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Abstract

A fast and accurate computational scheme for sitimglanonlinear dynamic systems is
presented. The scheme assumes that the systemecegpiesented by a combination of
components of only two different types: first-ordew-pass filters and static nonlinearities.
The parameters of these filters and nonlinearitiey depend on system variables, and the
topology of the system may be complex, includingdfeack. Several examples taken from
neuroscience are given: phototransduction, photogig bleaching, and spike generation
according to the Hodgkin-Huxley equations. The saheises two slightly different forms of
autoregressive filters, with an implicit delay afra for feedforward control and an implicit
delay of half a sample distance for feedback céntdm a fairly complex model of the
macaque retinal horizontal cell it computes, fogiaen level of accuracy, 1-2 orders of
magnitude faster than 4th-order Runge-Kutta. Thenmdational scheme has minimal
memory requirements, and is also suited for contipmaon a stream processor, such as a
GPU (Graphical Processing Unit).

1 Introduction

Nonlinear systems are ubiquitous in neuroscienue samulations of concrete neural systems
often involve large numbers of neurons or neuranmponents. In particular if model
performance needs to be compared with and fitteddasured neural responses, computing
times can become quite restrictive. For such agiptins, efficient computational schemes are
necessary. In this article, | will present suchighly efficient scheme, that has recently been
used for simulating image processing by the princater retina (van Hateren 2006, 2007).
The scheme is particularly suited for data-drivegpligations, where the time step of
integration is dictated by the sampling intervaltibé analog-to-digital or digital-to-analog
conversion. It assumes that the system can be gexsmd into components of only two
types: static nonlinearities and first-order lowsgdilters. Interestingly, these components are
also the most common ones used in neuromorphic ¢lt&lits (Mead 1989). In the scheme
presented here, the components need not havegamaneters, but are allowed to depend on
the system state. They are arranged in a possihplex topography, typically involving
several feedback loops. The efficiency of the sehénproduced by using very fast recursive
filters for the first-order low-pass filters. | wishow that it is best to use slightly different
forms of the filter algorithm for feedforward angefdback processing loops.

No attempt is made to rigorously analyze convergemcoptimality of the scheme, which
would anyway be difficult to do for arbitrary noméiar systems. The scheme should therefore
be viewed as a practical solution, that works @ilthe examples | give in this article, but
may need specific testing and benchmarking on nell@ms.

The scheme | present here can be efficiently implted on stream processors. Recently
there has been growing interest in using such gems for high performance computing
(e.g., Goddeke et al. 2007, Ahrenberg et al. 2@ rrero-Rivera et al. 2006). In particular
the arrival of affordable graphical processing siiGPUs) with raw computating power more
than an order of magnitude higher than that of CR&sdriving this interest (see

http://www.gpgpu.org). Current GPUs typically haafeout 100 processors that can work in



parallel on data in the card’s memory. Once tha dat the (C-like) programs are loaded into
the card, the card computes essentially indepelydehthe CPU. Results can subsequently
be uploaded to the CPU for further processing. GRkdgsespecially suited for simulating
problems, such as in retinal image processing,dhatbe written as parallel, local operations
on a two-dimensional grid.

Stream processors are, unlike CPUs, data drivemanihstruction driven. They process the
incoming data as it becomes available, and thexafsually need algorithms with fixed, or at
least predictable computing times. The processihgme | present in this article has indeed a
fixed computing time. Moreover, it has low compidaal cost and low memory
requirements, because it only deals with curredt@evious values of input, state variables,
and output. The output is produced without del&wgs are not part of the model, that is, at the
same time step as the current input, and the schiemtbus also suited for real-time
applications.

The article is organized as follows. First, | witlesent a fairly complete overview of methods
to simulate a first-order low-pass filter with animhal recursive filter. Subsequently, | will
give several examples of how specific neural systerm particular several subsystems of
retinal processing and spike generation followihg Hodgkin-Huxley equations - can be
decomposed into suitable components. Computedtsestithe various forms of recursive
filters are compared with benchmark calculationagis standard Matlab solver. It is shown
that for a practical, fairly complex model the medficient algorithm (modified Tustin)
outperforms a conventional 4th-order Runge-Kuttagration by 1-2 orders of magnitude.
Finally, | will discuss the merits and limits ofetlapproach taken here.

2 Discrete simulation of a first-order low-pass filer

Much of the material presented in this sectiondsmew. However, | found that most of it is
scattered throughout the literature, and | willréfiere give a fairly complete overview. Table
1 summarizes the filters and their properties.

In the continuous time domain, the equation

dy 1 1

—+y==X, 1

a r y T @
describes a first-order low-pass filter transforgnian input functionx(t) into an output
functiony(t), wherer is the time constant, and the coefficient in frofik is chosen such that
the filter has unit DC gairy=x if the input is a constant. In the examples bellowi)l usually
write this equation in the standard form

Ty=x-y. (2)
Fourier transforming this equation gives as thesfer function of this filter
y 1
H(w) === , 3
(@) X 1+iwr @
where the tilde denotes Fourier transforms. Thalisgresponse of the filter is
1 —t/T
h(t) ==e fort=0
®=7 (4)

=0 fort<O.

