
toward the fixed points at first asit explores the phase space trying to acquire the LFSR signal. Asthe certainty of
acquisition rises, however, we would like the AFSR to accelerate toward acquisition. The original AFSR paper pro-
posed to accomplish this by scheduling epsilon, but the quadratic map accomplishes this scheduling by its functional
form. This scheduling feature of the functional form also allows us to turn up the gain for the quadratic map. Gain
presents atrade-off in previously discussed AFSR maps. Turning up the gain is desirable to robustly push the register
states to the fixed points even in the presence of noise. If the gain istoo high, however, the AFSR risks not lingering
in uncertain values long enough to find the correct phase of theincoming LFSR. The quadratic map amelioratesthis
problem by having a shallow in the middle which stays shallow even as the gain isincreased. Increases in gain have
their main effect at the edges of the map, near the fixed points where the steep slope is most needed.

FIGURE 6.2.6 Square Law MapX(t+1t) = (x(t) —x(t—4t))2 — (x(t) + x(t—4t) —1)2 + 1

The second advantage of the quadratic map are the properties of its acquisition time distribution. Below is the distri-
bution of acquisition times for 1000 acquisition trials of a 15 bin DT Quadratic AFSR under exactly the same noise
and epsilon conditions as the Absolute Value AFSR trials discussed above. The distribution strongly suggests a gaus-
sian shape which allows us to feel comfortable in making predictions for the mean acquisition time and variance of
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acquisition times. It has the shortest average acquisition time (approximately 60 for15 bins) and smallest variance in
the acquisition time (approximately 10 chips).

MNumber of Successful Acquisitions
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FIGURE 6.2.7 Apparently Gaussian Distribution of Acquisition Times for Quadratic Map AFSR

The third and perhaps most important advantage of the quadratic map is that it immediately suggests asimple imple-
mentation with electronic components. Square laws are very common in silicon as the second order approximation of
adiode junction’s exponential curve. The quadratic function can be computed by a simple double-balanced mixer,
which is tremendously helpful in envisioning a compact and inexpensive AFSR system. The advantages of thissim-
ple nonlinear function for AFSR are so compelling that the quadratic map will be assumed in all models of AFSR dis-
cussed form this point on. An interesting direction for future theoretical work on AFSR will be to understand if it is
possible to generalize the quadratic function to an AFSR map with more than two taps. Thisisatopological question
of satisfying the mod 2 boundary conditions with quadratic saddle pointsin higher dimensions.

6.2.2 Building Fixed Points by Exploiting Gain Clipping
In the previous section, we have delicately avoided a crucial issue. The absolute value and quadratic functions to not
have slopes = 0 at the fixed points of (x,y)=(0,0), (1,0),(0,1) and (1,1). Therefore the AFSR register states should con-
tinue to blow up to infinity as the dynamics evolve. The actual code kernel to produce the above plots for the DT
Absolute Value AFSR was

afsr(lfsrlen+l) = eps*noisyxmt(t)-(1-eps)*gain*(-abs(afsr(lfsrlen)-afsr(1))+abs(afsr(lfsrlen)+afsr(1)));
%4 hreshol d cutoff (rails of anplifier)

if afsr(lfsrlen+l) >= [1]

afsr(lfsrlen+l) =[1];

elseif afsr(lfsrlen+tl)<= [-1]

afsr(lfsrlen+l) = [-1];

end

Noohkwhe

and similarly the code for kernel for the DT Quadratic AFSR was

afsr(lfsrlen+l) = eps*noisyxmt(t) - (1l-eps)*gain*afsr(lfsrlien)*afsr(1);
9%/ hreshol d cutoff (rails of anplifier)

if afsr(lfsrlen+l) >= [1]

afsr(lfsrlen+l) =[1];

elseif afsr(lfsrlen+l)<= [-1]

afsr(lfsrlen+l) = [-1];

end

NooAwNhE

Theinnovation here liesin lines 3-7, which ssimply keep the register values of the AFSR bounded to the interval [-
1,1]. Without these bounds the AFSR behavior looks like Figure 6.2.8 below.
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FIGURE 6.2.8 AFSR Without Fixed Points Blows Up to -Infinity.

Without fixed point boundaries the Absolute Value and Quadratic AFSR blow up to ¥ or —¥ . With these boundaries
imposed by the “hack” in the code above, the quadratic function actually looks like the plot in Figure 6.2.9 bel ow.

FIGURE 6.2.9 Quadratic Function for AFSR with Gain Clipping Fixed Points at the Extrema

Luckily, this seemingly ad hoc bounding step in the algorithm has a simple physical interpretation; In later sections
on the hardware implementation of AFSR we will see that this bounding condition is quite naturally accomplished by
the AFSR gain amplifier clipping to its positive and negative rails. In the language of nonlinear dynamics, we now
have stable fixed points at the extrema of the map since the slope beyond the extrema s zero. Of course we aready
knew that they must be stable since the amplifier won’t operate at values beyond itsrails!

6.3 Varying Register Length, Epsilon, and Noise

6.3.1 Mean Acquisition Time and Register Length
An important statistic of AFSR performance is the mean time to acquisition for different register lengths. We would
like to know if AFSR will perform acquisition for long PN sequences in a reasonable amount of time, since atypical
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SS system may employ PN sequences generated by LFSR’ s with as many as 20 bins. It isimportant to note that the
cross section of thelinein Figure 6.3.1 below is the distribution of acquisition timesfrom achart like Figure 6.2.7 on
page 50 above. Therefore, without a unimodal distribution asimple plot like thiswill not tell us alot. The Absolute
Value and Quadratic AFSR, and to some extent the Cosine AFSR with no noise, do have unimodal distributions of
acquisition times though, so we can feel confident in drawing the kind of graph shown below.
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Average Time to Acquisition

FIGURE 6.3.1 Average Acquisition Time for Cosine Map AFSR vs. LFSR Length (no noise and)

Figures 6.3.1 and 6.3.2 show the average acquisition time of DT Cosine and Quadratic AFSR asregister length is
increased. | ran 50 acquisition trials for each register length from 2 to 30 with taps on the first and last bins. Some of
these LFSR do not produce a maximal length PN sequence, but they still produce a satisfactory PN sequence. Surpris-
ingly, the mean acquisition time scal es approximately linearly with the register length. Thisis good, because it means
that AFSR will scale gracefully to perform acquisition for long PN sequences. It is surprising, because one would

Average Time to Acquisition
8 g
,\

!
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Number of Delay Bins in LFSR and AFSR

FIGURE 6.3.2 Average Acquisition Time for Quadratic Map AFSR vs. LFSR Length

expect an exponential curve, since as the PN sequences grow exponentially longer, the time spent exploring an expo-
nentially larger configuration space for the proper placein the PN sequence should also increase exponentialy. | have
verified this graph with epsilon =.1, .3, .6, and with noise variance = 0, .5. Thisis an issue that requires more careful
investigation.

6.3.2 Acquisition Times with Epsilon
Epsilon is the parameter which determines how much the AFSR considers the incoming received (noisy) signal (and
disregardsitsinternal state) when updating its state. If epsilon is closeto 1, then the AFSR updates almost entirely
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based on the incoming signal. If epsilon is close to 0, however, the AFSR is nearly autonomous, paying attention
mainly to itsinternal state for update. Asis clear from the acquisition time distributions for epsilon=.1 and epsilon .8
shown in the two figures below, Quadratic AFSR maintains a smooth unimodal distribution of acquisition times over
awide range of epsilon values.
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FIGURE 6.3.3 Distribution of Acquisition Times for Small (eps=.1)
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FIGURE 6.3.4 Distribution of Acquisition Times for Large (eps=.8)

We can therefore feel justified in presenting Figure 6.3.5, below which plots mean acquisition time of DT Quadratic
AFSR for epsilon values from 0 to 1 with the noise variance = .5. This figure makesiit clear that AFSR acquisition
timeis quite robust across varying values of epsilon. In fact only when epsilon is below.1 or above .8, does perfor-
mance start to seriously degrade. In the range from epsilon .1 to epsilon .8, although the mean is not changing
extremely dramatically (from 100 chips to about 60 chips), the distribution of acquisition time around the mean is
changing from the distribution shown in Figure 6.3.3 to the one shown in Figure 6.3.4 above. In other words, for
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smaller epsilons the distribution of acquisition timesistighter but the mean islarger. For larger epsilons, the distribu-
tion of acquisition times has a much longer tail (larger variance), but the overall mean is abit lower.
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FIGURE 6.3.5 Average Acquisition Time vs. Values of Epsilon, €

The resultsin the figure above differ from those in the original AFSR paper, because of the presence of noise. In the
original PRL paper of AFSR, there was no noise in the modeling of mean acquisition vs. varying epsilon values.
Therefore, avery large epsilon, would essentially feed the values of the LFSR transmitter directly into the AFSR reg-
isters without any additive noise resulting in immediate perfect acquisition. In the presence of noise, however, we
observe more realistic behavior. It is necessary for the AFSR to listen to its internal state at least a small amount in
order to have some sense of system momentum. If epsilon is 1 then the AFSR may as well not have any structure
except a buffer, since the dynamics of AFSR are not affecting the update of its state. The test for acquisition success
isif the values of the AFSR register are equal to the values of the uncorrupted L FSR register for 2N+1 chips, where N
is the number of binsin the LFSR and AFSR. In the presence of noise, an epsilon of 1 means that acquisition never
occurs, because LFSR + noise which is being fed directly into the AFSR is never perfectly equal to LFSR without
noise that it is being tested against.

