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Oversampled digital leapfrog filters i

Abstract

A nsw digitel filter class is pressnted which ia bssed on tha hardware
simulation of passive analog LC filtars in a lsapfrog manner. Thias filter
¢lass sxpleits a high everaampling in order to minimizs ths hardwars of
the dovices and to restrict the side effects of the sampling on tha frequency
rasponse. Algo due to the oversampling, ths filter state variables are coded
on a single bit. Tha amplitude of signals is determined by the frequency of
the true bits pulses. Likewiss, coefficienta ara entered to the filter as pulas
rates. Tha operators of tha system are uwp-down counters, which act as
integratore, and rats multipliers, which cods the outputa of tha countera
back to a bit rate.

Two laapfrog synthesia methoda hava baen proposed. They correspond to
the ladder and the lsttice structurss. An analysia method allows to evaluate
the effects of the quantization of both coefficienta and variables. The
integrated circuit implementation of a filter can be realized by tha abutment
of a small st of basic hit alices.

Tha propoasd filtera proceaa pulse frequency modulatad signala. Tha
intarfaces between this kind of aignals and tha anslog or the digital world
ars performed by simpla and reliable readily available building blacka. Due
to the higb oversampling, the ovarsamplad digital leapfrog filters are
limited to applicaticns of band edga frequencies limited to eoms kHz.
Deomaing of intsrest include the processing of pulss frequency modulated
signala ralated to sensora and actuatora such ae quartz crystals and
stepping motors. The limited signal bandwidth motivetes the usa of this
kind of filtera for applications such as ths monitoring of thermal or
mechanical processes wp to tha filtering of telephone signals.
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Résumé

Une nouvelle clasas de filtrea numériques est proposée, Elle ge hase sur
Je simulation numériqus d'un filtre enalagique LC pasaif. Cette classe de
filtrea se distingue par un haut taux de suréchantillonnage gui permet de
réduire le matérie] nécessaire A s réalisation et qui rend négligeables les
distorgiona de la répones en fréquence dues A Véchantillonnaga. Du fait da
ce suréchantillonnags, les variablea d’état du filtre sont cadées sur un seul
bit. L'amplitude des signaux est slors dunnée par ls densité temparelle des
bits “1”. Leg coefficienta eux augsi se présentent sous la forme d'un train
d'impulsione. Lea opérateurs du syatéma sont des compteura-décampteurs,
qui agiseent comme dea intégrateurs, et deas multiplieura A taux
programmable qui réencodent les sorties dee campteurs en un train
d'impulaiona.

Deux méthodea de aynthése ont été déveluppéea. Cea atructures aout
dérivéea dee filtres en é&chelle et des filtrea an traillia. Une méthode
d’'analyse permet d'dvaluer les effets de la quantificationt des coefficienta et
dea variables du filtre. La réalisation du filtre sous forme de circuit intégré
peut ge faire par le collage d'un ensembla réduit de tranches.

Ce typs de filtres traite des signaux modulés en fréquencs d’impulsions.
Les interfaces entre ce typa de sigheux et aussi bien le monde analogique
que le monde numérique eont réaliaées par des blacs fonctionnels existant,
simples et figbles. Du fait du haut teux da euréchantillonnage, Ja mise en
ocuvre de cee filtrea est limitée & des fréquences de coupure de quelques
kHz. Parmi lea domaines d'intéret, citons le traitement de aignaux codés en
fréquence aseociés A des capteura et des actuateurs comme pat exemple les
quartz ou Jes moteurs pas & paa. La largeur de banda limitéa de cea filtrea
permet leur mice en oeuvre pour des applicationa concernant des processua
variant lentement comme dea mesures thermiques ou mécaniquea
jusqu'su filtrage de signaux téléphoniques.
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1 Introduction

Oversamplad Digital LeapFrog filtera (ODLFa) rely on the asimulation of
an analeg passive LC prototype in arder to inherit its interesting propertiea.
The aimulation of a reactance in its ladder expansion ia performed by a
chain of up-dewn countera and rata multipliera. The filter atate variablea
and coefficients ara coded in tha form of a pulae frequency madulation.

In order to properly simulata tha analog network, tha ODLFa requira a
high averaampling. Tha overaampling ratio ia determined by tha deaired
signal to noiza ratie or by tha allowed tranafer function deviation.

Tha work ia atructurad as followa: first tha ayatem and ita aignala ara
presented, then tha aynthesis showa ths method used to derive an ODLF
from ita analog paaaive prototype, tha analyaia atep allowa to determina tha
required aampling rate to fulfill tha apecificationa and an integrated circuit
realization method ia presented. An examplia filter gpecification aet ia
chogen ta deacribe the completa deaign procedure of an ODLF,
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1.1 Scope of ODLFs
1.1.1 Analog passive filter

Actual filtering techniques lergely rely on the simuletion of an enelaog
passive LC filter [NeiB1), Indeed, elthough the edvent of the trenasistor hes
widely enlerged the veriety of signel processing systems, it painted out e
problem which hed not occurred before: the first ective filters suffered from
e high aensitivity of the trenafer function to their slement values.
Alternetely, thia problem disclosed tha most intereating property of peeaive
enelog filtera: they ere extremely insencitive to variations of their element
velues.

The most important and most widely used pessive enelog filter is the
doubly termineted reectence two-part [Tem77). It ia depicted in figure I.1.
The two-port is axclusively mada out of inductancea and capecitances. One
port, considered es the input port, ie driven by a generetor Eg of internel
reaistence Rg end the other port is considered aa the cutput port end loeded
with e reaiator Ry,.

Rg 1, 1z

Eq U,

Figure 1.1 Loaaless doubly terminatad two-port.

The low aenaitivity to the element valuea of the doubly termineted enalog
LC filtere can be expleined by considerationa ebout the power trensmission
from the input signel generater to tha output loed [Tem77).

The most widely used peasive reactence two-port is tha ledder network.
The ladder configuretion is built from an elternetive placament of e series
end e shunt reactence. Figure 1.2 presents e apeciel ceae of a ledder where
the series reectances are inductances end tha ahunt reectancea ere
cepecitances.
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Figure 1.2  Doubly terminatsd LC ladder two-port,

In addition to e low passband seneitivity, the ladder two-port alac proves
to have a fine stopband behavior. Thie criterion favors the ladder
configuretion as the moet intereating prototype candidate for an active filter
deeign.

1.1.2 Active leapfrog filter

Ono claesical active filter etructurs eimulating e paseive LC ladder
prototype has been introduced by [Gir70). In the propused synthesis methed,
the reactancee of an enalog paesive LC ladder prototype are eimuleted by
integrators, in eccordence to the relatione between currents and voltegee of
the reactancea:

1
°l Q.1
UC = EEIC

The one-to-one correapondence between the elements of the pagsive filter
and the integratora of the active eystem serves to duplicate not only the
overall reaponge of the filter but aleo ths internal workinga. Thie structural
aimilarity eneures the active filter to inherit the intereating proprietiea of
the analog prototype. The eynthesis method wee named as LeapFrog (LF)
due to the appsarencs of the feedhack linke in the echematic representation.