We will assume now thax(t) is only available at discrete timgs=nA, as x,, = x(nA), and
that we only requirey(t) at the same times, ag, = y(nd). HereA is the time between

samples. Conforming with the most common integratichemes, we will further assume that
for calculating the current value of the outputyotiie current value of the input, the previous



value of the output, and possibly the previous @alfithe input are available. We therefore
seek real coefficients;, by, andb; such that

Yn = =81 Yn1 +0oXn +biX4 %)

produces an output close to that expected from (BY. The indices and signs of the
coefficients are chosen here in such a way that #ne consistent with common use in the
digital processing community for describing lIRf{imite impulse response) or ARMA (auto-

regressive, moving average) filters that relate thansforms of input and output

(Oppenheim and Schafer 1975). | will not use theamsform formalism here, but only note
that Fourier transforming Eqg. (5) and using thétsheorem gives

Yo = ~2,7ne " +boX, +byX,e7 P, (6)
and therefore a transfer function
~ -1
H(w) = Yn _ % , 7)
Xn l+ayz

where the operator * =exp(-iaf\) represents a delay of one sample.

The coefficients,, by, andb; are not independent because of the additionalti@nsthat the
filter of EQ. (2) has unit DC gain. A constant ingumust then produce a constant output
thus Eq. (5) yields = —a;c +byc + b,c and therefore

—a, +by+b =1. (8

Because representing a general continuous systémEag (2) by a discrete system as in Eq.
(5) can only be approximate (note that Egs. 3 aménhot be made identical), there is no
unique choice for the coefficients, by, andb;. Below | will give an overview of several
possibilities, mostly available in the literaturand discuss their appropriateness for the
computational scheme to be presented below. Tk fimee methods discussed below,
forward Euler, backward Euler, and the Trapezord&, are derived from general methods
for approximating derivatives. The further methatilscussed are more specialized, dealing
specifically with Eqg. (2) and differing with resgetm how the input signal is assumed to
behave between the sampled values.

2.1 Forward Euler

Forward Euler (Press et al. 1992) is quite oftezdua neural simulations. Applied to Eq. (2)
it amounts to the approximation

Yn=Yna1t yn—lA =Yna +(Xn—1 - yn—l)A/T: (9)

hence we get the recurrence equation
Yn= (l_llrl)yn—l + (l/ Tl)xn—l

. {10
with '=7/A.

Here as well as below | will use', which is 7 normalized by the sample distance, to keep
the equations concise. Eq. (10) suffers from twgomproblems: first, it is not very accurate,
and even unstable for small (Press et al. 1992), and second, it produces plicibrdelay of

A /2 for centered samples. The second problem isridltest in Fig. 1. Figure 1A shows a
starting sinusoid, where the filled circles give flunction values at the sampling times. The
continuous function of Fig. 1A can subsequentlyfittered by Eq. (2) using a standard
integration routine (Matlab ode45) at a time resotumuch better thah (obviously, in this
simple case the result could have been obtainetytmadly, but we will encounter other
examples below where this is not possible). FigshBws the result (continuous line). When
the samples of the sinusoid are processed by HY, (e result lags by half a sampled
distance (red open circles in Fig. 1B).
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Figure 1. (A) Starting sinusoid (camtious line) and function values at the sample tinfided
circles, 16 samples per period). The function equalstitnes earlier than shown. (B) Continu
line: sinusoid of (A) filtered by Eq. (2¥ith t'=16, computed with Matlab ode45; red open circ
result of filtering the samples of (A) with Eg. (1@Qhe recurrence equation that follows fr
forward Euler. Output samples lag by approximatedyf la sample distance. (C) As (B), -
backward Eler (Eq. (12)). Output samples lead by approximately a sample distance. (D) ,
(B), for Trapezoidal (Eq. (14)).

2.2 Backward Euler

Backward Euler (Press et al. 1992) applied to Epyields
Yn=Ynat YnA:yn—1+(Xn_yn)A/T1 (11)

hence
Y= [T /(T +D)]yp-g + LT+, (12)

Backward Euler is stable (Press et al. 1992) aigthtsl more accurate than forward Euler,
but suffers from the problem that it produces amlicit delay of —-A/2 for centered
samples, that is, a phase advance. Fig. 1C ilbestrdis, where the continous curve is the
correct result (identical curve as the black cunvEig. 1B), and the red open circles give the
result of applying Eq. (12).

2.3 Trapezoidal rule

The trapezoidal rule (also known as Crank-NichalsBotter and Diesmann 1999) is
equivalent to the bilinear transformation and Thistimethod in digital signal processing
(Oppenheim and Schafer 1975). It combines forwardkemckward Euler:

Yn=Y¥nat %(yn—l +Yn)A=Yna +%(Xn—l ~Ynat X, —Yn)A/T, (13)

and leads to
Yo=[(r'-05)/('+05)]y,_4 + [05/(7'+05)]x,, + [0.5/(T'+0.5)]X,,_; - (14)

The method is stable, accurate, and produces aitgglimplicit delay (Fig. 1D).



1.2

0.8

Figure 2. (A) Zero®rder Hold sampling model, where the sample valuetsYdaken from i
function (dashed line) are hold until awnesample arrives (continuous line). (B) A unit san
(black line and filled circle) is assumed here épresent a block in the previous insample
interval (red dashed line) (C) Continuous line: sindsdfi Fig. 1A filtered by Eq. (2)vith t'=16,
computed with Matlab ode45; red open circles: resiftltering the samples of Fig. 1A with E
(17), the recurrence equation that follows from tt@HZprocessing scheme (i.e., assumed [
shape of (B)).