6.3.3 Acquisition Times with Noise
Below is aplotsthat shows the distribution of acquisition timesin the presence of additive gaussian white noise of
variance 1. In this case epsilon is .6, so the AFSR is successfully acquiring the LFSR signal when the variance of the
noiseis of equal to magnitude to the received LFSR signal.
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FIGURE 6.3.6 Distribution of Acquisition Times With Extreme Additive Gaussian Noise (noise variance = 1)
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Even for this high noise value, the distribution is smooth and unimodal so we can feel safe in simply plotting the
mean acquisition time vs. amount of noise. We do this for several different values of epsilon below, in order to see
how noise interacts with different values of epsilon.
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FIGURE 6.3.7 Average Acquisition Time Increases with Increasing Noise (for epsilon=".1 and .8)

9

We also repeat the same plot for DT Absolute Value AFSR with qualitatively very similar same results, except that
this AFSR perhaps degrades a bit more sharply as the variance of the noise starts to exceed .5.
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FIGURE 6.3.9 Average Acquisition Time vs. Additive Gaussian Noise for Absolute Value Map AFSR

Thereis one artifact of the plotting method used in the figures above. If the AFSR does not successfully acquire
within 400 chips, then the trial simply returns the maximum acquisition time of 400 chips. This means that as the
noise increases, and successful acquisition happens less and | ess frequently within the allotted 400 chips, the mean
acquisition time appears to approach a value of 400. When the noise is so great that no successful acquisition occurs
during any trial acquisition run, the mean acquisition time only appears to level off to 400 chips, because that is the
maximum acquisition time that the acquisition trial can return. The roll-off at the right hand of Figures 6.3.7, 6.3.8,
and 6.3.9 are therefore artifacts and not true phenomenon.

6.4 Understanding AFSR and Time, DT and CT AFSR.

Discrete State (DS) AFSR and Software Radio AFSR KHz AFSR Hardware Pro-
totype requires external
clock recovery CR)

Continuous State (CS) Initial Modeling Radio Frequency (rf)
AFSR AFSR (requires smooth
clocking)

TABLE 6.4.1 AFSR Models and Their Applications

So far we have only considered AFSR as an iterative map in discrete time (DT). This means that aclock must control
each shift of the shift register and each calculation of the nonlinear function. For reasons that will be discussed in fur-
ther depth later, we are extremely interested in removing the need for this external clock and in lifting the DT map
AFSR asit has been proposed into a continuous time (CT) system. Also, so far we have been considering AFSR with
floating point precision analog values which we refer to as continuous state (CS) AFSR. In aDSP or software radio
implementation of AFSR, however, these states will not have such high precision. They will mostly likely be repre-
sented with 8 or 16 bits of precision. We call this system discrete state (DS) AFSR and will model its behavior. Inall,
we discuss four permutations of the AFSR system. The AFSR we have so far considered has been CSDT AFSR in
this nomenclature. Soon we will look at prototype AFSR hardware that has been constructed. We consider this sys-
tem DS because of limitations in the precision of some of the digital components used, and we consider it CT,
because it followsthe design of the continuoustime model originally proposed by Gershenfeld and Grinstein, and can
be easily modified to be truly CT once we understand how to do thisin the last chapter. Next, we consider the possi-
bility of a software radio AFSR which must be both DS and DT. Finally, we take up the problem of actually creating
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aCSAFSR inthe chapter on rf AFSR. The chart above illustrates this naming scheme for each of the different AFSR
implementations.
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7 DS CT external CR AFSR- Prototype Hardware

7.1 Goals of Hardware Design

| worked toward implementing alow frequency (10's KHz) version of DS CT AFSR using off-the-shelf components
in order to gain more understanding of what will be required to implement AFSR as a physical system. | started with
the grand goal of creating a fully functional SS receiver employing AFSR to separate multiple received spread spec-
trum signals modulated by orthogonal LFSR PN sequences. All of the received signals could be expected to be of
comparable power, because atypical wireless cellular system has a power control loop which maintains the received
Sgnal to Interference Ratio (SR) at afixed level. A good starting point on the way to this fully functioning receiver
system, would be to first create an AFSR receiver capable of demodulating a single channel. The channel would
involve a high frequency rf carrier, spread by an AM modulated PN sequence, carrying PSK modulated data bits at
baseband frequencies. Of coursg, it is unnecessary to deal with the complexity of the rf carrier electronics, when AM
demodulation would present an envel ope to the AFSR anyway. So the real starting point isto create a hardware
AFSR capable of entraining to a single attenuated and noisy LFSR signal with off-the-shelf components.
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FIGURE 7.1.1

7.2 Implementation Details

The elementsinthe DS CT (with external CR) AFSR are delay (to implement the shift register taps), a quadratic non-
linear function, gain, and an analog switch (to implement q(z(t) -z, ). We will discuss them one by one.

7.2.1 Delay
Probably the most essential element in AFSR is delay. Whether we are buildingaDS DT AFSR for softwareradio, a
CSCT AFSR our of rf hardware, or alower frequency hardware system, delay will be needed. Theimportant require-
ment for the delay element in AFSR is that we need to be able to sample the signal from beginning of the delay line
and the end. We need to be able to make a copy of the output of the nonlinear function and delay one copy before re-
combining the two copies back into the nonlinear function.

At frequencies of 10's Gigachips per second, microstrip lines on a carefully selected diel ectric substrate need only be
mm’s long to implement AFSR delay. At the lower frequencies of my hardware prototype, however, the microstrips
would be km long as seen in equation 3.3.1- clearly unfeasible. Instead, | have experimented with constructing an
analog delay line by building an ADC ® FIFObuffer ® DAC system made from a PIC16C711 with an internal
40KHz 8 bit ADC, a 74ACT2708 Fairchild FIFO buffer, and MAX505 8 hit parallel ADC from Maxim. | have also
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tried constructing a delay element using an MN3207 “ capacitive bucket brigade” chip with an external clock, the
MN3102.

| have learned that if | use a FIFO buffer that has an ADC at the beginning of thelineand aDAC at the end, or bucket
brigade that takes analog samplesin time, | need to use a smoothing filter at the output of the delay linein order to
mitigate the effects of digitization. The detrimental effects of discretization of state on AFSR are modeled in “Maodel-
ing Acquisition Times for Discrete State (DS) DT AFSR” on page 61. It turns out that AFSR is very resilient to dis-
cretization of state. In practice and in computer models, 8 bits of ADC is more than sufficient for AFSR to function

properly.

It is also important to take at least 16 samples per chip, so that the transitions are accurate. For a4 bin AFSR, this
means we need a 8 hit wide, 64 bit deep FIFO buffer delay line. My FIFO buffer was exactly thislarge and it worked
okay, but the available precision was at the lower limit of acceptability for building an AFSR. Also, the FIFO buffer
used all of the spare pinson my ADC PIC to control itsinput and output functions. | wanted a simpler system with
more samples per chip, so | decided to use the bucket brigade chips instead which are 1024 and 2048 samples deep
and can sample at up to afew hundred kHz. Using the bucket brigade chips with such plentiful over-sampling seems
like areasonable thing to do in anticipation of having continuous time microstrip lines or thousands of bucket brigade
transistors available to eventually build an rf AFSR system.

7.2.2 Nonlinear Function
We would like to use the simplest possible nonlinearity. It isimportant to note that the fundamental requirement of
the nonlinear function isthat it must be axis symmetrical. In other words it must perform the operation g(1, 1) ® 1
and g(-1,-1) ® 1. Thismeansthat asimple mixer is not sufficient. Mixers and transistors are sometimes referred to
as“nonlinear” circuit elements, because they prevent a circuit from having a simple transfer function the way acir-
cuit built with capacitors, inductors, and resisters does. They are considered nonlinear because they are not ssimply
understood using Fourier analysis and are not completely described by linear differential equations. Thisis not non-
linear in the sense that we mean it here, however. What we need is dightly more demanding nonlinearity.

A linear function, aline, given by theformulay = ax + b, isan odd function; It is point-wise symmetrical about the a
point where it cross the y axis. We need an even function which is axis symmetric about the y-axis. This can be con-
sidered the simplest possible nonlinear function, amere polynomial of order two (quadratic) for example will fit the
bill. An off-the-shelf analog multiplier or double balanced mixer satisfies this criteria perfectly and even providesthe
quadratic shape that we desire. It need not bother us at all if the function is not perfectly quadratic. It should simply
approximate the saddle point shape of the function in Figure 6.2.6 on page 49. | am using a Burr-Brown MPY 634
analog mixer which is good up to afew MHz, and has an extremely accurate quadratic curve.

7.2.3 Gain
Gain isthe smplest element in the system. As shown in the block diagram above, we would like one dual supply
inverting gain and one non-inverting gain that can be varied from 1 to about 10. Also the amplifiers must be well
behaved at therails. A standard operational amplifier that works as a comparator will be sure to operate well at the
rails. The amplifier must also have a sufficiently fast response. | have found the dual supply AD756 from Analog
Devices operational amplifiers were more than satisfactory for this purpose.