Ths LF etructurs simulating the ladder prototype of figure 1.2 ie
represented in figurs 1.3. In the echematic representetion, each integrstor
ia followed by a multiplier eetting tha integretor gein. The multiplier
coefficienta are redian frequenciee invereely proportionel to the element
velue of the passive prototype.

Figure 1.3 LF active fiiter.
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Without the resistive generator and load, the ladder of figura 1.2
corresponda ta the Caunerl expansion of an LC impedance [Tem77]. Thie
meane that nat only the LC ladder but also any reactance can be simulated
by a LF structure. ‘

1.1.3 Digital LF filter

The digital realization of the LF synthesie leade to different possibie
structures [Bro75], In the Direct-transform Digital Integration (DDI)
synthesis method, the integrators of the active leepfrog are realized by
accumnlators. The integrator gainag of tha active devics are set by a digital
multiplier.

‘Unlike the bilinear z-transform, tha DDI z-transform does not mep the
a-plone imaginary axis onto the z-plane unit circle. As a consequenca, the
esmpled transfer function is not a stretched replica of the time-continuons
transfer function; the DD z-transform results in the distortion of the
transfer function in a manner similar to the standard z-transform.

The main effect of the DDI plana mapping coneists in & band edgs droop
of amplitude depanding on the ratio between the eampling rate and the
band =sdge frequency [Bru75]. Additionally, the DD z-transform doee not
prodnce a zero at the location z = -1. Thus, ths stopbend attanuation ia
limited by the periodicity of tha transfar function.

Subsequently, the DD synthesis method raquires e high sampling rats
compared to the band edges of tha filter epecifications. Yet iia interest reliea
in the low coefficient sensitivity which leads to a worthy reduction of the
multiplier coefficient wardlength.

1.1.4 ODLF

The non-idealitiea of tha DDI1 structures depend on the eampling rate.
Obvioualy, thess effecta vanish as the sempling rata tenda towards infinity.
Moreaver, the increass of ths sampling rata allows ths coding of the
internal filter variebles with a reduced number of bita. The decreasa of the
number of bits of the signele as a function of the oversampling depends on
the cading achems.

ODLFs are DDI structures whoes sampling rate is high enough to allow
the coding of ths filter veriablea on a aingle bit. The coding algarithm
maken vse of dithering. As tha filter variebles are rapresented with = aingla
bit, tha ODLF operetors turn out to becoms even more moderate. The
accumnlatora simplify to countera so that the differential input integrators
of the analog active LF ars implamented by Up-Down Conntera (UDCg). As
far the multipliers setting ths integrator gains with their output coded to a
single bit, they ara efficiantly implemented by Rate Muitipliers (RMs). RMsa
are bagically made ont of a qnantizer, which codes the bit-parallel input to a
gingle bit, and a one bit multiplier which multipliea the quantizer output
with the bit-rata input.
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The ODLF reelization of the analog ective LF filter of figure 1.3 ia thus
obteined by replacing the integrators in the figura by UDCe and the
multipliers by RMs, The corresponding structure is shown in figure 1.4,

1 R 1 R 1
KT, T, AT, T, FC.,

Eg J? = Uy
uncﬁm ek e [+{incH HuocH :unc=1u

Lt

Figurs 1.4 QDLF.

The ODLF state variebles correaponding to the voltagee and the currents
of the analog paesive prototype are found at the RM outputs. Aa they are
coded on a asingle hit, they can be considered as pulse rates. In e aimiler
manner, the QODLF coefficients are eet by pulses of rate inversely
proportional to the valne of the reactance simnlated by the UDC-RM set.

The relative placement of the UDC and the RM in the hasic building
hlock can be exchanged: the RM can be pleced before the UDC, In this cage,
the RMe would have more than one bit-parallel input and the same number
of single bit ontpute. Moreover, tha feedback linea would have to be replaced
by buesea. Thia dnal configuration is more costly in terms of herdware and
will generally not be conaidered in thie work, although it conld reveal of
intereat for syatema having bit-parallel inputs and outpntas.

1.2 Appliance of ODLF's

1.21 Oversampling ratlo

ODLFs reguire 2 high oversampling in order to properly simulate tha
anelog passive prototype. The minimal sampling rete fy for aignals limited
to a baseband [-fp, fu] ie given by the sampling theorem:

fs > 2-% (1.2}

In moat of the common sampled filters, the sempling rate is then
choeen aa low es possible in order to reduce the filter order and the
precision of the coefficients. Alternately, oversampled filtersa are
characterized by a aampling rata several ordere of megnitnde higher than
the haeseband of the signal they process. The ratio between the chozen
eampling rate and the minimal aampling rata ia celled the oversampling
ratio:

AT = ;_’fb (1.3)

The use of a high aversampling allows tha coding of the signale with a
limited set of values, uanally with only two possible values. The frequency
band hetween the eignal baseband and the half of the sampling rata is
occupied by a noise aignal originated from the quantizetion of the aignals.
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In the ODLFs, the incremental behavior of tha UDCs dstermine tha
minimal value for the oversempling ratio. Indeed, the UDCe act as
integrators with a time constant proportional to the power of two of their
number of bita. This means that assigning ona supplemantsl bit to tha
UDCs requires 1o double the value of the sampling rate in order to msintein
the frequency response of the filter unchanged.

1.2.2 Signal quantizatjon

In common digital filtere using fixed point erithmatic, the Signsl to
Noisa Rstio (SNR), in dB, of a signal is proportions] to tha pumber of bita
used to coda the eignal [CouB4):

EqdB 2 6-Mbita 1.4

Depending on tha etatistical properties of the signal, en offset haa 1o ba
added to tha preceding law.

In consequence, the SNR of e signsl coded on a singla bit seems useless
for tha uee in digital signal processing. But ss already mantioned, the SNR
is improved by an eppropriate overeampling algorithm. Qversampling
quantizstion algorithmsa do not unequivocally assign one unique quantized
output valua to a set of input values: the choica of tha quantized output value
ia slso determined by tha history of tha signal quentization process.

Figure 1.5 pravides an exampla of tha binary quentizstion of a eignsl.
The decision whether to assign a one or a zaro to ths quantized sampla
depends not only on the amplitude of the input signal but aleo on the
decisione that hava been taken before.

/ x(t)
i+

N

-t

n) continuous time signal

yt)

b} signal coded to a singls bit

Figure 1.5 Oversampled signal coding.
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SNR improvemsnt due to ovarsampling is gensrally expressed in tarms
of bit per octave. Dithering besrs 1 bit / octave, which mesns that the SNR is
increaaed by 6 dB se the sampling frequency ie moved ons octava higher or,
in other terme, as the oversampling ratio ia doubled. Single bit coding using
error feedback loops resulte in mors efficisnt SNR enhancement. First
order YA modnlators provids 1.5 bit / octsve end second order loops 2.5 hit /
octave [Can85].