2.4 Exponential Euler

A method that has gained some popularity in thidl fad computational neuroscience (for
example in the simulation package Genesis, BowdrBaeman 1998) is sometimes called
Exponential Integration (MacGregor 1987, Rotter &iesmann 1999) or Exponential Euler
(Moore and Ramon 1974, Rush and Larsen 1978, BatetdicCarthy 2004). It assumes that
the input is approximately constant, namely eqoakj_,, on the interval fromn—-1)A to

nA. Equation (1) then has the exact solution (seeapgendix C.6 of Rotter and Diesmann
1999)

Vo= Ty +@-e )X, . (15)

This method is closely related to forward Euleraaomparison of Egs. (10) and (15) shows:
for large ' (time constant large compared with the sampleadcs), the factors
exp(-1/r')=1-1/r" and 1-exp(-1/r')=1/7' approximate those of forward Euler. The

exponential Euler method is stable, and more ateutzan forward Euler for smali.
However, it has the same implicit delay af/2 as forward Euler (not shown).

2.5 Zero-Order Hold (ZOH)

When using analog-to-digital and digital-to-anatmyverters, a choice has to be made for the
assumed signal values between the sample timesnplespractical choice is to keep the
value of the last sample until a new sample arrifdss is called a zero-order hold (ZOH),
and for a sampled sinusoid it assumes the contmiina shown in Fig. 2A. It involves an
implicit delay of A/2. Digitally filtering the samples of a ZOH systeranccompensate for
this delay by assuming that a unit samplenatn, (black line and filled circle in Fig. 2B)

represents a block as shown by the dashed redéhlifgy. 2B. The coefficients;, by, andb;

for approximating Eq. (2) by Eqg. (5) can be readbtained from the response to this pulse;
these coefficients then also apply to an arbitiaput signal, because the filter is linear and
time-invariant. For samples=n, + 2, the present and previous input are zero, thusetines
with by and b; do not contribute. Because Eqg. (4) shows that abgput must decline
exponentially, we find—a, =e™/" =e™" | For samplen=n,, the previous input and

output are zero, thus the terms wahandb; do not contribute. We then fing from the
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Figure 3. (A) A unit sample (ack line and filled circle) is assumed here to repne linea
interpolation in the previous and next insample intervals (red dashed line) (B) Continuous
sinusoid of Fig. 1A filtered by Eq. (2) with=16, computed with Matlab ode45; red opéules:
result of filtering the samples of Fig. 1A with Eq9flthe recurrence equation that follows fr
the FOH processing scheme (i.e., assumed pulse shapp.of (A

convolution of the blocls(t) (dashed line in Fig. 2B) with the pulse respan@gof the filter,
evaluated at sample=ng
w A
by = J.h(t') plt-tdt| = jle“"f Adt' =1-e2/T =1-eV7, (16)
o t=nyA 0 r
With Eq. (8) we then findy =1+ a; — by =0. The recurrence equation therefore is
o=y +@-e)x,. (17)

Note that the difference with Eq. (15) is that hre current input sampl&;, is used, where
in Eg. (15) it is the previous input samplg;. Whereas Eq. (15) implies a delay®f2, the
present scheme has a delay-af /2 , i.e., a phase advance (see Fig. 2C).

The filter in Eq. (17) is a special case of a gelnscaeme of representing linear filters by
using the matrix exponential (e.g., Rotter and Bigsn 1999, where it is called Exact
Integration). Such filters are consistent with assig a ZOH, and therefore imply a delay of
—-A/2. Although Rotter and Diesmann (1999) do not useZ@H but a function
representation using Diraefunctions, a delay is implied by the choice okmration interval

in their Eq. (3), which excludes the previous inpample and fully includes the present input
sample. Had the integration interval been chosemsstrical, the-functions at the previous
and present input samples would each have coreddoy one half, leading to a scheme with
05(x,_1 *+ X,) as input, and therefore an implicit delay of 0.

2.6 First-Order Hold (FOH)

Another choice for the assumed function values betwsamples is the first-order hold
(FOH), where sample values are connected by stréigs. It assumes that a unit sample at
n=n, (black line and filled circle in Fig. 3A) repregsra triangular pulse as shown by the
dashed red line in Fig. 3A. The method is alsoedallhe triangular or ramp-invariant
approximation, and is in fact equivalent to assgrilmat a function can be represented by B-
splines of order one (Unser 1999, 2005). A gengealvation of the recurrence relation, also
valid for the more general lead-lag systemy +y=r7,x+x of which Eqg. (2) is a special

case, is given by Brown (2000). A simple, altenvmtilerivation goes similarly as given above
for the ZOH. For samplea=n, + 2, the present and previous input are zero, andgaéa



find —a; =e V7" For samplen =n,, the previous input and output are zero, and bew
equals

0 A
by = jh(t') p(t —t)dt’ I%e‘”r(l yat' =1-7'+7e7Y7. (18)
- t=nA O

With Eqg. (8) we then findy, =1+a; -l =7" - (L+7")exp(-1/7") . The recurrence equation

therefore is

-1/7 -1/7

Yo=e Ty +(@U-1+ 1€)X, + (7' - @+ 1) T )Xy (19)

Fig. 3B illustrates that the FOH has a negligibhplicit delay.
2.7 Centered Step-Invariant

The centered step-invariant approximation (e.gonbhand McNames 2002) is not often
used, and is given here only for completenesgdtéormance is similar to that of FOH and
Trapezoidal. It assumes that a unit sampla ai, represents a block that is, contrary to the
regular zero-order hold, centered on the sample.tifinis is equivalent to assuming that a

function can be represented by B-splines of orden gUnser 1999). As before, we must have
1t

-a; =e ', and forb, we get
) Al2 1 ) ,
by = j h(t') p(t - t")dt’ = j ?e‘t T gt =1- e M) (20)
- t=npa O

With Eg. (8) we then findb, =1+a; —by, =exp(-1/(27") —exp(-1/7"). The recurrence
equation therefore is
Yo =€ Yoy + -, + (@D —e )X (21)

This method also has a negligible implicit delagt(shown).