7.2.4 Analog Switching
In current instantiation of the AFSR system, we need to gate the transitions on each time step. Most of the time the
AFSR listens primarily to the external LFSR signal, and a small feedback gain (probably in combination with alow
pass filter) causes the steady state value of the AFSR to move toward the rail to which it is nearest. For short times
around the clocked transitions, we must gate in the internal signal from the AFSR feedback to cause atransition. At rf
frequenciestrying to flip aswitch for afraction of the duty cycle of a1 or 10 MHz chip will be the achilles heel of the
system and will probably be the single most formidable obstacle that must be overcomein order to make an rf AFSR
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aredity. | call thisthe clock recovery/CT AFSR problem, and we will discussit at further length when we come to
consider the construction of an rf AFSR.

For this lower frequency prototype, however, this gating is not such a big problem. | am using Pericom’s PI5A317
solid state SPST analog switch, with -72dB low-off separation at 10MHz, and a more than adequate 10ns switching
time. The only disadvantage of these switchesisthat silicon switches generally operate in one voltage regime, in this
case 2-6 Valts, so it will be necessary to shift the DC offset and scale my signal for the switch and then reverse the
process afterwards. This kind of compatibility problem between off-the-shelf analog components intended for usein
awide variety of different and esoteric applications has plagued this project. For example, the bucket brigade chips
are optimized for use in inexpensive electric guitar effects pedals. It would be wonderful to eventually have inte-
grated components custom made for implementing AFSR.

Beyond the needs of AFSR, it isworth considering whether we can ever expect there to be a standard 1/O scheme for
analog components for nonlinear dynamic computation just asthereisalready for digital components. Thisisactually
adifficult problem, because the meaning of adjacent real values output by a nonlinear dynamic system may be spe-
cific to the state space configuration of that particular system. What is needed is a scheme for inducing a universal
metric across al dynamic system I/O. | have done some preliminary work on this subject in order to understand how
to induce a continuous metric on the computational language of finite state machines. The problem is much more dif-
ficult, however, for genera purpose Turing Machines. Perhaps, the best we may hope to do isinduce a standard met-
ric across certain classes of systems.

7.3 Performance of Prototype AFSR Hardware

This system is based on the continuous time system from the original PRL paper on AFSR in as much as we are still
using an external clock recovery circuit to gate the transitions with a gating function. We have changed the map from
a cosine map to a quadratic map, but this should only improve performance. Therefore the hardware should perform
just as the modelsin the original paper predict. | dropped furiously working toward getting this hardware working,
however, when | realized | may have discovered how to make a continuous time (CT) AFSR that dispenses with the
need for an analog switch or external clock recovery circuit, and needed time to start modeling this new system. This
is the subject of the Section “Towards CT CS AFSR - Radio Frequency (rf)” on page 64.

It should be afairly simple matter to put the finishing touches on the low frequency hardware prototype. One obstacle
that | can foresee is the constant need to use extra operational amplifiers to rescale the signal values to mediate
between the /O specifications of the various key components and the extra noise that this introduces. All of the key
components have been assembled and modeling tells us that the system should work. The only other foreseeable
obstacle is the effect of imperfectionsin the length of the delay line on the stability of the system. In the work on CT
CS AFSR in the last chapter, however, we will see that delay line imperfections should not propose a serious diffi-
culty.
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8 DS DT AFSR - Software Radio

8.1 Modeling Acquisition Times for Discrete State (DS) DT
AFSR

AFSR so far has been grounded in adiscretetime (DT) iterative map. Aswe shall soon see, discretizing the analog
state of the register binsinto quantized levels will not significantly inhibit the proper operation of the Quadratic DT
AFSR. This system therefore lends itself to a software radio implementation. As silicon scaling pushes up the clock
rate of DSP, there will likely be increasing demand for better algorithms for software radio spreading code demodul a-
tion running at chip frequencies. In fact, some state of the art SS base stations currently employ ultra-fast Josephson
junction electronics to do software radio on |F and even carrier signals. In applications where low power consump-
tionisnot asignificant design criteria, software radio has the enormous benefit of being instantly reconfigurable. This
reconfigurability means that updating the receiver demodul ation architecture to incorporate advances in coding and
modulation is a simple matter of updating code instead of replacing hardware. The military already employs ultrafast
software radios for eavesdropping. By gathering statistics on the channel, these systems are able to discover the mod-
ulation scheme of the communication and demodulate the data. Cell phones are starting to require similar systems so
that they can communicate with the various wireless modul ation standards employed in different geographical areas.
We will therefore attempt to evaluate the prospects of DT Quadratic AFSR as a software radio acquisition algorithm.
In this discussion, we will not address the clock recovery problem, which would very likely need to be handled by a
separate subsystem in an AFSR based software radio SSreceiver.

| have already begun to encounter the effects of discretization of state (DS) in AFSR when | created the

ADC® FIFObuffer ® DAC delay element for my prototype AFSR hardware. In theory, this element would only
need a one bit ADC in a noiseless world. The AFSR dynamics could operate properly if presented with a perfectly
noise freeincoming signal DC offset to the threshold of a1 bit ADC. If theincoming signal were above the threshold,
the AFSR would push itsinternal state (which would have afew more bits of resolution) toward the positive rail, and
similarly, if the signal were below the threshold, so that the 1 bit ADC returned a 0 value, the AFSR would push its
internal register state toward the negativerail. A push high would send the dynamics outward toward +1 and a push
low would send the dynamics out toward -1.

In practice, if we areinterested in using AFSR for DS SS CDMA, the other PN sequences will appear as noise on the
channel. So even if there were no thermodynamic noise whatsoever, we would still need more than 1 bit of ADC. For
software radio DSDT AFSR, there are really two questions: 1) How many bits of resolution does the ADC of the
incoming signal require? and 2) How many bits of resolution do the “analog” states of the AFSR register bins actu-
ally require? Indeed, we would like AFSR to be able to distinguish between alarge positive value and small positive
value in both the incoming samples and the internal register states. If we observe alarge positive signal, that means
we have more confidence that it is not due to noise and consequently we are willing to move the dynamics further
toward +1 than if we had observed a small positive signal. Greater resolution allows us to better exploit the shape of
the quadratic function.

The answer to the first question appears to be that both in simulation and in my hardware prototype, 8 bits of resolu-
tion in the input sampling ADC is more than sufficient. “Average Acquisition Time vs. Number of Bits of Accuracy
in Receiver ADC" on page 62 shows the average acquisition time for DS DT Quadratic AFSR for input ADC resolu-
tions of 2 to 32 bits. 50 acquisition trials were run for each level of bit resolution with noise variance =.5, gain = 4,
maximum acquisition time = 200, epsilon=.6, and 15 register bins. The figure shows that after we reach 8 bits of res-
olution, the mean acquisition time drops to around 60 chips and stays there reliably.
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FIGURE 8.1.1 Average Acquisition Time vs. Number of Bits of Accuracy in Receiver ADC

What about our second question? In the above trials, only the AFSR input was discretized. What is the effect of dis-
cretizing the internal states of the AFSR throughout the algorithm/signal chain? This a question which will become

important if we decide to implement AFSR in afixed point DSP, and is an avenue for further investigation. We can

be confident that AFSR will perform robustly even with truncated precision in the register states. AFSR can operate
with so few bits of resolution, because of the resilience of the dynamics.

8.2 Algorithm Complexity
Here isthe actual code kernel in Matlab for the discrete time AFSR.

1. afsr(lfsrlen+tl) = eps*noisyxmt(t) - (1l-eps)*gain*afsr(lfsrlien)*afsr(1);
2. % hreshol d cutoff (rails of anplifier)

if afsr(lfsrlen+l) >= [1]

afsr(lfsrlen+l) = [1];

elseif afsr(lfsrlen+l)<= [-1]

afsr(lfsrlentl) = [-1];

end

Nooahk~o

The most important part of AFSR is contained in line 1 above. Line 1 requires at least one analog to digital conver-
sion (ADC) per chip to get the value of the incoming signal, noisyxmit(t), if we assume an external clock recovery
system. The number of bits of accuracy required from the ADC will be determined by the SNR of the incoming sig-
nal. The multiply in eps* noisyxmit(t) would most likely be done in hardware before the ADC by an automatic gain
control (AGC) which would hope to match the dynamic range of the incoming signal to the dynamic range of the
ADC. A slower outer loop to control this hardware eps and the software (1-eps) value will probably be required. This
loop might only need to adjust eps once per 100 or 1000 chips, so we can probably disregard its contribution to the
algorithmic complexity of AFSR. Proceeding with this assumption, line 1 costs 2 floating point multiplies, and 1 sub-
traction per chip since (1-eps)*gain can be precomputed by the slower outer loop. The subtraction will generally be
dominated by the multiplies.