Ths UDCs require euch a high oversampling ao that they allow ths uss
of tha most simple quantizing algorithm. Hence ths SNR enhancement
provided by the dithering inside tha RMa is anfficient to encode tha UDC
outpnta.

1.2.3 Transfer function deviation

The transfsr function dsvistion of a DD stroncturs compared to the
Initial filter approximation function has baen shown [Bru75] te bs described
by two non-ldealitiss: a bandedgs droop and e limitsd stopband sttenustion.
The other eourca of transfer function daviation is ths gnantization of the
coefficients and vsriablss of the digital filter.

Dns to the high oversampling, both the bandedgs dracp and the limited
stopband sttanuetion affact tha tranefer function in a negligible manner.
Howavsr, the quantization of tha coefficients and ths varisbles havs to bs
sxamined thoroughly for the filtar to meet the epecifications.

Cosfficisnt quantization changes ths shspe of the tranafer function in a
deterministic way. So cosfficient quantization can bs done in sn itersting
loop as long as the obtsined transfer function still meets the specificationa.
In contrast, tha quantization of the vsriables doea net change the shape of
the transfer function. This guantization is medeled aa ths superposition of
noias sonrces to ths filter varisbles and resunlta in a deviation of the tranafer
function around its anslytic shape. The amplitude of the dsviation depends
on the filter atructure and on ths number of hits assigned to the operatora.
Quantization of the variables is alao performed in an iterating manner by
adding bits to the operators until ths transfer function with its maximsl
daviation fite into the filter epecifications. For ODLFs, this is done at the
expenss of a higher sampling rats.

1.24 Advantages and limitatlons

ODLFs are digita] devices eimulating an anslog pasaive filter. Tha
ODLF cosfficients are the inverses of the element vslues of the analeg
prototype. The simulation of tha internal werkings of tha paaaivs filter
enaures ths vary low sensitivity of ths psassband transfer function to
coefficient values. The shape of the tranafer function depends on tha
relativa valnes of the coefficienta. Tha amplituds of the coefficienta
determins ths magnituds of tha band edge frequencies.

ODLFs csn be considered as a limiting csse of DDI filters. Due to the
high overaampling, they ars insensitive to the tranafer function deviation
which ia the major limitation associated to the DDI ayntheais method.
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From their DDI parent, they inherit the advantagea of simplicity of design
and minimal complexity in terma of hardware.

Furthermare, the high oversampling of ODLFa allowa to aimplify ita
operatara to UDCa and RMs, leading ta a drastic herdware reduction. The
pge of these basic operators make them a close relative to Quasi-Continuous
Digital Filters (QCDFs) [FarB4), [FarB5], [Fer86). The QCDFs also
implement integrator besed etructnres, but their signsla are definad aa
pulse rateas which aere not synchronized to a sempling clock. This differenca
leads to 8 more difficult characterization of the QCDF signale and, above
all, realization probleme due ta the asynchronona configuraetion of the
pulaes. As for the QCDFa, the ODLFs inputs and outputs are defined as
pulae rates rather than binary numbers. This coding of the signels allows
the use of inexpensive and robust Analog to Digitel (A/D) and Digitsl to
Analog (D/A) converters. Moreover, pulse frequency modulaeted eignuala are
found in aesociation with sensors end actbators. The coefficients, too, are
pulse rateg. As gnch, their valuas can be refined withont this having any
effect on the size of the correaponding multiplier.

The major limitation to the application of ODLFs coneists in the high
sempling rate. The eampling rete is proportional to the power of twa of the
required SNR, in dB, of the eignals inside the filter. Hence, the use of high
order ODLFs ia best suited for filter requirsments exhibiting sharp
transition banda rather than for reguirements with considerable stopband
attennatian. Together with the eimplicity of the operatars, the high
sempling rate refrains the relevance of time munltiplaxing for this kind of
device.

1.3 Structure of the work

The epecificity of the ODLFg hag been introduced heretofore. The filter
design tesk, leading from a system epecification to a digitel circuit
realization, follows the same stepa for any filter type and ie sketched in
Figurs 1.6.

The same steps will be followed for the ODLF design. They are briefly
preaented hereafter end eath ons more thoroughly in a chapter of the work,

Chapter 2, “System end eignela” presents the working of the ODLF
operators and enalyses the signels related to them. The chapter discloaes
the relation between the coding of operatars outputs and the SNR of the
corresponding signals.

Chapter 3, “Synthesia” shows how an ODLF can be derived from a ledder
or a lattice passive LC analog prototype. The ladder syntheais method
providea the most efficient implementation of an all-pole filter. For the mors
general caae, the lattice synthesis ia to be preferred.

Chapter 4, “Analysia” cxamines the effects of the qunantization of the
ODLF cocfficients and asignels. Thia step allows to determins the
oversampling ratio necessary to ensure that the device meets the
specifications.
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Figure 1.8 Filter design task.

Chapter 5, “Realizetion” pota forth tha Very Larga Scale Integration
(VLSI) realization of ODLFa. Tha operatora are built up out of bit alicesa
abntted one to ancther. UDCa and RMs are alao ebutted together. Last, the
feedback linka ere wired in tha leapfrog manner.

Chapter 8, “Design example” deacribes a completa ODLF synthexsia, all
the way from tha filter apecificationa to tha VLSI realization.
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2 System and
signals

The UDC acta aa an integrator of the LF atrncture. Its incremental
behavior requirea a high overaampling in order to generate a full acala
aignal,

The RM ia nsed aa a moltiplier aetting tha integrator gain aa well aa a
quantizer delivering an antput coded on a aingle bit. The gnantization
algorithm makea nae of dithering.

Beaida integratora and mnultipliers, aoma LF atructures requira an
adder or a anbtracter. In ODLFa, thia operator receivea two bit ratea aa
inpnta and maintaina data coded on only ona bit at tha ontpnt.

Input and ontput aignala aa wall as coefficiants of the ODLFa ara coded
aa pulae rataa. Tha rate ia defined betwaan 0 and tha ODLF aampling rate
and correaponda to an amplitnds in tha range [0, 1). Tha coding and
decoding of analog aignala is aimpla and requirea leas hardwara than A/D
and D/A converaion.
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2.1 The UDC as an integrator

Inside the ODLF, the UDCs gimnlate the integrstors of tha analog LF
structura. In this section, first the operator is described. From this, the
transfer function of the UDC ia determined in the time-discrets z-domsin
and, taking into sccount the high oversampling, tha equivalent transfer
function is expressed in the time-continuous s-domain. Last, the msjor
limitation of the UDC as a asignal processing operator is detsiled in terms of
sn oversampling requirement.