2.8 Modified Tustin’s method

Below | will show that for implementing nonlineaeddback systems, a delay oA/2 is in

fact favourable. One possibility is to use the Z®@bt obtaining such a delay, but a

modification of Tustin’s method (the Trapezoidal rdiscussed above) is at least as good,

and has coeffients that are simpler to compute. réése the Trapezoidal rule has no

appreciable implicit delay, because it weighs thesent and previous inputs equalbg=;),

it can be given a-A/2 delay by combining these weights to apply to thesent input only:
=[(r'-05)/(r'+05)]y,4 + [1/(T'+05)]X, . (22)

The method is evaluated along with the other methindhe remainder of this article, and
will be shown to work very well for feedback systeriio my knowledge, this modification
of Tustin’s method has not been described in teedlitre before.

3 Relationship between recursive schemes for firstrder low-pass filters

A Taylor expansion of the various forms ef,; gives
T :1—l + 1 - i +... for exponentibEuler,ZOH,andFOH, (23)

-3 =€ +
T 21.12 6T,3

-a =1-= for forwardEuler, (24)
T
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—a =T (r'+]) =1UQA+1T) =1-S+—-—+.. for backwarcEuler, (25)
r rer
—a, = (P-05)(I"+05) = (1~ ——) (14 =) = (- )1~ —+——_- L+ )
2r 2r 2r 2r' 4r'° 8r' (26)
:1—£+ 1 ! for TrapezoidaandmodifiedTustin.

r2r? ar®
Compared to the theoretical exponential decline, B} the exponential Euler, ZOH, and

FOH are fully correct, the forward and backwarddEidchemes are correct only up to the
factor with (1/7"), whereas Trapezoidal and modified Tustin are comup to the factor with

(1/7")?. The accuracy of the latter is related to the faat (r'-05)/(r'+05) is a first-order
Padé approximation oéxp(-1/7') (Bechhoefer 2005). Note that in the limit &> A, all

algorithms use approximately the same weight fa&r fnevious output sample, namely
1-17'.

With respect to the weights acting on the input,dlgorithms presented above can be divided
into three groups, depending on the implicit dethgy carry (see Table 1). If only the
previous input sample is used (forward and expoakeRuler), there is a delay ak/2, if
only the present input sample is used (backwar@r=4lOH, and modified Tustin's method)
there is a delay of-A/2, and if both the previous and present input sasplee used
(Trapezoidal and FOH), there is no delay. Belowwileonly analyze the groups with delays
-A/2 and 0.

The coeffientdy, of the group with the phase advance (deldy/2) can be expanded as
1 1 1

=1-eV' ==- . for ZOH, 27
By ro2r'? er? @7)
1 1 1 1 1
=1/(r'+)=———=—-—+—-... forbackwarcEuler, 28
b =17 +D) r+ury e (28)
by =1/(r+05) = (L) -y = (Ha-L -1 )
T 2r' r' 2t 4r'
1 1 1 (29)
=t g for modifiedTustin,
T 2r 4r

where we find that ZOH and modified Tustin are msirailar to each other than to backward
Euler.

Finally, the coeffients of the FOH can be compawéti those of Trapezoidal:

by=1-7'+7e™V" =1- r’+r’(l—i,+—12 ——13
r 2r'< er
1 1 (30)
==t for FOH
2r' 6r'2

by = 05/(7+05) = () [(L+—1 ) = (- )(A-—= + )
2r' 2r' 2r' 2r' (31)

=i,— 12 + .. for Trapezoida

2r' 47

and



1 1 1

=7 -@+r)e V" =r -+ r)A-S+—-—
by ' 212 '3 2
11 (32)
=7_F+... fOI’FOH
T T’
1 1 .
=05/(r'+05) =— - + .. for Trapezoida 33
by = 05/(T+08) =~ == P (33)

The coefficients start to differ in the factor wifh/7')%. We will see in the examples below
that FOH and Trapezoidal perform very similarlyaamcrete problems.

4 Examples of nonlinear dynamic systems

In this section | will provide several examplesrmilinear dynamic systems that are well
suited to be simulated using autoregressive filbéthie type discussed above. | will show for
these examples how the systems can be rearrangazhtain only static nonlinearities and
first-order low-pass filters. Furthermore, | willompare the results of several of the
algorithms presented above with an accurate nualdsenchmark, and discuss the speed and
accuracy of the various possibilities.

4.1 Phototransduction: coupled nonlinear ODEs

An example of a system where coupled nonlineaeudfitial equations can be represented by
a feedback system is the phototransduction systetmei cones of the vertebrate retina. | will
concentrate here on the main mechanism, which geesvgain control and control of temporal
bandwidth (van Hateren 2005). For the present mapa suitable form is given by

X =1/1+CH-BX (34)
C=(X-C)lr¢. (35)

The variableg is linearly related to the light intensity, anchdae considered as the input to

the system. The variab) represents the concentration of an internal trétesmof the cone,
and can be considered as the output of the systeawube it regulates the current across the
cone’s membrane. The variab@ is an internal feedback variable, proportional the
intracellular C&" concentration.