Lines 3-7 bound the AFSR dynamics by setting a maximum value for the AFSR register values of 1 and -1. Without
this cutoff, line 1 would force the register values to move away from 0 at an exponential rate. In a hardware AFSR
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this bound would be the default situation, because of clipping at the rails of the AFSR gain amplifier. Lines 3-7
require 1 or 2 floating point tests. The average will be 1.5 floating point tests. Depending on the ALU of the AFSR
DSP, it may be advantageous to rewrite this as a single test to see whether the absolute value of afsr(Ifsrlen+1)<=1,
and if not to set the value to 1, meanwhile simply leaving the sign bit of afsr(Ifsrlen+1) unmodified. Thetestsresultin
one assignation. So the discrete time AFSR software radio has an algorithmic complexity of 1 ADC, 2 multiplies, 1
subtraction, 1 or 1.5 tests, and an assignation per chip.

Information about state-of-the-art SS software radio DSP acquisition algorithm complexity is difficult to collect,
because it tends to be proprietary, so it is not entirely clear whether AFSR is advantageous from the viewpoint of
algorithmic complexity. Today’s state of the art acquisition systems use matched filters on a specially constructed
acquisition channel to find the beginning of the PN sequence. The matched filters will require approximately the
same accuracy of ADC running at the chip rate as our discrete time AFSR. Importantly, however, these matched fil-
terswill also tend to require 10-100 multiplications per chip. These multiplications are likely done in a specialized
DSP pipeline so that the clock rate of the DSP is about the same rate as the chip rate. AFSR will require the same
clock rate and its own specialized pipeline, so AFSR may or may not be advantageous as an acquisition algorithm for
softwareradio.
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9 Towards CT CS AFSR - Radio Frequency (rf)

9.1 The Clock Recovery Problem and CT AFSR

The achilles heel of AFSR asit was originally conceived isthat it is fundamentally a discrete time system. Previous
proposals for how to make a continuous time AFSR have all required an external clock recovery and tracking loop
which would trigger the discrete map iterations. This external clocking poses critical problems for implementing
AFSR as an rf system.

Thefirst problem is that the AFSR based receiver will have to be coherent. Most practical SS receivers are non-
coherent. Non-coherent detection in this context means that the receiver can acquire the PN sequence independent of
clock recovery. Non-coherent receivers accomplish this by having specially constructing codes on dedicated control
channels. These codes are constructed so that a matched filter in the receiver can find the beginning of the code. The
matched filter can then turn over the beginning of the code sequence to correlators which can search for other PN
sequences that are present in the channel. Chip clock synchronization has no bearing on this operation. There have
existed coherent detectorsin the history of SSreceivers. They generally do something like high passfilter the channel
to pull out the absolute value of the chip transitions and then try to recover the chip clock with aDLL or Kalman Fil-
ter type system. It is possible to revisit this approach, but common practice holds that the added system complexity
and sensitivity to noise makes coherent detection undesirable. We therefore dream of creating an AFSR system which
includes clock recovery in its dynamics.

The second problem with having an external clock trigger transitionsin the AFSR isthe triggering itself. Thistrigger-
ing will require a switch operating at chip frequencies, with aduty cycle 2 to 3 orders of magnitude smaller than the
chip length. In other words, this switch would have to turn on for 1 nsin order to switch 1 M chip per second chips.
Such a switch is not completely out of the question, but the high frequency transients and harmonics that it would
likely introduce into an rf system would be extremely problematic. In addition, a1 GHz switch will negate any power
consumption benefits we might have hoped to gain from the adiabaticity we would have hoped to find in a continuous
time nonlinear dynamic flow. So we dream of lifting the discrete time AFSR map into a higher dimensional smooth
flow which lacks an explicit or implicit clocking. It turns out that there is a system which solves both problems.

It is not asimple matter to lift the discrete time map of AFSR into a continuous time dynamics. Thereis no formal
procedure in nonlinear dynamics for accomplishing this. | hope that the path | took may generalize to some degree.
Indeed, if we were to speculate that we are going to make a practice of building systems to perform computations
with nonlinear dynamics, such a method could be more widely useful because we will generally be starting from
algorithmic or discrete time conceptions of the computation. Be that asit may | have made some headway on this
problem.

The crucial first step isto realize that, as a discrete time map, AFSR can be thought of as the Poincare map of some as
yet unknown continuous time flow. Basically we are going to try to go the opposite way of a Poincare map analysis,
from map to flow instead of from flow to map. The problem we therefore pose is as follows. We have a discrete time
nonlinear map, which we want to understand as the poincare map of a some higher dimensional continuous time flow
which periodically passes through a Poincare surface by following a periodic orbit, gamma. In other words, we want
to invent a continuous time system that when sampled at each chip interval, has the behavior of the AFSR map. This
sampling is purely conceptual. We think of the flow periodically passing through the Poincare surface, but the actual
dynamics of the flow will indeed be entirely continuous in time.

Thefirst hint how to solve this problem comes from noticing that the discrete time AFSR map has stable fixed points
aswas discussed in “Building Fixed Points by Exploiting Gain Clipping” on page 50. The derivative at these pointsis
zero due to the clipping as seen in Figure 6.2.9 on page 51. We want these fixed points to be hyperbolic fixed points
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first of all to be assured of their stability, but more importantly so that we could have reason to hope that the hypothet-
ical orbit, gamma, will approach aregular periodicity as the map settles down to its fixed points.

My first instinct was to imagine a single Poincare surface with a flow orbit traversing it at multiple fixed points as
illustrated in Figure 9.1.1 below. The ideawas that at some point in the orbit, the flow would cross near to itself, so
that in that vicinity, the flow would be sensitive to aforcing function which decide through which fixed point the
orbit would pass next.

Continuous Time Flow

~(1,1) (1,1)
Paincare Surface

(1.-1)

Fixed Point

FIGURE 9.1.1 A Graphical Representation of “Pushing the Swing” Through a Poincare Surface

The problem with this approach, which we dubbed “ Pushing the Swing” isthat at the sensitive point in the dynamics
there would also be inordinate sensitivity to noise. Thiskind of sensitivity will have some of the same drawbacks as

the CS CT AFSR with an external clock proposed in the original AFSR paper. Namely that certain specific short peri-
ods of time in the dynamics would have favored sensitivity. We would like the sensitivity of the dynamicsto be more
egalitarian. This means that the orbit must be “unknotted” so that it no longer crossesitself in state space. Thisisthe
idea of the successful method that was tried next.

9.2 Successful CS CT AFSR

For simplicity, let us begin with atwo bin DT Quadratic AFSR in order to simplify the visualization of the manifolds
we will need. The difference equation for thisiterative map is

x(t+t) = =x(t)x(t-t). (9.2.1)
Iterating this map produces a very simple PN sequence

(L1)® (0,1)® (1,0)® (1,1)% 9.2.2)
which is equivalent under GF(2) to

(1L,1)® (-L,1)® (L-1)® (1,1)% . (9.2.3)

The evolution of the state of this system in discrete time requires two dimensions to represent and is given in the table
below. Let y(t) = x(t—t) sothat in the table, each column leads to the one to its right by shifting down one, and
replacing the top value by the output of the nonlinear function performed on past values with taps.

65 of 90



x(t) 1 -1 -1 1 1
y(t) 1 1 -1 -1 1
time 0 1t 2t 3t 4tY,

We are looking for athree dimensional flow which passes through each of these 2-tuples in its continuous orbit
through time, so that we can lift thistwo bin DT Quadratic AFSR map into a flow through continuous time as por-
trayed in Figure 9.2.1 below.

Continuous Time Flow

Paincare Surface

{1.-7)

(-1.1)

(1,1} Fixed Point

FIGURE 9.2.1 Lifting 2 Bin Discrete Time AFSR Into Continuous Time Flow

We can see from the table above that during a single chip period we would somehow like for (9.2.4)
y(t) ® x(t-t)
X(1) ® (x(t-t)y(t-t))

in asmooth way. Now that we have posed the problem in this way, we can see this can be accomplished by writing
the following dynamics

(9.2.5)

&Y - Apx(t—t)
= Alx(t-1)-y()]

_ (9.2.6)
& = Bl-x(t-1)y(t-1) -x(0)]

Once an iterative map has been represented in the proper number of dimensions, this last step is the heart of the
method for converting it to a continuous flow. | simulated these continuous dynamics using Euler’ s method with the
following Matlab code (xgain = ygain = 1).

y(t) = y(t-1) + ygain*(x(t-100)-y(t-1));
x(t) = x(t-1) + xgain*(-x(t-100)*y(t-100)-x(t-1));
94 hreshol d cutoff (rails of anplifier)
if oy(t) >=[1]
y(t) =[1];
elseif y(t) <=[-1]
y(t) =1[-1];
end
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Depending on the value of the gain, this code produces the behavior shown in Figures9.2.2. When the gain is high,
the dynamics are indistinguishable from the behavior of a 15 bin LFSR.
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However, when the gain is not so high, we can see the autonomous continuous dynamics at work. With again of .5 as

in Figure 9.2.3 or again of .1 asin Figure 9.2.4, the dynamics are dissipative but still attempt to produce a PN
seguence until the system runs out of energy.
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FIGURE 9.2.3 CT Quadratic AFSR with xgain=ygain=.5.
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FIGURE 9.2.4 CT Quadratic AFSR with xgain=ygain =.1.