2.1.1 The operator

Figure 2.1 a) displays an integrator of the activa LF structure. Tha LF
integrators generally have a differential input. Using ths DDI 2-transform,
the digitsl counterpart of this integrator is 8n sccumulator with two inputs.
In the special case where ths inputs are coded on a singla bit, the adder can
be replsced by an incrementer/decrementer so the accumulator with two
inputs is implemented by sn UDC.

x(t) +
x(t) -

a) integrator with a differential input

y(t)

x,(nT,) = T,~= y(nT,)
x (nT,)

b) digitel accumulator simulating the integrater

X+(I'1TB) —]4
e (0T —] |2 —> y(nT,)

¢) accamuletor with the inputa coded on a singls bit

Figure 2.1 Up-Down Counter (UDC).
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Figure 2.1 ¢) is the schematic representation of an UDC. The UDC
inputs sre ODLF state viriables. Theaa ara coded on a single bit and can be
interpreted ss pulsa rates. The UDC antpnt is a bit-parallel binary number
which will be modulated back to a single bit repressntation by a RM.

2.1.2 UDC transfer function

Hers, ths aquivalent s-domain transfer function is found which
describes the warking of the UDC as an integrator. This is determined from
the z-domain transfer function of the UDC under the assumption of a high
oversampling.

Thse behsvior of the accnmulator of figure 2.1 b) is deacribed in the
z-domain by

z.Y(z) = Xz)+ Y(z) 2.1
where X(z) stands for ths difference of the twa inputs X,(z) and X.(z).

For the UDC, care has to bs taken about the relative amplitude of the
input and ths ontput. Throughout this wark, both ara conaidered as
normalized in the domsin [0, 1). In this case, sn input z(nT,) of ane will
cause the incrementing of the outpnt y({n+1)-Ta) by one Least Significant Bit
(LSB) which correspands to 1/ 2"t of the total amplitude of y({n+1)-T4). Ths
UDC is thus characterized by
X(z)
oNbits

z2Y(z) = + Y(z) (2.2)
whera npjts stands for the number of bita of the UDC. Tha transfer function
is then given by
Y{(z) 1
H(Z) = x—_(z) = __2“hil.s (z i 1)

The complez variable z is defined as e’T', where T, ia the sampling
periad. Tn the cass of highly oversampled devicea, aT, is very smsll and tha
exponential can ba approximated by the twa first terms of its Taylor series

z = o't o 1+8T, (2.4)

2.3)

As a matter of fact, tha preceding approzimation corresponds to the
definition of tha DDI z-transform. Uaing this approzimation, ths transfer
function of the UDC in the s-domain becomes

1 fs
His) = ot g | gPbit
Under the sbove sssumption of high aversampling, the UDC transfer
function hea been fonnd ss the one of an integrator with a fixed gain. Thia
maodel of thse UDC, symbalized in figure 2.2, will be used for the ODLF
synthesis.

1
; (2.5)
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i
X~ 5 [ e YO

Figure 22 Transfer function of the UDC s an intagrator.

The integrator time constant is proportional to the power of twa of the
number of bits of the UDC end inversely proportional to tha sempling reate;
this maans thet edding ona bit ta avery UDC in a filtar and doubling the
sampling rate leaves the trenafer function wnchanged. The following
discuseion about tha oversampling required by the UDC ehowe thet the
frequency fy / 2"%1" ia greater than the bandwidth of the filter stata veriables,
but remaine of same order of magnitude.

21.3 UDC oversampling

Tha nee of tha UDC as a signal processing operstor ie restricted by its
incremental bahevior which leads to a limited bandwidth of its output. This
constraint ie a function of the sampling rate and and can ee ba expressed as
a requirement in terme of oversampling.

Thie can ba analyzed in tha cass of a full scala sina wave UDC output of
frequency fi, equal to tha maximal value alloewed by the signal bandwidth.
Tha limitation of thea UDC arieee from the fact that the values of two
contiguous output eamplea differ at mest of 1 LSB. In order to generate the
given signal, tha sampling period Ty muet ba small enough so that the
maximal difference between two samples of the signal is emaller or equal to
1 LSB. Figura 2.3 presents the aituation graphically.

Figure 2.3 Sampled sine wave,

If A ia the maximal difference batwean two samples of the sina wave of
frequency f}, it corresponda to

i
A = 3T, = r:% (26)
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The oversempling ratio ia

fa T
08T = m - 51 2.7

So the condition that A is emaller or equal to 1 LSB, thisis 1/2"%%, requiree
anh oversampling ratio of

ost 2 gz"bit- (2.8)

The equetion (2.8) points out the major limitation of ODLFe. The use of
incremental devicee requires a very high eempling rate compared to the
gignal bendwidth. Thie ie compeneated by the emell hardwere required by
the operators.

2.2 The RM as a multiplier and quantizer

In the ODLF, the utilization of RMe ie twofold. The RMa set the gein of
the integrators of the analeg LF etructure and they code the UDC bit-
parallel outpute back to a single bit. In thie eection, firet the operator ie
deecribed, From this, the transfer function of the RM is determined. Last,
the guantization noise of the device ie analyzed.

2.2.1 The operator

The RM has one bit parallel input and one bit rate input. The ontputis a
bit rate corresponding to the bit rate input decimated according to the valne
of the bit parallel input. Tha RM exista a8 & logic integrated circuit anch as
the CD4089. As an ODLF operetor, it ie ueed together with an UDC. The bit
perellel input comee from the UDC output whereas the bit rate input
represents a filter coefficient.

Figure 2.4 displays a RM and ite behavior in the casa of constant inputa.
In figure 2.4 b), the coefficient pulse rate ¢ ie shown on the top. Underneath,
the ontput of a 4 bit RM ie displayed for every possible valune of the input x.
With conetant inputs, the RM ocutpnt je periodic of period 2" rycles. With
e zero velne of x, tha RM output remaina zero. With z correeponding to 1/2,
coded ae 1000, the RM output pulee rate it the helf of the input coefficient
rate. The lergeat value of x, coded aa 1111 and corresponding to the
amplitude of 1 - 27"t Jeada to an output rate where only every 1 of 2"bits
pulees of ¢ ie inhibited.

The logic waveformae of the RM described in this work ere slightly
different then the working of tba CD4089. Tha propoesed RM hee been
deeigned to ehow regular tranasitione for emell veriatione of the bit-parallel
input. Moreover, in ODLFe, the coefficient pulee rata is eempled, which
meens that it will not neceaearily look ae reguler as the one presented in
figure 2.4 b). For example, the pnlse rate of a coefficient equal to ¢ = 3/4 hes
the repetitive pattern of 3 aamples of amplitude 1 followed by one sample of
amplitude 0. With thia, the period of the RM output with e constant input
turna to be of the length of 2"***/¢ ¢ycles. However, with a proper sceling of
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tha ODLF variableq, the coefficient ¢ ia always greater than 1/2, which leads
to a maximal period of 2™it**1) cyclen,

l c(nT,)

x(nT,) O RM [~ y(nT,)

a) schematic representation

x = 0000
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b) time responses of a 4 bit RM ia the cass of constant inputs

Figure 2.4 Rats Multiplier (RM).