We will now rewrite the equations such that theytge form of Eq. (2):
15X =q/(1+C*) - X

. (36)
with 75=1/3 and q=1/8

rcC=X-C. (37)

By defining a time constant; (actually not a constant, because it varies vfith and an

auxiliary variableg, we see that both equations formally take a familar to Eq. (2), where

g now has the role of input to Eq. (36), with thetta 1/(1+C*) as a gain. We can thus
represent these equations by the system diagrawnsinoFig. 4A. The boxes containingra
there represent unit-gain first-order low-pas®fgt From the system diagram it is clear that
the divisive feedback uses its own result aftet btz progressed through two low-pass filters
and a static nonlinearity. The following descrilies algorithm associated with Fig. 4A:
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Figure 4. (A) System diagram of Egs. (36) and (30xd% containing at* are unit-gain firsterder
low-pass filters, possibly depending on input orestariables (e.g.7 3 depends o). The othe!

boxes represent static nonlinearities given by thectfan definition inside the box. (B) Schel
equivalent to (A), where the required phase advaf@ne sample distancé\() for the feedback i

obtained by using two low-pass filters of type that each provide aA/2 delay (i.e., aA/2
phase advance). The box to the right represedté2 delay to compensate for the phase advan

r/}. (C) Thin black line: responseX of Egs. (36) and (37), usingtc=3 ms to
B = B, @+ 09sin(27zft)) for t=0 andp= f, for t<0, with 5,=0.025 (ms) and =10 Hz, compute
with Matlab ode45; dashed red line: result of filtg with the scheme of (B), with=1 ms anc

using the modified Tustin's method far . (D) Root-mearsquare (rms) error between the out
when using the various recursive filters for the schefr(8) and the result of ode45 at its maxim
accuracy setting. Input as in (C). The thin stralgtgs are an aid for judging the §ng behaviour o
the various methods, and have slopes of -1 and -@uhlé-logarithmic coordinates.

- assume an initial steady state wifl= 5,, and obtain initial values of all variables

by solving (analytically or numerically) Egs. (3d (37) forX =0 andC =0
- repeat for each time step
0 readf as input

0 computeay, by, and b, for T =1/, and updateX by low-pass
filtering it, taking (1/ 5) /(L+C*) as input to the filter

0 use a precomputea, by, andb, for 7. to updateC by low-pass

filtering it, taking X as input to the filter
0 write X as output

10



Note that7, is obtained from the current value gf. In principle, it might have been based
partly on the previous value gf as well, becausgs changes in the interval between
previous and current sample. However, fgrsignificantly larger thamy, this is expected to

be a second-order effect, and the changing timstaohis therefore treated in the simplest
possible way, as described in the algorithm above.

Because at each time step only the resul diat was obtained at the previous time step can
be used in the division byl+C?), the feedback path would effectively get an (irip)i

extra delay ofA if calculated following this scheme. Such an exdeay will affect the
results (and in extreme cases may lead to spudsciiations), which can only be minimized
by choosingA rather small. However, there is a way to allevifiis problem. As we have
seen above, several of the autoregressive schemwesan implicit delay of-A/2. Because
there are two low-pass filters concatenated inféeelback loop, using such a scheme will
produce a total delay of A, exactly compensating for the implicit deldy of the feedback.
In other words, the divisor used at the point efgive feedback will have the correct, current
time. Because the forward low-pass filtey, has a delay of-A/2, we need to compensate

that if we require that the output of the systera thee right phase. (This may not always be
necessary, especially not when the system is partlarger system, where it would be more
convenient to correct the sum of all delays affite output.) The required delay df/2 can
be approximated by linear interpolation, i.e., eureence equatiory,,= 05x,_, + 05x,. The

linear interpolation implies a slight low-pass diithng of the signal, and is therefore only
accurate if the sampling rate is sufficiently higimpared with the bandwidth of the signal.

We can then replace the scheme of Fig. 4A by the ainFig. 4B, where the symbal™
indicates that we are using filters with-d\ /2 delay (see Table 1).

How well do the recursive schemes of Section 2goerfon this problem? To evaluate that,
the thin black line in Fig. 4C shows the respoisef Egs. (36) and (37) to a sinusoidal
modulation of 8, computed using the Matlab routine ode45 at hiigie tresolution and high

precision settings. The dashed red line shows éhaltrwhen using the scheme of Fig. 4B

with the modified Tustin’s method used for with A=1 ms. How the accuracy depends on
A is evaluated in Fig. 4D, which shows the rms @meian-square) deviation from the ode45
benchmark as a function &, not only for the modified Tustin’s method, bus@lfor most

of the other schemes. To get a fair comparisonditfigram of Fig. 4A was used for schemes
with implicit delays 0 andA /2, where for the latter an explicit delay efA /2 was added as
a final stage. As is clear, the ZOH and especiity modified Tustin’s method are superior.
They scale more favourably as a function of,1/and for a given level of accuracy it is
sufficient to use a at least an order of magnitude larger than fordther schemes. They
compute therefore at least an order of magnitudiefaBecause of the simplicity and speed
of computing the coefficients of the modified Tin® method, this appears to be the scheme
to be recommended for this type of feedback syshwmte, however, that this scheme is only
accurate wherr is at least a few times larger th@dn (Egs. 26 and 29), and breaks down
completely forr' <1 (with -a even becoming negative fat < 05).

4.2 Photopigment bleaching: dynamics on differentine scales
For an example of a stiff set of differential eqoias, we will look at the dynamics of

photopigment bleaching in human cones (Mahroo aamdb.2004, Lamb and Pugh 2004, van
Hateren and Snippe 2007). For the present purposdgifable form of the equations is

R=[I(1-B-R)-R]/7g (38)
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Figure 5. (A) System diagram of Eqgs. (40) and (4B).Tthin black line: respond® of Egs. (40) an
(41), usingrz=3.4 ms andE=25 § to | =10°(1+ 09sin(27rft)) for t=1 ms,1=10° for t<0, anc
1=10°+(103-10%)t for O<t<1 ms, withf=10 Hz, computed with Matlab ode45; dashed reet liasuli

of filtering with the scheme of (A), with=1 ms and using the modified Tustin’s method for. (C)
Root-meansquare (rms) error between the various recursitediused for the scheme of (A) and
result of ode45 at its maximum accuracy settingutras in (B). The thin straight line has a slop
-1 in double-logarithmic coordinates.