For purposes of optimizing the simulation code, x and y can be decoupled so that we write the following, thistime for
a 15 bin CT Quadratic AFSR

y(t) =y(t-1) + gain*(-y(t-1500)*y(t-100)-y(t-1));
%4 hreshol d cutoff (rails of anplifier)
if oy(t) >=[1]

y(t) =[1];
elseif y(t) <=[-1]
y(t) =[-1];

end

The output from this 15 bin CT Quadratic AFSR is shown in Figures 9.2.6 and 9.2.5 below.
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FIGURE 9.2.5 CS CT AFSR Running Autonomously with Gain = 2, noise variance = 0.
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FIGURE 9.2.6 CS CT AFSR Running Autonomously with Gain = .5, noise variance = 0.

This system will be very simple to implement with actual hardware. All that isrequired isthe delay element, double-
balanced mixer (multiplier), and dual supply gain. One might even hope to print such a system sinceit requires very
few transistors. The schematic for the system is represented in Figure 9.2.7 below.

Imverting Gain

S

Delay X Multipliar
{ronlinearity)

-

FIGURE 9.2.7 Block Diagram of CS C AFSR

Having gone through the previous analysis to arrive at the schematic above, we might observe that without the delay
element this system issimilar in nature to the familiar ring oscillator shown in Figure 9.2.8 below. Thering oscillator
in practice requires 3 inverting gains in series to buffer the output of again from its own input. For conceptually,
however, one inverter would be enough. In our system, the delay line and multiplier provide the necessary buffer.
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FIGURE 9.2.8 Familiar Ring Oscillator Made from Single Inverting Gain

9.3 AFSR and Power Consumption of SS Acquisition

An interesting result from early prototypes of multi-hop peer-to-peer radio networks, is that the receiverstend to use
more power than the transmitter. Ordinarily, we are accustomed to transmitters using the majority of the power in a
transceiver, because of the cost of radiating rf energy. In wireless networks where the transmission range is on the
order of meters, however, we have found that the demodulation and decoding operationsin GHz receivers actually
cause the receiver to use more energy than the transmitter. There is a simple physical explanation for this.

On the one hand, let us consider the energy used to emit electromagnetic radiation at a given frequency, say 1GHz.
Radiated energy goesas Ean where n isfrequency of the radiated electromagnetic wave. On the other hand let us
consider the energy used in a DSP chip to do software radio demodulation of the signal carried on that electromag-
neticwave. A softwareradiowill generally have to do 10-100 operations per data bit. Today a 1GHz signal typically
carries data at order 100K bps, therefore requiring (conservatively) a IMflop software radio. Higher carrier frequen-
cies enabled by advances in high speed silicon for rf will always be followed by increasing data rates enabled by the
same silicon scaling and driven by the insatiable human hunger for bandwidth. For the next 20 years we can safely
predict that the frequency of operation of a software radio, f, will be roughly related to the carrier frequency, n, of
theradio by the relation

f = bn 9.3.1)

1

where b » .
1000

The energy consumption of the DSP does not scale linearly with the frequency of operation,f, however. Forcing a
state transition in atransistor can be simplistically modeled as charging or discharging a small capacitance across a
small resistance. The charge on a capacitor is related to the voltage applied via the capacitance C by the relation

c=9. 3.
Y 9.3.2)

The current across a capacitor is therefore

dv _ dQ _
C It pm l. (9.3.3)

We conservatively approximate the transitions on the transistors as a nice adiabatic sinusoidal voltage of period
w = 2pf, sothat V = exp(iwt). The current across the capacitor is therefore
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dv _

| = C= = iwCe"t, 9.3.4
at (9.3.4)
Since the power dissipated in aresistance is
dw
P=—=I%R, 9.35
ot (9.35)

the power dissipated in the transistor can be approximated as
P = (iwCe")2R = af2C2, (9.3.6)

So power dissipation in the DSP goes as the square of the frequency of operation. Even if we attempt to counteract
this effect by reducing the capacitance of the transistors quadratically by reducing the feature size to keep pace with
the increase in frequency, the number of transistors tends to increase as we can fit quadratically more onto the same
size die so again the power consumption of the DSP goes up quadratically.

Since we have not specified the scale factors here, we cannot make an exact prediction, but we can make the general
prediction that if the volume of space that atransceiver is expected to fill with E-M energy is kept constant, the qua-
dratic power consumption curve of the DSP dueto silicon scaling will eventually overtake the power consumption of
the transmitter which islinear. For meter range transceivers operating at 100's MHz, this crossover has already
occurred, so that the DSP software radio requires more power than the transmit power amplifier.

A primary advantage of AFSR over DSP software radio is that the AFSR dynamics perform an approximately adia-
batic flow through state space until acquisition is achieved, at which point the system is performing transitions at
exactly the chip rate. The AFSR also has an extremely small parts count of only afew transistors. The power dissipa
tion of AFSR can therefore be expected to be less than that of the equivalent software radio acquisition system.
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10 The Future of AFSR and Beyond

10.1 Integrating rf AFSR for Low Cost

Much of the cost of the radio hardware comes from problems with integrating the higher frequency carrier and spread
spectrum demodul ation hardware with the baseband decoding computer onto a single chip. At frequencies of Giga-
hertz, high speed DSP for spread spectrum demodulation is not only extremely difficult to integrate, but also con-
sumes alot of power. If some of the same signal processing could be achieved with an integrated AFSR which is
adiabatic asit searches for acquisition and only needs to transition at the chip rate during tracking, it could potentially
be less expensive and consume less power.

10.2 AFSR Coding for Complex Channel Requirements

It would be nice to extend AFSR to be able to perform acquisition for Gold Codes and other advanced SS codes. Itis
not at all clear how to do this. We would also like to be able to sculpt the frequency spectrum of the PN sequence of
an AFSR in order to be able to match the spectrum to the transfer function of a given channel. Further modeling
would be required to determine if AFSR would likely entrain to afiltered version of the LFSR signal. An aternative
to post-filtering would be to follow Feher’ s idea of using radio frequency digital waveform synthesizers (made from
FPGASs) to sculpt the spreading chips to have a different harmonic structure and therefore to present a different over-
all spectrum. The AFSR would need to be made resilient to these differently shaped chips. This actually seems pos-
sible, since these chip signal would be a diffeomorphism of the standard LFSR signal, there should be a smooth
transformation of the AFSR dynamics suited to deal with thissignal. Another important problem for portable wireless
is dealing with doppler shift in afading channel. Thiswould require that the orbit of AFSR be able to frequency shift
to some degree. This seems like a promising application for AFSR since doppler shift is a difficult problem for con-
ventional DSP SS receivers with their more time sensitive matched filter techniques.

10.3 Integrated Hybrid Analog-Digital Signal Processing

In this work, we have proposed an analog system for computing a DSP coding problem. It isinteresting to consider
the possibility of building integrated signal processing chipsinwhich would have specialized components of the form
DAC® NonlinearDynamics® ADC integrated into the signal chain. We are used to thinking of ADC and DAC as
expensive specialized components, but this is primarily because they are most often used to interface to the outside
world. That means that they must generally have impedance, power, and noise specifications to deal with external
loads. It is not inconceivable to imagine that integrated ADC and DAC for conversions between integrated anal og
and digital segments on a chip could be made with smaller parts counts, and extremely high speed and accuracy. |
don’t know of any reason why on-chip ADC and DAC scaling shouldn’t follow silicon scaling closely. We tend to
shy away from mixed signal integration, because conventionally it is necessary to shield the analog ground from the
noisy digital ground. Aswe have seen from modeling, however, nonlinear dynamic systems can be quite robust to
noise, and can offer the advantage of performing acomputation in amore efficient and robust way. Hybrid integrated
analog nonlinear dynamics and digital signal processing may therefore offer some promise for the future.

10.4 AFSR for Energy Distribution

Artificial satellites can deploy solar panelsto collect avirtually unlimited crop of clean solar energy. The problemis
that this energy is only useful to the satellite because there is no easy way to get it down to the earth’ s surface for our
use. Proposal's have been made for sending a focused beam from a maser in the satellite to ground. This has the obvi-
ous problem that the beam can fry people and things like ants under a magnifying glass. In principle, if you could
spread the frequency of the beam, there would be less energy at any given frequency, so that the quantity of energy
available for absorption at any given frequency would not be so large and the beam of the same power would cook us
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much slower. A high power pseudo-optical AFSR on the ground could conceivably be used to perform the extremely
high power, high speed demodulation that would be required to recover the original beam. In a metaphorical sense,
the AFSR would be acting like a maxwell’ s demon to recover energy from a maximum entropy channel. Thisiswhat
isknown as acrazy idea. What | have learned at MIT isthat all seemingly insane technological proposals, if they are
in principle feasible, have an application somewhere.