Figure 2.4 b) tenda to indicate that tha computation of tha rets
multiplication requires 2”8 pnlaea of ¢ to provide a resdable ontput.
Howavar, it should be notad that sach individual RM output aampls does
makee asnea at avary clock cycle. It correaponds to the bit parallel input x
quentized to = gingla bit. The length of the dither pattern determinea tha
period over which the guentization errora towards 0 and towarde 1 ghould
have compensated and provides the bese frequency of the lines apectrum of
the dither pettern.
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2.2.2 RM transfer function

Here, the transfer function of tha RM is found. It is determined from the
working of ths operator, depicted in figure 2.5.

D

connter §
1

LI ..nlll”””‘ .

o111 e 0010 * 1100
dither 1110 0100 0011

1

w2

b) dither signal

Xq
). 4 Q y

quantizabion
¢) block diagram

Figure 25 Internal working of the RM.

The RM first qusntizes the bit-parsilel input x(nTj) to s single bit
representation xq(nTy). Then the signal x4(nTs) snd the coefficient o(nT,),
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which are both coded on 2 eingle bit, ere multiplied by 8 mere AND gate to
deliver the RM output y(nT,). The corresponding block diagrem is
represented in figure 2.5 ¢).

The quantizetion ie performed by adding a dither signal to the input
x(nT,) and by keeping only tha Moet Significant Bit (MSB) of the eum. The
dither pattern ie 2 high frequency periodic eignel d(nTy) which epectrum ie
dietinct from the one of the input signal 2(nTy) except for a DC component
of 1/2, ae eketched in figure 2.6 b). So, in & eignal processing point of view,
the addition of the dither pattern coneiets in the euperposition of 2 DC velue
of 1/2 to the eignal in ite baaeband. The eum of two samples, coded on npjes
bits in the interval [0, 1], ie coded on (nyjta+1) bite in the interval [0, 2].
Teking the MSB of the sum coneiete in comparing the sum to 1. In
summary, the RM quantizer adda a DC component of 1/2 te tho input x(nT,)
in ite boeeband end comparee the eum to 1; thie correeponde to compsering
the input 2(nT,) to 1/2 which ie actuelly is rounding quantization.

In the sbove mentioned procese, & quantization error is added to the
input eignal 2(nT,) but the amplitude of x(nT,) ie left unchenged. The
following multiplication ie exact go the globs) transfer function of the RM
does not show sny scaling coefficient. Thue without teking into account the
nonlinear effects of quantizetion, the transfer function of the RM can be
ezpreesed as

}%((TB)) = ¢ (2.9)

The quentizetion inejde the RM ie the main ecurce of noiee ineide the
ODLFe. Another quantization noiee occurs ineide the adder of the lattice
structure.

2.2.3 RM eignal quantization

The deecription of the working of the RM refere to a quantizetion
operation. The effect of thie quentization ie enslyzed now in terme of SNR
and compared to the quantization of the bit parallel coding of tha UDC
output.

Tha qusntization of the RM input to a eingle bit ie 8 neon-lineer
operation. Ae such, it can not be described in terme of a transfer function.
The engineering approach to thie problem is to model the quantizetion
process by the ineertion of s noise eource at the place where the
quantizatien occurs. The noiae signal is defined as the difference between
the signele after sand before tha gquentization. Its spectral density ie
eatimated from the quantization algorithm.

Hypotheeie have to he made ahout the quantization noiee sources. Their
epectral ehape are generally sesumed to be white and as euch the
quantizatien noiee i preeumed to be uncorreleted to the signal. For digital
eignala coded with a fized point repreeentetion, the energy of the
quantization neiee is eatimated frem equation (1.4)

EqdB 2 6-mbits (2.10)
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where Npita stends for tha number of bita used for the representation of the
values of the samples. However, quantization to a eingle bit iz & eevere
pracedure end requiree tha two sfore mentioned prereguieites to be
reconsidered.

Quantizing a esignal te a aingla bit ueing ronnding or truncation
obviously leeds to e naoise aignal with a epectral content not white but very
much correlated to the original signel. RME overcome thia problem using
dithering. Dithering consists in adding 2 cheotic signel, celled dither
signel, to tha input eignel before tha quentization cperation. In thia way,
tha quantjzation noiea becomes guite independant of the input eignel.
Beeidaa, the epectrel content of the dither eignel ie high enough for thet
signal not to interfera with the input aeignal. Figure 2.5 b) illustretee how
tha dither eignal ie generated in the RM: each pulee of the bit rate input
incramants a counter and the dither signel ia tha counter output whera tha
waight of the bite ia raversed (the MSB ie considered as L3B ond vice-versa).
Thie elgorithm requirea very little herdware and etill hes a high frequency
content. As & metter of fact, the LSB of the counter, the MSB of the dither
pettern, changes et eech coefficient pulse eo, ap pictured in figure 2.5 b), tha
dither signal ewings over end under 1/2 at each chenge. Figura 2.6 h)
provides the expected apectre of the eignele in the dithering pracess.

For e eignal quentizad to a eingle bit, tha gquentizetion error can be of
eeme emplitude ae the eignal. Hawever if oversempling is used, the eignel
ramaine limited to ite haeeband {-fy, f;)*hilst the naice epreads over a
lerger frequency band [-fa/2, fa/2). In aaaence, the SNR in tha whole
frequency band remeins unchanged with oversampling, but in the aignel
baeebend the SNR is improved proportionally ta tha aversampling. As it ia
equal to 1 for en avereampling ratio of 1, the SNR of 2 eignal coded on a
single bit using dithering is equal to the oversampling ratio.

§q = aer (2.11)

Figure 2.6 c) delineates the SNR enhencement due to oversampling. For
the eama signal X(s) limited to & baeeband [-fy, f), if the eempling rate is
doubled from f;) to fy2, the noise power is etretched in a twice as lerge
frequency bend end ite emplitude is thus reduced by e factar of two
throughout the frequency band.
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Figure 2.8 RM signal quantization.

Tha SNR of ths RM dithering can ba compared to the SNR associsted to
the aignal coding of tha UDCa, Equation (2.8) atatea that tha incremental
bahavior of tha UDC requirea an ovarsampling ratio grester than 2"bits,
With thia, the SNR, in dB, of ths dithering can ba rewritten aa

oar 2 27bik o Eqas = 20logiolosr) 2 6npys (212)

Equation (2.12) showa that tha SNR of tha dithering ia of aama order of
magnitude and ia even grsater than tha SNR of the bit-parallal coding
aanociated to the UDCs in the ODLFa. it ahould ba noted that tha UDCa,
although posseasing a quantized output are no sourca of quantization, left
out tha effacta of overflow., Moreovar, although tha UDCa alao are
oversampled, they take littla advantaga of the overssmpling to cods their
output due to their integrator-type tranafer function.
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A more efficient eingle bit coding echeme then dithering is ueed by YA
modulation [Cha90]. Thie method coneiats in feeding the quantized output
back into the quantizer. As & reeult, the tranefer function of the
quantization noiee to the quantizer output ie no more eqnal to nnity. The
shepe of the noise tranefer function ie of highpaes type. For thie reason,
more of the noiee power ie retrieved out of the signal baseband providing eo
a better SNR in this band. Nevertheless, together with the oversampling
required by the incremental behavior of the UDCe, the SNR eupplied by
dithering is eufficient to meintain the quslity of the RM inputs, as can be
seen by eqnation (2.12). Dithering coding echeme reeults into s emaller
hardware end into lese high fraquency noiee which can induce limit cyclee
in the L'SBe of the countsrs.