B=R/rR—BS—'§ZB/rB. (39)

Herel is a (scaled) light intensity is the (normalized) amount of photopigment exclgd
light, andB the (normalized) amount of bleached photopigm&he rate by which excited
pigment is bleached is governed by first-order kase(1/7g), whereas the reconversion of

bleached pigment to excitable pigment is governgdate-limited dynamics (Mahroo and
Lamb 2004): the second term in the right-hand-sidEq. (39) is consistent with first-order
kinetics for smalB, but saturates for largg Eqgs. (38) and (39) form a stiff set of equations,

because the time constantg = 34[107s and rgz = 25s differ substantially. Through the
factor (1-B-R), bleaching provides a slow gain control, contnglithe sensitivity of the
eye in bright light conditions.

Rewriting the equations into the form of Eq. (2)es

TrRR=1(1-B-R)-R (40)
r,B=gzR-B
, (41)
with 7, =7, B+02 andgg =71,/75.

This processing scheme is depicted in Fig. 5A, elgrand g, at timet,, are derived from

B at timet,_, . Note that the phase advancerof is sufficient for the loop involving,, but
only provides half of the required phase advancetifie direct loop. Fig. 5B shows a
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benchmark calculation using ode45, and the redulismmg the scheme of Fig 5A with the
modified Tustin’s method. The stimullissteps at=0 from 10° to a sinusoidal modulation
around 10. Because an instantaneous step contains condielgraler in its high-frequency
components, using a recursive filter with a rateurse A causes significant aliasing, which
in this particular example would noticeably afféwt response right after the step. To reduce
the effect of aliasing, the step was assumed leetake 1 ms, that is, there is a linear taper
betweent=0 and 1 ms. Fig. 5C compares the rms error of#ine®us schemes as a function of
A . Again, the ZOH and the modified Tustin’s meth@dlfprm best, despite the fact that there
is no complete compensation of the feedback delay.

4.3 Spiking neurons: Hodgkin-Huxley equations

As a final example of a highly nonlinear systemhwist dynamics, we will look at the
Hodgkin-Huxley equations for spike generation (Hkidgand Huxley 1952). Following the
formulation by Gerstner and Kistler (2002, Cha&?) these equations are given by Egs.
(42)-(45):

Cu=-gnam°h(u=Eyg) —gxn*(U-Ex) — gL (U-EL) +1, (42)

whereu is the membrane potential (in mV, defined relativethe resting potentiall; the
membrane capacitance (taken asFlcnf), the input variablé is externally applied current,
and the other terms represent membrane currentsiétimg of a sodium, potassium, and
leakage current). The membrane currents are giyahédreversal potentials for the ions (in
mV, defined relative to the resting potentidty, =115, Ex =-12, and E_ =106), by

conductances (in mS/éng,, =120, g« =36, andg, =0.3), and by variables, m, andh,
describing the gating of the ion channels by thenimane potential

n=a,d-n)—-4,n (43)
m=ay,@-m)-Sm (44)
h=a,(@-h)-4,h. (45)

The rate constantsr and S are functions ofu, the form of which was determined
empirically by Hodgkin and Huxley (1952):a, = (0.1- 001u)/[exp@— 0.1u) -1],
B, =0.125exp(-u /80, = (25-01u)/[exp(25- 01u) -1], B =4expu/1g,
a, = 007exp(-u/20), and £, =1/[exp@— 0.1u) +1].

Rewriting the equations into the form of Eq. ()as

T.U=R (I +1)-u

with T¢ = gnam°hEqg + gxn*Ey + 9, EL (46)
Re =1/(gnamh+gyn® +g.) and 7, =RC

,N=n, —n 7)
with 7, =1/(a, + 5,) and n, =a,/(a, + 5,)

I,ymMm=m, -m (48)
with 7, =1/(ay, + B,) and m, =a,/[(am + L)

roh=h, —h (49)

with Th =1/(a'h +18h) and hoo =a'h/(a'h +18h)

This processing scheme is depicted in Fig. 6A. fEeelback is partly additive (through the
gated currentl,, which acts as a strong positive feedback durireg rising phase of the
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Figure 6. (A) System diagram of Egs. (46) - (48) Driving current densityt, with I=0 for t<0,
| =1,sin* (057mt/t,) for O<t<ty ms, andl = |, (1— 0.5sin® (0577f (t—t,))) for t>ty, with t;=10 ms ¢
taper,f=10 Hz, and,=12 pA/cm? (C) Thin black line: responseof Eq. (46) tathe stimulus define
at (B), computed with Matlab ode45; dashed ree: liesult of filtering with the schentg (A), with
A=1/32 ms and using Trapezoidal for. (D) Thin black line: as in (C); dashed red limesult of
filtering with the scheme of (A), with=1/32 ms and using the modified Tustin’s method#for. (E)
Root-meansquare (rms) error between the various recurslterdiused for the scheme of (A)

the result of ode45 at its maximum accuracy settingut as in (B). The thin straight lines he¢
slopes of -1 and -2 in double-logarithmic coordasat

spike, and as a negative feedback during the potasdriven after-hyperpolarization), partly
multiplicative (through the input resistané®,, which drops considerably during the spike,