For example, flat panel displays cost alot to make because you have to run arow and column conductor to every
pixel and at each intersection, there must be a few control transistors connected to the address lines to activate the
pixel. Thismeansit is necessary to manufacture alarge panel of transistors with very few transistors that don’t work.
The number of transistorsin aflat panel display scales with the area of the panel, so making the display bigger isvery
difficult because it means manufacturing many more perfect transistors. With the probabilities of transistor yield as
they are, making aflat panel display twice aslarge requiresit to cost 10 times as much. A laptop screen twice the size
of the current standard would cost on the order of $10,000. However, if we could embed a different AFSR at every
pixel, we could ssimply beam rf energy at the display with the appropriate PN sequence. The appropriate AFSR would
be excited by theincoming signal, but the other AFSR with orthogonal PN sequences would not be excited. We could
therefore activate a pixel of our choice with no connections and no multiplexing. We could just send in a beam of
energy with the destination address built into it.

10.5 AFSR and Auto ID Tags for a Penny

In afew years printed transistors will be commercialy available. It isinteresting to consider how we could fashion
low cost |.D. tags by printing afew transistors. It is possible that an AFSR could be fashioned from afew transistors
and aprinted delay line. If thiswere possible, we could use the energy distribution method above. A tag reader would
issue different PN sequences on the channel in series or in paralldl. If an AFSR RFID tag was excited by a sequence
from the receiver it would appear to the reader as asingularity in the “ PN-spectrum” just asa L C tag appears asares-
onance in the frequency spectrum.

Another ideawould be to augment present resonant L C, magnetostrictor, or j-wire tags so that they exhibit new inter-
esting time behavior dueto a nonlinearity imposed by an AFSR structure. Even if only simple transient modifications
of the time behavior are accomplished thisway, it is still avery useful thing to do. Suppose we make 5 different fre-
guency LC tags. We can store 5 bits or 25 unique ID’s. Suppose, however, that each L C tag can be modified to
exhibit 3 independent types of transient time behavior. We now have 15 properties present or not. So we now have
215 unique ID’s. The moral of the story is that we don’t need much from the nonlinear time behavior in order to push
penny tags significantly closer to being able to store 30 bits for abillion unique 1.D’s.

The general most case of looking for nonlinear time series behavior would be to make an embedding tag reader. The
tag would be alow dimensional nonlinear dynamic system which would be excited by energy from the reader. We
would need to be able to vary the topology of the embedding space by an inexpensive, reliable parameter variationin
the tag system. However, thisis the most general case of how to pull out information about a nonlinear dynamic sys-
tem. If we built aCS CT AFSR tag, which either modulated or reradiated energy from the tag reader, then the time
series sampled in a carefully chosen lag space would present aPN sequence to the reader. Just asin a spread spectrum
system, we would expect to be able to identify each tag that is present, and read multiple tags at once without interfer-
ence since they would be sharing the channel.

10.6 AFSR and Biological Neurons

Whenever we send a signal, we must encode it in some modulation scheme. Essentially this means that the datais
encoded as deviations from some regularity. In an old fashioned radio the regularity isasine wave. In aSSradio, the
regularity is deterministic pseudo-random bits. Either way, the data is encoded as deviation from regularity and the
receiver must be able to generate a copy of the regularity in order to detect the deviations. In an old fashioned radio, a
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phase locked loop is used to lock onto the sinusoidal carrier even in the presence of data modulation and noise. In an
SS system we can hope that AFSR will be used as the equivalent of a PLL for pseudo-random noise.

In section, we talked about AFSR for IrDA. The fundamental design constraint for IrDA is the need to maximize
pulse amplitude for maximal transmit range and immunity to interference. This maximum amplitude constraint
quickly leads to the need to minimize the duration of a pulse and the duty cycle of transmitted signal, so that the trans-
mit hardware can recover from the strain of sending maximum power bursts. If we examine the design trade-offs for
aneuron, theisproblemisvirtualy identical. The neuron needs to maximize burst power in order to deal with anoisy
environment. Both IrDA and neurons use pulse trains with some combination of pulse code modulation and phase
keyed modulation to encode data in temporal patterns of bursts.

In IrDA theregularity isthe burst clock. The receiver uses adelay locked loop to acquire this regularity. The trans-
mitter can then send data by phase keying. Instead of sending a burst on every clock cycle, the transmitter encodes a
‘1’ by sending a burst in between clocks. It has been shown that the encoding scheme of the neuron is not thissimple.
In fact, the coding scheme of the neuron is still poorly understood. We can be sure, however, that onceit isfoundi t
will involve some regularity and some scheme for encoding information by defying this regularity. If arelatively
small and simple structure like a single neuron or even a single dendrite needs to be able to synchronize to a complex
regularity in order to decode received signals, making use of whatever computing resources are available including
analog space, then we might guess that we would find structures akin in spirit to the AFSR within our very own
minds.
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11 Conclusions

11.1 Summary of Results

Thiswork presented the TouchTag reader (patent pending) for near-field el ectrostatic communication and the AFSR
system for spread spectrum code acquisition. We recognize the coming demand for short range transceivers and pro-
pose some enabling technologies including AFSR for IrDA and the TouchTag reader board. Then we examined the
construction, operation and application of the TouchTag reader in depth.

The original Discrete Time (DT) AFSR was shown to entrain to a PN sequence. This mathematical system was then
modified to improve its ability to entrain more quickly, more reliably, and in the presence of significant thermody-
namic noise. The best form for the nonlinear function in AFSR was found to be a quadratic map, because of its short
average acquisition time, small variance in acquisition time, and because of its ability to schedule the dependence on
the received PN sequence, making use of its functional form to accelerate to lock as the confidence of successful
acquisition increased. Inspired by the motions of afrog’s leg, amethod for exploiting gain clipping in hardware or a
simple modification to the AFSR algorithm in software was proposed as a simple way to impose fixed points on the
quadratic map thereby bounding the dynamics.

We proceeded to a more extensively model the AFSR system, examining how the average acquisition time varied
with the register length of the shift register, with the variance of additive gaussian white noise in the channel, and the
value of epsilon which determines the system’ s dependence during update on the incoming signal vs. itsinternal
state.

A nomenclature for classifying the different AFSR systems discussed here was presented as a mnemonic. Four AFSR
systems were proposed. The original discrete iterated map in continuous state space is called Continuous State Dis-
crete Time (CSDT) AFSR. A software radio version of AFSR is proposed called Discrete State Discrete Time (DS
DT) AFSR. A low frequency prototype AFSR system which is nearing completion with continuous dynamics but
external clocking to force discrete transitions and some ADC discretization is called the Discrete State Continuous
Time (DS CT w/ ext. clock) AFSR. Finally, adesign for an rf implementation is dreamt of and found which truly
operates in continuous time called the CS CT AFSR.

The key componentsin the hardware | have built are examined. They are FIFO buffer and bucket brigade delay, ay-
axis symmetric nonlinear function constructed from a double balanced mixer, and a simple op amp gain. Analog
switching is problematic but necessary in the design of the originally proposed DS CT (w/ ext clock) AFSR, but dis-
carded in the new design for CS CT AFSR. Resilience of AFSR to discretization of the state spacein adigital delay
line or software radio implementation was modeled and confirmed. Also the algorithmic complexity of a software
radio AFSR was shown to be approximately comparable to state of the art spread spectrum acquisition systems.

We then examined the clock recovery problem in more detail and finally resolved it lifting the DT AFSR iterative
map into a higher dimensional flow to create CS CT AFSR. We use Euler’s method to model this new systemin
autonomous mode for different values of the feedback inverting gain and the register length. The model performed as
hoped. This system can be understood as a ring oscillator modified with a delay element to produce deterministic
noise sequence from a nonlinear dynamic flow. Given the prospect of aworking rf AFSR, the power consumption
scaling is compared to DSP based acquisition systems.
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11.2 Contributions

I have attempted to push each section in this thesis until some interesting nugget of wisdom was exposed. | can only

hope that the rigor of the main body of the work will support what must in the end be speculations about an uncertain
technological future. | now unsentimentally list the gems to reward the “reader” for skipping to the end without actu-
ally reading this document.

First we notice that with the impending demand for short range transceivers, there is aneed for low cost low power
channel sharing for these transceiversthat is critical to many of their applications. The Human Touch Division Multi-
ple Access (HTDMA) of TouchTags has its limited domain of application to this problem, but we think the general
problem needs to be solved with direct sequence spread spectrum which quickly leads us to the problem of how to do
acquisition and a proposed answer to this problem which is the AFSR system.

The AFSR system | have finally proposed is composed of only afew transistors and a delay element operating with
continuous time dynamics. This continuous time dynamics was constructed by following anovel method for lifting a
discrete time map into a continuous flow which may have other applicationsin the field of nonlinear dynamic compu-
tation. The dynamics are bounded by exploiting the clipping of the AFSR’s gain component.

Along the way, | had to address the problem of how to encode data and PN sequence in achannel so that AFSR
acquisition would not be disturbed by the data bits. | propose to solve this problem for an IrDA AFSR by encoding
the datawith PCM and PSK encoding the PN sequence. In aradio system we would PSK encode the data and AM
modul ate the PN sequence asis current SS practice. This separation of data and spreading code onto orthogonal chan-
nelsisasmall price to pay considering that nearly every other SS acquisition system besides AFSR requires addi-
tional synchronization and control channelsin addition to the PSK dataand AM SS code. These systems also tend to
perform only acquisition and then hand the rough phase over to atracking loop which maintains tight loop synchroni-
zation. If fading or bursting noise destroys tracking, the entire process has to be repeated from the beginning of acqui-
sition. In contrast, the AFSR dynamics seamlesdly integrate acquisition and tracking into a single functionality. The
AFSR acquisition time has a nearly gaussian distribution even in the presence of significant noise, so strong predic-
tions can be made about system performance. In addition, the power consumption of AFSR is predicted to scale much
better than conventional SS code acquisition schemes.