2.3 Bit rate adder and subtracter

The need for an adder or eubtracter can occur in ODLF atructures. For
example the first UDC of the ladder ODLF depicted in figure 1.4 has one
poeitive and two negative outpute; thie can be implemented by an adder
caleulsting the eum of the negative inpnts followed by an UDC with one
positive and one negative input euch ae the other UDCa of the chain. Alao in
the lattice structure, ench ae the ODLF of figure 3.11, the output is
determined as the difference between the two branchea.

The eum or the difference of two eignale codad on one bit normaslly
require two bits to maintain all the information of the input data. However,
aa the bit rates are known to be oversampled, it ie peseibla to code the output
back on a eingle bit. Thie ie done by plecing a first order A modulator at
the adder or enbtracter output [OLe90].

x,(nT,)

sA— y(nT,)

x,(nT,)
MSB y(nTe)

x,(nT,) T,
x,(nT,)

b} bit rate addar realization

Figure 2.7 Bit rate adder.
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The transfer function of the bit rate adder shows e scaling of 1/2, Indeed,
the output of the adder is in the range [0, 2) but is assumed to ba normelized
in the range (0, 1] by the TA modulator.

y= %-(xu-xz)- 2.13)

The bit rate subtracter ia realized by placing an inverter at the negetive
input of the operator [(Le90). Cere ahould be taken of tha fact that thia
operator impliee the uae of signed arithmetic. Here too, the output is aceled
by 1/2.

2.4 ODLF input and output signals

241 ODLF input

Tha ODLF input is fed into an UDC and is thue in the form of a pulse
rate. From tha enelog world, & aignal can be shaped into a pulse rate using
a voltage to frequency converter which requires less hardwara then an A/D
converter. Actually, some A/D converters maks use of a voltage to frequency
converter as & building hlock. Besidea, information alao heppens to be found
directly in the form of pulae rates, sa it is the case for quartz sensora.
Finally, a digital signal is transformed to a pulsa rata by a rate multiplier
or aventually e TA medulator.

As a pulaa rate, the ODLF input is defined positive. Eventually, an offset
has to ba added to tha original aignal in order ta encode it, Tha pulee rata is
aynchronized to tha ODLF clock end then samplad. After tha sempling, a
seriea of zeros corresponde to tha amplitude 0 end a series of ones
corresponde to 1. Any velua between these bounds is coded by en series of
alternating zeroes and ones. The amplitude ie determined by the relative
amount of zeros and ones. In summery, ths input signel is coded as a pulse
rate varying between 0 and the ODLF sampling frequency. This rata is
considered es the signel amplitude ranging in the domain [0, 1}.

242 ODLF output

The ahepe of the ODLF output depends on the chosen structure. The
output of a ladder ODLF, as the one of figure 1.4, ia in tha form of a pulse
rate. Tha output can also be reed from tha last UDC of the chein; this deta
iz proportional to the bit rate ontput. Tha lattice ODLF ontput is tha
difference between two pulse rates. This velue can ba coded on two bita and
eventually modulated back onto a singla bit.

The D/A conversion of a signal ceded on a single bit is done by awitching
between e reference voltege end a zero voltaga. This enalog output should
then be lowpaaa filtered in order to separate the signal from the
guantization noiee. A pulee coded output can be of intereet for tha
transmission of a signel in a noisy environment. It may aleo be of interest
in some epplications euch as etepping motor control. 1f & digital output is
required, it con be obtained by the decimetion of the binary pulses.
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3 Synthesis

Tha ODLF synthesia reliaa on the aimulation of an analog pasaiva filter.

Tha ralavant featurs of tha analog paasiva filter ia ita low eenaitivity to
variationa of ita elemsnt valuaa.

In tha caaa of all-pola filters, tha LC ladder prototypa laada to a
atraightforward activa filter implamentation characterized by a low
seneitivity to coefficient valuee alao in tha atopband.

If tha filtar owna not only polea but alao zeroea, tha simulation of the LC
lattice prototypa raveals to ba preferabla. Thia atructura aleo allowa to eaaily

generata a complementary filter output. An alteration of thia atructura
allows the aimpla generation of allpass filters.
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3.1 Analog passive reference prototype

Actuel filtering techniqoea Jargely rely on the simulation of an analog
paesive LC filter {Nei81). Indeed, although the advent of the transistor hae
widely enlarged the veriety of signal proceesing eysteme, it pointed ont e
problom which hed net eccurred with anelog filtera: the firet operational
amplifier active filtera suffered from a high senaitivity to their element
values. The Jow gensitivity to the eJement veluee of the deubly termineted
anslog LC filtera can be expleined by considerations about the power
transmiasion from the input signal generetor to the output josd,

The mest important and most widely nsed paasive analog filter ia the
doubly terminated reactance two-port [Tem77). It ia depicted in figure 3.1.
The two-port ie mede out of inductences and cepacitances. One port,
considered as the input port, ig driven by a generator Eg of internal
registance Rg and the other port is coneidered ae the output port and loeded
with a resietor Ri,.

Rg I, | P
L ~—o-
M
Eq U, c, uy| []Re
—L_r.

Figure 3.1 Lossless doubly terminated analog filter.

The LC network of the two-port ie loseless: it does not dissipate any
power. The power of the generator ie dieeipated in its internal resistence
R and in the load Ry. If the input signal Eg lies in thae filter passband, the
two-part drives tha power of the generator to the loeed, as ehawn in figure
3.2 a). Then, as it is well known, the maximum ratio of the power delivered
by the generator can be diesipated in the load resistance if the source and
the load resistances are matched:

Ry, = Rg 3.0

In this caas, the generator and the load are seid to be matched and the
tranamitted power is equal to tha half of the maximum amount of power
delivered by the generator. If the input signal Eg ez in the filter stopband,
the two-port acte roughly as a ghort circuit on the generator end eil of its
power is dissipated in the internel reeigtance. This case ia repreeented in
figure 3.2 b).



Synthesis paga 25

a) power transmission in the passhand

b) power transmission in the stopband

Figure 3.2 Power transmission from the generator to the load.