and is the main cause of the absolute refractonpgef the neuron), and partly through the
time constantr,, causing fast dynamics during the spike. Note thatsystem contains, for

each of the three feedback variables, two low-filiess in series {, and the one belonging

to eithern, m, or h), thus we can fully utilize the phase advancerofas in the example on
phototransduction. Figures 6C and D show a bendhroalculation using ode45 of the
response (black line) to a current input as shawfig. 6B. This stimulus is again tapered at
the beginning to reduce aliasing. Some taperingadistic, because normally the axon of a
spiking neuron (where spiking starts) will not béven by instantaneous current steps, but
only by band-limited currents because of low-paksring by the cell body and dendrites.
Figure 6C shows the result of using the schemeigf @A with Trapezoidal (obviously
without the A/2 processing block), and Fig. 6D with the modifiegsiin’'s method. Fig. 6E
compares the rms error of the various schemesfaisciion of A. Again, the ZOH and the
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Figure 7. (A) Concatenation of low-pass filters amahlinearities (NL), where zero-delay Iqvass
filters can be used. (B) In a feedforward loop laevwe, a zero-delay loypass filter should be use
(C) In a feedback loop, the total delay compengsatieeds to match the implicit delay of the
computational feedback scheme.

modified Tustin’s method perform best. In particulae modified Tustin’s method provides
accurate results: even at a coutsel/2 ms it misses no spikes in the example of &jgand

the timing precision of the spikes is in the ordé0.1A. This contrasts with, for instance, a
scheme like Trapezoidal, which neefisat least as small as 1/32 ms in order not to miss
spikes, and has a timing precision of the spikakenorder of 14.

4.4 When to user”~ or 7°

Two of the examples given above involve feedbadk wikactly two low-pass filters in the
forward and backward branches of the feedback IBopthese schemes low-pass filters with
phase advance are clearly useful. However, forrdityologies this is not necessarily the
case. Fig. 7 shows a few examples. When concatgndtiw-pass filters and static
nonlinearities (Fig. 7A), zero-delay filter® may be used, as an alternative to usigand
performing delay correction at a later stage. faealforward structure as shown in Fig. 7B, a
zero-delay filter must be used. Similarly, if adback scheme contains more than two low-
pass filters, some of the filters need to be zeslayd(Fig. 7C).

If a system contains a feedback loop with only lmwepass filter in either the feedforward or
feedback branch, a filter™ can only provide half of the required phase adeaimt those
situations, as in the example on photopigment bieagcgiven above, it is still helpful to use
7, in addition to makingA sufficiently small. In principle, a phase advarieedelay of
—-A/2) might be added by implementing it as a linearapadlation y,= 15x, — 05x,_; .
However, | have not tested such a scheme, whichtrhigve stability problems.

Finally, if a feedback loop contains no low-padefs at all, it is in fact identical to a static
nonlinearity, and can usually be treated analyljical via a precomputed look-up table.

4.5 Comparison with a 4th-order Runge-Kutta integrdion scheme

Although the present article focusses on simpleragtessive filters working on data with a
given step size, it is interesting to compare tegfggmance of the scheme with a standard
integration method, such as 4th-order Runge-KuRt&4( Press et al. 1992). Figure 8 shows
the results for RK4 and the modified Tustin’s methapplied to a fairly complex model of
the macaque retinal horizontal cell (van Hatere®520 This model consists of cones
connected to horizontal cells in a feedback circaitd constitutes a cascade of a static
nonlinearity, two nonlinear (divisive) feedback s and a subtractive feedback loop. All
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Figure 8. (A) Root-measguare (rms) error of computing the response (ineetical bar = 2 mV) ti
a 40 ms light flash (horizontal bar inset) of thacaque retinal horizontaélt model of van Hatere
(2005). Both a 4th-order Rundeitta scheme (RK4, fixed time step, routines rkdinkb of
Numerical Recipes, Press et al. 1992; the inpunisanalytical blockfunction according to th
horizontal bar) and modified Tustin were implemente a doublegsrecision Fortran90 progra
(Intel compiler, Linux, 3.0 GHz Xeon). Errors ar@aulated relative to the result of modified Tu
at a time step\=0.1ps. The straight lines have slopes of -1 and -2arbtk{ogarithmic coordinate:
(B) Computing times for RK4 and modified Tustinraatched rms error. For the four sets of
points the time steps for (RK4, modified Tustin) are (s, 70us), @0 us, 230us), (0.1 ms, 0.7 ms
and (1 ms, 2.5 ms). Ratios of computing times & 20, 20, and 6. The straight lines have slop
-1 and -0.5 on double-logarithmic coordinates.

loops contain, in various configurations, low-pélers and static nonlinearities. For details,
such as parameter values and the differential Eqmsinvolved, see van Hateren (2005).

The inset in Fig. 8A shows the response of the ibdezontal cell to a 40 ms light flash
(horizontal bar) of contrast 2 given on a backgobwh 100 td (see van Hateren 2005 for
details on the stimulus). The vertical scale barodes 2 mV. This model was computed either
using modified Tustin for the components (as in ¢ékamples in this article), or using RK4
for the entire set of differential equations. Itosll be stressed that this use of RK4 is
different from the use of integrators, such as &dhvEuler, earlier in this article, where each
low-pass filter was integrated separately. HereRKd algorithm is used, in the conventional
way, on the entire model at once. All root-meanasgurms) errors are calculated relative to
the result of modified Tustin at a step size of sl Identical results were obtained when
calculating all errors relative to RK4 at Qu4, be it that errors then saturate at (i.e., dogoot
below) 4.7-16 because of the limited accuracy of RK4 at fis1 Figure 8A shows the rms
error of RK4 and modified Tustin. For all step sizéhown, modified Tustin outperforms
RK4. The different scaling behaviour is indicatgdtbe two lines with slopes of -1 and -2 on
the double-logarithmic coordinates.