Finally, we make flamboyant proposals for future work including printed AFSR for tags and low cost addressing of
power distribution, hybrid analog-digital signal processorsincorporating nonlinear dynamics systems for performing
special purpose computations, and the possibility that we may have billions of AFSR-like structuresin our brains.

I hope that this work may make a contribution to the science of performing computationsin novel ways and under-
standing computation as a powerful language for describing the natural world. | also hope that we can establish a sci-
entific culture in which it is okay to discuss the ethics surrounding what we learn and make.
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12.1 Appendix la: TouchTag Schematic
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12.2 Appendix 1b:TouchTag Reader Code

12.2.1 Code to read EM microelectronics v4100 RFID tags

/1 This is the sinplest tag reader code to understand how to wite effective code for the TouchTag reader.

PICELEEEEEEE T i i i i r e r o r i b n i bbb

11 TouchTag El ectrostatic Tag reader/witer 1111
1 1
11 Reads data from v4100 RFID tag. 111
1 1
11 11

PICELELEEE T i i i i b r i r i r i r b n bbb

#i ncl ude <CTYPE. B>

[/ #i ncl ude <STDI O. H>

#i ncl ude <16F84. H>

#use del ay(cl ock=8000000)

#use rs232(baud=19200, xmt=PI N B2, rcv=PI N_B3)
#define ENABLE_PIN PIN_B4

#def i ne DEBUG PIN PI N_Al

#i f ndef TAG PIN

#define TAG PIN PIN_A2
#bi t TAGPINBIT = 6.0
#endi f

#defi neLED_PI N PI N_A3

byte data[5];

byte parity[11];

int half_bit_length = 250; /* in us */
int trans_tine = 30;

voi d
look_for_trans() {
whi | e(i nput (TAG.PIN)) ; /* if it's high, wait for alow, if it's low just go on */
del ay_us(trans_tine); /* account for fall time */
whi |l e(!input (TAG_PIN)); /* wait for signal to go high */
del ay_us(trans_tinme); /* account for rise time */
/* end on a high */
}
voi d
| ook_for_transl om() {
whil e(!input (TAG PIN)) ; /* if it's low, wait for a high. if it's high, just go on */
del ay_us(trans_tine); /* account for rise tine */
whi | e(i nput (TAG_ PIN)); /* wait for signal to go low */
//delay_us(trans_tine); /* account for fall tinme */
/* end on a low */
}

bool ean | ook_f or_header () {
byte i;
bool ean header;

| ook_for_transl ow);
del ay_us(trans_tine);

/* check for 5 ones in a row/
header = TRUE;

i =1;

while ((i<=9) && (header==TRUE)) {
=i+l

del ay_us(hal f_bit_l ength);

if ('input(TAG_PIN)) {

del ay_us(hal f_bit_l ength);
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}

[1if (input(TAGPIN) {

/1just keep going (you will wait a half bit length at begi nning of cycle)

11}

if (!input(TAG PIN)){
header = FALSE;

}

}

el se {

header = FALSE;
}

}

return(header);

read_tag bits() {

bool ean tag_bit, parity_bit;

byte i, j;

for (j=0;j<=9;++) {

for (i=1; i<=4; ++i) {

tag_bit = input(TAG PIN);

/* if we read a low, we know this is the */
/* beginning of a one bit so put this in data */
whi I e(i nput (TAG_PIN) == tag_bit);
shift_right(data, 5, !tag_bit);

del ay_us(hal f_bit_l ength);

del ay_us(trans_tine);

del ay_us(trans_tine);

}

parity_bit = input(TAG PIN);

whi | e(i nput (TAG_.PIN) == parity_bit);
parity[j] = !parity_bit;

del ay_us(hal f_bit_l ength);

del ay_us(trans_tine);

/1 out put _hi gh( DEBUG_PI N) ;

/1 del ay_us(hal f _bit_Ilength);

/1 del ay_us(hal f _bit_length);

/'l out put _| ow( DEBUG_PI N) ;

}

byte cal cul ate_col um_parity_byte() {

}

byte i, bit;

byte mask = 1;

byte par;

byte tenp = 0;

for (bit=1; bit <= 8; ++bit) {

par = 0;

for (i=0; i<=3; ++i) {

/* add up colum nunber, bit, of data[0] thru data[3] */
par += ((data[i] & mask)?1:0);

}

/* rightnost data[0-3] colum parity will be rightnmost in tenp */

shift_right(&enp, 1, (par & 1));
shift_left(&msk, 1, 0);
}

return(tenp);

/* only works for nibble fromO0-9 */
bool ean check_parity(nibble) {

byte bit, tnp;
byt e mask;
byte par = 0;

if (!(nibble&l)) { /*if nibble is even*/
mask = 1;
tnp = nibble/2;
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}

if (nibble&l) {/*if nibble is odd*/
mask = 16;

tnp = (nibble-1)/2;

}

for (bit=1; bit <= 4; ++bit) {

par += ((data[tnp] & nmask)?1:0);
shift_left(&msk, 1, 0);

}

return((par&l)==parity[nibble]);
/lprintf("nibble=%4J ", nibble);
/lprintf("calc=0J ", (paré&l));
[lprintf("read=%J ", parity[nibble]);
[printf("\n\r");

mai n() {
bool ean header;
bool ean cl ean_bits;
bool ean parity_good;
byte i;

while (TRUE) {

/* power up */

out put _hi gh(LED_PI N) ;
out put _| ow( ENABLE_PI N) ;

whi | e(!l ook_for_header());
out put _hi gh( DEBUG_PI N) ;
read_tag_bits();
out put _| owm( DEBUG_PI N) ;

parity_good = TRUE;

for (i=0; i<=9; ++i) {
if (!(check_parity(i))) {
parity_good = FALSE;

}

}

if (parity_good) {
printf("9X", data[0]);
printf("9", data[1]);
printf("9X", data[2]);
printf("9", data[3])
printf("9X", data[4])
printf("\r\n");

}

’

}

12.2.2 Code to write to v4050
THELELEEIE i r i rr i r i nr i rrirrinrng

1 El ectrostatic Tag reader/witer 1
1111 1111
1 Wite to v4050 RFID tags. 1111
1111 1111
1111 1111

IR N NNy
/* try witing to tags too. */

#i ncl ude <CTYPE. B>

// #i ncl ude <STDI O. H>

#i ncl ude <16F84. H>

#use del ay(cl ock=8000000)

#use rs232(baud=19200, xmit=PIN B2, rcv=PI N _B3)
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#i fndef TAG PIN

#define TAG PIN PIN A2

#bi t TAG PINBIT =
#endi f
#defi nePON PI N PI N_B4

6.0

#define DEBUG PIN PI N Bl
#define LED_PIN PIN_A3

byte data[4];

byte parity[6];

int half_bit_length =
int trans_tine = 30;

voi d
I ook_for_trans() {

del ay_us(trans_ti

whi [ e(!i nput (TAG_

del ay_us(trans_ti
/* end on a high

}

voi d

250; /* in us */

| ook_for_transdown() {

whi | e(i nput (TAG PIN)) ; /* if it's high, wait for alow, if it's low just go on */
ne); /* account for fall tine */
PIN)); /* wait for signal to go high */
ne); /* account for rise tine */
*
/
PIN) ; /* if it's low, wait for a high, if it's high then just go on */

whi | e(!i nput (TAG_

del ay_us(trans_tine); /* account for fall time */

whi | e(i nput (TAG_PIN)); /* wait for signal to go |low */
del ay_us(trans_tinme); /* account for rise time */
/* end on a high */

}

/* look for transitions that are no less than half_bit_length apart

/* if see a clean bit

then return true */

/* if you see transitions too close together return FALSE */
bool ean | ook_for_clean_bit() {

byte i,j;

bool ean cl ean_bit
int num checks;

| ook_for_trans();
/* for exanple if

/* TAG PIN is now high */
hal f _bit_length = 250us, wait for 10us and */

*/

/* check if transition occured already. do this numchecks tines.*/

num checks = 10;

for(i=1; i<= num.

del ay_us(5);

checks; ++i) {

if (input(TAGPIN)) {

clean_bit = TRUE;

}
if (!input(TAG Pl

N) |

cl ean_bit = FALSE;

}
}

whi | e(i nput (TAG PIN)); /* wait for signal to go low */

del ay_us(trans_ti
/* now check for

for(i=1; i<= num.

del ay_us(5);

if (input(!TAGPI
clean_bit = TRUE;
}

ne); /* account for fall tine */
clean low half of bit */
checks; ++i) {

N) {

if (input(TAGPIN) {
cl ean_bit = FALSE;

}
}

return(cl ean_bit)

}

’