The lossless doubly terminated two-ports have a very littls aensitivity to
variations of their element values in the paasband [Tem77]. Indeed, the
power iransmission is maximsl when ths filter elements have their
nominal valnea. If ons element valna ia either incraased or decreased, the
perfect match between the parts of the ayatem will be diaturbed and the
output will be decreased. So at the frequencies where tha power transfer is
maximal with the nominal values of the elements, the aenaitivity te
changes of the elements aronnd their nominal valuea ia zero. Thus, a
matched system consisting of a losaless tweo-port and ite resistive
terminationa has a natural immunity against the variations of any of ite
elements in the passbsnd. Singly terminated or unterminated networks do
not have this praperty.

Two types of analog devices will ba considered hereafter as prototypes:
the ladder and the lattice L.C filters. Both lead to tha aynthesie of LF filters
which ars canonical in regard to the number of integrators and of
multiplying coefficients.

3.2 Active ladder synthesis

The most commonly used passive reactancs two-port is the ladder filter.
Figure 3.3 displayas a fifth order lowpass ladder filter. The relation between
this network and the model described in figure 3.2 is straightferward: for a
DC signal, the inductances sct as ahort circnits and the capacitances as
apen circuits se the device corresponds to the circuit of figure 3.2 a); for very
high frequency sighals, the indunctancea act as open circnits and the
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copacitances es short circuits so the device correspends to the circuit of
figure 3.2 b).

Ly I,

R Iy I
3 l | M‘FTEN? "

Figure 3.9 LC ledder two-port.

-]

The simulation of the passive snalog Isdder filter using integrstors haa
been described by [Gir70]. It is cslled the active ladder or LeapFrog (LF)
synthesis. The internsl workings of the anslog prototype ars described by
the integrsl eguations relating the voltages and the currenta of the
cspacitances snd the inductances:

{SCk-UCk m Iox = Inge-1- TLke D)

3.2
sLy-ILx = Upx = Ugx-1)- Uctkst) 62

The equations are slightly differant for the first and the lsst integrater,
Equation (3.3) represents the state-spsce dascription of the ladder of
figure 3.3:

(sRGC1-Uc

Eg-Uci - RglLz
Uer- U

Ly
s-R"E-RGI]_,z

{ sRaC3Ucy = RalLz - RglLe

3.3
BEL%-RGIM = Ucs-Ucs @3)

LsRccs-ch = Rglis- %Uca
U U,
HE) = 32 = 5o
The state space set of equations (3.3} ia built by a chain of integrators and
the LF feedback loops, as shown in figure 3.4 for the csse Rg= R, = R,

Figurs 3.4 Ladder LF filter.
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The ODLF raglization of the LF etructura ie aimilar to the device of
figure 3.4: the integrators are replaced by UDCa and the coefficients aatting
the integrator gain are realized by RMas.

1 R 1 R 1
RC, Ty RT, T, RT,

Bo 1 . : U,
C E C

Figure 3.5 Laddsr ODLF.

As has already been atated, the greatest power transfer is dona when the
generator and the lond are matched, thie is when Re = Ry.. Nevertheleas, it
appeara thet for an sll-pole laddar this requirement cannot slwaye be
satigfied. Thia ia due to the fact that an equally terminated all-pale ladder
has a maximsl transfer function emplitude of 1/2 and the DC amplituds
aleo is /2. Thia condition that the tranafer function emplitude ie never
greater than ite DC valuae ia met by Beasel, Butterwoarth end odd arder
Chebyshev functions but not by even ordar Chebyahev functiona.

The ladder LF synthesia allowa to realize all-pole lowpaes filtera in a
atraightforward manner. In this caee, all ahunt impedancea of the passive
prototype are capacitences and ell eeriea impedancea are inductances. The
determination of tha element valuea Cx and Lx from the filter poles locua ia
tha most difficult point of the aynthesia. For usuael filter types, tha elament
values can be obtained by filter design programe or found in tables [Saa79).
Thia difficulty is the price to pay for a decreased sensitivity of the generated
filters.

Tha generic cage of ladder filtera awning not only pales but also zeroea is
nat trivial to simulate using active devices. Varions methoda hava been
proposed, hawaver none of them emerged aa a definite solution. It can ba
noted that tha analog ladder prototype owning zeroes ia no mare canonical
in termae of number of elements, ao the active devicae asimulating the analog
ladder aleg will requira mora hardware tban required by the order of the
filter. For the eynthesie of invares Chebyshev ar elliptic (also named Cauer)
filters, a mathod based on the eimulation of a doubly loaded LC lattice two-
port will be preaented hera.

3.3 Active lattice synthesis

Comparad to the laddar, the lattice etructure euffers of a greater
sengitivity in the etopband. Howaver, the lattice ayntheaia allows to realize
tranafar functione owning not only pelea but alea zeroes with the amallest
hardware, aa they are canonical in terma of integratare. In thia aection,
firat the analog lattice ia presented. A realization method ig presented for
biasing the filter aetate variables, in order to eynthesize ODLFa using
unzigned arithmetic. The relation between the lattica branchea and alipaas
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filters ia eatablished. From thia, the analogy between tha active lattica and
tha Lattice Wave Digital Filter (LWDF) atructora ia presented. This analogy
allowa to apecify a doubly complementary tranafer funection for the activa
lattice.

3.8.1 Activa Inttice

The ayntheaia of a canonical activa filtar atructure from an analog
paszive lattica two-port iz performed in a atraightforward manner.

Lattica filtera, auch as the one depicted in figura 3.6, ara aeldom nsed aa
analog devicea becausa they requira the two impedancea Z; and Zj, to ba
replicatad in the mirror branches. Becausa of this, the number of elements
ia twice aa larga aa the ona of a canonical atructora and the filtera ara very
sensaitive to a miamatch between theaa mirror impedancea,

R I] 1« zn I2
Zp L
Eg U, 7 U, R
b
0 7

Figure 3.6 Symmetrical {attice.

Active filters can achieva tha aimulation of an analog paaaiva
aymmetrical LC lattice terminated in equal resiatancea while remaining
canonie in regard to the number of elementa. For doing ao, they taka
advantaga of tha aymmetriea inaida tha filter. Indeed, in tha two-port of
figure 3.6, the voltagez and tha curranta aasociated to tha mirror
impedances ara identical.

Furthermora, tha voltagea and tha corrantz aasociated to tha
impedancez Z, and Zy are indapendent of each other. Thia fact allowa to
realiza an equivalent network made out two anbnets. Indeed, aa tha voltages
on the impedances Z, and Z, are independent of each other, ona can replaca
Zy, in figure 3.6 by an open circuit to obtain tha aubnet correaponding to Z,.
Tha aama mechaniam can be nzed for tha subnet correaponding to Zy. Tha
lattica filter output ia tha differenca between tha voltages on Z, and Zy, aa
¢can ba zeen in figura 3.6, Tha network equivalent to tha lattica ia
repreaented in figure 3.7.
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Figure 3.7 Decomposition of ths symmetrical lattics into two branches.