As argued by Morrison et al. (2007), in many situad the most interesting measure of
performance of an integration method is the conmgutime required to achieve a given
accuracy. This is shown in Fig. 8B for the two noeth considered here. For this calculation
the step size of modified Tustin was adjusted shahthe accuracy of the result matched one
of the RK4 calculations, and the corresponding aating times of the methods are plotted.
Depending on accuracy, modified Tustin is typicdlg orders of magnitude faster than RK4.
It should be noted that the calculation at thedatgms error already required a step size for
modified Tustin (2.5 ms) that brought it well odttbe range where the condition that the step
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size should be a few times smaller thar{Egs. 26 and 29) is valid, because the fastest low
pass filters in the model have time constants df rBs (van Hateren 2005). Nevertheless,
even under these conditions modified Tustin is axipnately 6 times faster than RK4 at the

same accuracy.

5 Discussion

The fast recursive scheme presented in this aicparticularly suited for situations where
computing time is restrictive, for example whergkarrays of neurons need to be computed.
The scheme is fast, because each component isedpdatach time step with only a few
floating point operations. The examples given shioat it is already quite accurate with fairly
large time steps. It accomplishes this by computeggiback in a way that makes use of the
fact that several autoregressive implementations$irst-order low-pass filters produce an
implicit phase advance of half a sample distandee Tomputational scheme is associated
with a simple diagrammatic representation, that esaik relatively easy to get an intuitive
understanding of the dynamics and of the procesfimg, and allows for convenient
symbolic manipulation (e.g., rearranging modulés sguivalent schemes).

Because the of the low-pass filters may depend on input ansteay variables, the filter
coefficients may require updating at each time .stdyis may constitute a significant part of

the computational load. Fortunately, the coeffitiefor the Trapezoidal rule (far®) and the

modified Tustin’s method (for ") can be obtained with only a few floating-poinieogtions.
These schemes also give results at least as ae@gainy of the other schemes, and therefore
should be considered as first choice.

The present scheme is primarily intended for nadirfiltering. It could be used for arbitrary
linear filtering as well, because any linear filtean be approximated by a parallel
arrangement of a number of low-pass filters witffedent weights and time constants.
However, | have not tested how well the presenesehperforms on such arrangements, and
it seems likely that there are better ways to dedl arbitrary linear filters. One possibility is
to use the matrix exponential (Rotter and DiesmBE®®0), which is particularly suited when
the signal consists of (or can be approximated fgint processes, as is common in
calculating networks of spiking neurons. The magponential can also be viewed as
equivalent to a ZOH model and then need¥2 compensation depending on whether it is
used in a feedforward branch or is used as pagd obnlinear feedback branch. Another
possibility is to use canned routines, like c2dMatlab, that provide coefficients for a
recursive discrete system corresponding to anpnmaticontinuous transfer function. For a
linear filter that is part of a nonlinear feedfordaloop, the c2d routines using FOH or
Tustin’'s method are required, whereas ZOH is reguivhen the linear filter is part of a
feedback loop and a phase advance is wanted.

All calculations presented in this article were éonith double precision arithmetic. For
strongly stiff problems, such a precision is indeedessary because of the large difference in
time constants; the time step needs to be smalliginéo accommodate the shortest time
constant, but such a short time step results isidenable error build-up in the processing of
the largest time constant if single-precision ani¢hic is used. However, | found that for the
examples discussed in this article, single pregisidthmetic already gives quite accurate
results. This is of interest, because using sinmglecision may accelerate computation,
depending on processor architecture. Moreoverastngrocessors such as present-day GPUs
may not yet support double-precision arithmeti¢h@lgh double precision can be readily
emulated, Goddeke et al. 2007, and GPUs with dquigleision are announced for the end of
2007).
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| found that simulating the response of a largayawf cones using the cone model of van
Hateren and Snippe (2007), of which the exampleSeations 4.1 and 4.2 are part, provides
performance one to two orders of magnitude higmecwrent GPUs than on current CPUs.
Such performance is of interest for developing tesiing models of the human retina (van
Hateren, 2007) and also for using light adaptafiorhuman cones as an algorithm for
rendering and compression high-dynamic range vfdan Hateren, 2006).
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Table 1 Autoregressive filters approximating/ = x—y by y, =—a;Yn_1 +bgX, +b;X,_1, with sample distancéA, and 7' =7/A

Scheme forward Euler backward Euler  Trapezoida rul | exponential Zero-Order Hold | First-Order Hold|  modified
Euler Tustin's method
also known as « Tustin’s method | - exponential | . step-invariant |- ramp-invariant
- Bilinear integration approximation approximation
transformation - Exact - triangular rule
- Crank-Nicholson Integration
-
(weight of yp.1, @-1/r) r'/I(r'+1) (r'-05)/(r'+05) e UT e VT e UT (r'-05)/(r'+05)
previous output)
Bo
(weight of x,, - 1/(r'+1) 05/(r'+05) - 1-e VT 1-7' +7e VT 1/(r'+0.5)
present input)
by
(weight ofx,.1, 1/t - 05/(r'+05) 1-e V7 - r'-@Q+7r)et’ -
previous input)
implicit delay A2 -A/2 0 AJ2 -A/2 0 -A/2
symbol 0 I~
remarks can be unstable preferred choice preferred choice

for feedforward

for feedback
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