/* need to use absolute delays and not while's because */
/* auto thresholder on the tag board gets confused when you turn */
/* off the power altogether */

wite_zero_bit() {

int powcycle = 20; /* 7/4 cycles at 125 KHz is about 13.7 us */

/* the thing is,

the PIC timng isn't perfect, it takes */
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/* some tine for it to enter and exit the execution of each command */
/* the tag needs a | onger power on time to give it a chance to */

/* to power up. neanwhile, it doesn't

really need a totally full

/* length power off time in order to notice an RM */

/* so the fudge factor mmkes the power off shorter than the power on */

/* while keeping a bit exactly 2*half_bit_length long. */

int fudge = 35;
/* ouput short power up burst to tag */
out put _hi gh( POW PI N);
del ay_us(pow_cycle);
/* now turn off power entirely */
out put _| om{ POV PI N) ;
del ay_us(hal f _bit_length - pow cycle -
out put _hi gh( POV _PI N) ;
del ay_us(hal f_bit_length + 5);
}

loop_write_zero_bit() {

int powcycle = 20; /* 7/4 cycles at 125 KHz is about 13.7 us */

int fudge = 35;
out put _hi gh( POW PI N);
del ay_us(pow_cycle);
out put _| ow( POW PI N) ;
del ay_us(hal f_bit_length - pow cycle -
out put _hi gh( POW PI N);
del ay_us(half_bit_length + 5 - 15);
}

fudge);

fudge);

/* need to use absolute delays and not while's because */
/* auto thresholder on the tag board gets confused when a
/* a preceeding zero bit turns off the power altogether */

wite_one_bit() {
out put _hi gh( POW PI N);
del ay_us(hal f_bit_l ength);
//delay_us(trans_tine);
/1 while(input(TAGPIN));
del ay_us(hal f _bit_l ength);
}

loop_write_one_bit() {
out put _hi gh( POW PI N);
del ay_us(hal f_bit_l ength);
//delay_us(trans_tine);
/1 while(input(TAGPIN));
del ay_us(hal f _bit_length - 15);

}

bool ean | ook_for_liw() {
byte i;
bool ean |iw = FALSE;
while(!liw {

| ook_for_transdown();
/* signal is now |low */

del ay_us(trans_tinme); /* account for fall tine */

liw = TRUE;

/* check that signal stays low for 3 half_bit_Iengths*/

for(i=1;i<=3;++i) {
del ay_us(hal f_bit_l ength);
if (input(TAGPIN)) {

liw = FALSE;

}

}

}

if (liw {
return(TRUE);
}

el se {
return(FALSE) ;
}

}

read_tag bits() {

*/
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bool ean tag_bit;
byte i;
for (i=1; i<=32; ++i) {
tag_bit = input(TAGPIN);
/* if we read a low, we know this is the */
/* beginning of a one bit so put this in tag_byte */
whi |l e(i nput (TAG PIN) == tag_bit);
shift_right(data, 4, !tag_bit);
del ay_us(hal f _bit_l ength);
del ay_us(trans_tine);
}
}

setup_wite_to_tag() {
byte i;
/* wite two "0" bits to tag */
wite_zero_bit();
wite_zero_bit();

}

byte calculate_parity_bit(byte temp) {
byte bit;
byte mask = 1;
byte par = 0;

for (bit=1; bit <= 8; ++bit) {
par += ((tenp & nmask)?1:0);
shift_left(&msk, 1, 0);

}

return((par & 1));

}

byte cal cul ate_col um_parity_byte() {
byte i, bit;
byte mask = 1;
byte par;

byte tenp = 0;
for (bit=1; bit <= 8; ++bit) {
par = 0;
for (i=0; i<=3; ++i) {
/* add up colum nunber, bit, of data[0] thru data[3] */
par += ((data[i] & mask)?1:0);
}
/* rightnost data[0-3] colum parity will be rightnost in temp */
shift_right(&enmp, 1, (par & 1));
shift_left(&msk, 1, 0);
}
return(tenp);
}

void calculate_parities() {
parity[0] = cal cul ate_parity_bit(data[O0]
parity[1] = calculate_parity_bit(data[1]
parity[2] = calculate_parity_bit(data[2]
parity[3] = calculate_parity_bit(data[3]
parity[4] = cal cul ate_colum_parity_byte
1
]
1
]
]

’

)
)
)
)
)
[lprintf("parity O = 9% \n\r", parity[0]);
/lprintf("parity 1 )
[lprintf("parity 2 = 9% \n\r", parity[2])
/lprintf("parity 3 = 9% \n\r", parity[3])
[lprintf("parity 4 = 9% \n\r", parity[4])

=X \n\r", parity[1]);

}

wite_byte(byte temp) {
byte mask = 128;
byte bit;
for (bit=0; bit<=7; ++bit) {
if (tenp & mask) {
| oop_write_one_bit();
}
el se {
| oop_write_zero_bit();

}
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shift_right(&mask, 1, 0);
}
}

| ogi n_cormmand() {
write_byte(0x01);
wite_one_bit();/* parity bit */
}

write_password_comrand() {
write_byte(0x11);
wite_zero_bit();/* parity bit */

}

write_word_command() {
write_byte(0x12);
wite_zero_bit();/* parity bit */
}

sel ective_read_node_command() {
write_byte(0x0A);
wite_zero_bit();/* parity bit */

}

reset _command() {
write_byte(0x80);
wite_one_bit();/* parity bit */
}

password() {

write_byte(0x00);/* byte 1 of psswd */
wite_zero_bit();/* parity */
write_byte(0x00);

wite_zero_bit();

write_byte(0x00);

wite_zero_bit();

write_byte(0x00);

wite_zero_bit();

wite_byte(0x00); /* colum parity byte */
wite_zero_bit();/* last zero bit */

}

wite_words(byte add) {
byte i;
write_word_command();
wite_byte(add);/* send 9-bit address */
if(parity[5]) {/* send address parity */
write_one_bit();
}
el se {
wite_zero_bit();
}
for (i=0; i<=3; ++i) {
wite_byte(datali]);
if(l & parity[i]) {
write_one_bit();

}

if(r(1 &parity[i])) {
wite_zero_bit();

}

}

write_byte(0x00);
wite_zero_bit();

}

bool ean | ook_for_ack_l ow() {
bool ean ackl ow = TRUE;
del ay_us(hal f _bit_length);/* check that signal stays */
if (input(TAG PIN)) {/* low for 3 half_bit_Iengths*/
ackl ow = FALSE;
}
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}

del ay_us(hal f _bit_l ength);
if (input(TAGPIN) {

ackl ow = FALSE;

}

del ay_us(hal f _bit_length/2);
if (input(TAGPIN) {

ackl ow = FALSE;

ret urn(ackl ow) ;

bool ean | ook_for_ack() {

bool ean ack = TRUE;

del ay_us(half_bit_length); /* wait through 1st bit of hypothetical ACK */

del ay_us(hal f _bit_l ength);
del ay_us(trans_tinme); /* account for rise tine, should be | ow now */

ack = look_for_ack_|low);

whil e(input (TAG PIN));/* wait for end of first |ow */

del ay_us(trans_tinme); /* account for rise tine, should be high now */
if (linput(TAGPIN)) {/* now check for short high */

ack = FALSE;
}
return(ack);
}
main() {
boolean liw, |iw2, ack, ack2;
bool ean cl ean_bits;
byte i;
byte address = 05;
byte 1 D = 0xDD;
for (i =0; i <=4; ++i) {
data[i] = ID;
}
while (TRUE) {
/1 for (address= 0x03; address <= 0x20; ++address) {
printf("address = %X \n\r", address);
/* power up tag */
out put _hi gh(PON_PI N) ;
out put _| ow( DEBUG _PI N) ;
/* loop until you see clean highs on 16 bits in a row */
clean_bits = FALSE; //just to enter the | oop
while(!clean_bits) {
clean_bits = TRUE;//innocent til proven guilty
for(i=1;i<=16;++) {
if (!look_for_clean_bit()) {
cl ean_bits = FALSE;
}
}
}
/* programtag */
cal cul ate_parities();
parity[5] = calculate_parity_bit(address);
look_for_liw();
while(!input(TAGPIN));/* wait for end of |ow */
del ay_us(3*trans_tinme); /* account for rise time */
setup_wite_to_tag();/* send RM*/
write_words(address);
out put _hi gh( POW PI N);
del ay_us(hal f_bit_length);/* wait for tpp */
del ay_us(hal f _bit_l ength);
/1 ack = 1ook_for_ack();

out put _hi gh( DEBUG_PI N) ;
del ay_us(50);
out put _| ow( DEBUG _PI N) ;

/1
11
/1
11
/1

if (ack) {

printf("SUCCESS witing address % \n\r", address);
}

el se {

printf("FAILURE witing address % \n\r", address);
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/* test tag to see if can go into receive node */

11
11
11
11

/1

11
11
11
11
11
11

11

}

reset _conmmand() ;

del ay_us(hal f_bit_
del ay_us(hal f _bit_

I ength);
I engt h);

del ay_us(trans_tinme); /* account for fall
/1 out put _hi gh( DEBUG_PI N) ;

ack = | ook_for_ack();

/' / out put _| ow( DEBUG_PI N) ;

if (ack) {
printf("tag says:
}

el se {
printf("NO ACK!I");
}

}
}

ACKIIT"):

time */
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