In thia way, the lattica filter simulation can ba realized by two identical
generatora aach loadad by one of the impedances and a comparator
providing tha filter ontpnt, aa rapreaanted in fignra 3.7. Each ranistiva
ganerator and ita load impedanca ia dasignated aa a branch.

The tranafar functiona associated to the branchea ara written aa

2U z
Hoo) = B = 4R
U, % (3.4)

Hb(a)'—EE'm

and tha overall filtar tranafer function is obtained from differenca of tha
partia] transfer functione

He) = %%3  Hye)- Ha(e) @5)

The realization of the filter as tha parallel connection of two blocke leads to
the apparition of zeraes in the transfer function. Tha factor 2 in equation
(3.5) haa been inserted for reasons of normalization: tha maximal voltage
on tha load of an LC network terminated in aqual resistances ia one half of
tha inpnt.

The Canerl realization of the impedances Z, and Zy, provides a circuit in
tha form of a ladder [Tem77]. A corrasponding branch ia ahown in figura
3.8. It correaponds to a aingly loaded ladder. The activa filter realization of
tha branch will correspond to tha LF chain of integratora of figura 3.4 whera
the feedback link, correaponding to tha load resietor, on the laat integrator
of ths chain ie removed.
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Figure 3.8 Realization of one branch.

If tha Cauerl realization atarts with a capacitanca, tha output of tha
branch (tha veltaga ou tha impedanca) is equal to tha veltaga on tha first
capacitor Ca1. Thia is actnally a filter atata variabla; it correaponds to ths
output of the first integrator of the chain.

3.92 Active filter with positiva variables

In order to work with unaigned srithmotic ingida tha ODLF, tna atate
variablea of tha activa filtar muat ramain pesitiva.

If tha branch of figura 3.8 ia biaged with a poaitiva conatant input Uy, the
voltagea on tha capacitances will have the aama biaa but ths currents in tha
inductancea will all ba zero. In thia caae, a variation of tha input could
cauaa these currents to becoma negativa. To avoid thia, a biaa current ia
forced in tha inductances by a current acurca I, aa ahown in figura 3.9, For
an even order branch, a voltaga bias R, is applied on the capacitancea,

R La2
Y
C C
pl n3 In
\J/ 2U,
U s

° R La2

LYY

=L ()mo

Figure 3.9 Lattios filter with positive stats variebles.

In tha activa filter, tha biaa js aimulated by a conatant valua at the
negative input of the last integrator of tha chain.
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The active filter simnlating the enelog equally termineted passive LC
symmetrical Iattice is realized by two branches end subtrecter comparing
the outputa of the branches. Each branch consists of a LF chain simulating
a pingly terminated ledder.

1 R 1
RE, T, m"lﬁ G,
Eq
1 R
R 1, | I 2U,
2U, I+
| R,

PFigure 3.10  Active lattics filter.

The ODLF corresponding te the active lattice of figure 3.12 is represented

in figure 3.11.
Re,, o I'A'C..

:

ey
]

|+ |
g
vn

Figure 3.11 Lattice GDLP.

The lJettica ODLF of figura 3.1} is of eeme order ¢s the ledder ODLF of
figure 3.5, but this structura can implement trensfer functions with
smaller trensition bends by o proper plecement of the zeroes it posseases.
In the paseband, the sensitivity of the ectiva lattica ia comparabla to the ona
of the active ladder. In the stopbend however, the sensitivity of the active
lattica ia much greater.

3.3.3 Allpass active filter

One brench of the activa lattica filter can aerve to realize an ¢llpess
function. The interest of thia ia twofold: this propriety cen serve to realize
phase equalizers and the relation between a lattice branch and an allpass
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filter allows to detarmine a relation between active lattica filters and
LWDFs.

Allpaas filters sre widely used in signal processing. They sllow a
modular spproach to filter synthesis. A filter can be realized by the cascade
of two davices: tha first ons satisfies only the amplitude requirementa of the
filter snd the second one, an allpses filter, matches the phses responsa of
the syetem to ths filter requirements.

An slipace filter can be reslized s a lattica filter whers Zq-Zp = R
[Tem77). Howevar, the structure propeeed hara nses a singls branch of the
active lattics filter. This carrespondas to a singly loadad 1adder filter snd is a
subclaas of tha orthonormal ladder filters presented by [Joh89). It presenta
the advantagse to remain an allpass filter independantly of coefficient
changes.

The zeroea of an sllpssas filter are tha apposites of ita poles. Becanse of
this, the coefficients of the numerator N(s) of the transfer function H(s) of
an sllpass filter are equsl to ths correspending coefficients of tha
denominator D{s} except for sign raversals: the coefficienta of tha odd
powera of 2 of the numerstor ara the opposites of ths coefficionta of the odd
powers of 2 of tha denominator. Thie propriety can bs written as:

N(s) D(-s) Dafe) - Do(2)
H®) = Dig) = Dl = Dele) + Dol®) 3.6

whers Dy(s) and Dy(e) are respsctivaly the even and the odd psrt of D(s).
Equatijon (3.6) can b rewritten as;

Dy(s) .
HO = pad— @m
DJE) +1

Tha quatient Da(g) / Do(s) corresponda to sn LC impadanca: the
numerator is even, the denominator is odd and the degrees of the
numerator and of the denominator differ by onse. This impedance Z,
normslized to a registance R, can ba written as:

Dy(s)

z - R 'Do(a) (3-8)
ga equstion (3.7) becomes
Hg) = zz;% (3.9)

Thia tranafar function ia obtained by taking tha differenca between the
filter input Eq and the double of tha firet state variable, as can be seen from
figurs 3.12.
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b) branch starting with an inductance

Figure 3.12 Allpass filtar.

A change in ona of tha filter coefficienta correaponds to a changa in the
elemeant values thue generating a differant impedanes than the expected
one. Still the system tranafer function, given by equation (3.9) remaina an
allpaes function.

3.3.4 Relationship to LWDFa

LWDFs show a etructure eimilar to tha one of activa tattice filtera. The
LWDFa output ia mada out of the differenca of two allpass branchee. There
is a ona to ona correapondenca between the tranafer functiona of the
branches of tha LWDFa and of the active latticea filters.

LWDFs alao eimulata a paaaiva analog iattice filter. In a similar way aa
tha ona deacribed above, tha lattice ia aplit into two branchee and tha output
ia mada up by the compariaan of the two branchee [Fet86). For tha LWDFa,
tha tranefer function of tha individnal branchea ia given by

gal-¥) _ Za-R
ga(¥) Zy+R
gnl-y) o Zy-R
gu(y)  Do+R

whera v ia given by ¥ = (z-1) 7 (z+1) and ia thne cloaely reloted to the
variahle a. Tha tranafer functiona of the individual branches are of allpass
type and correspond to tha allpaes filter described by equation (3.9). Tha

Saly) =
{3.12)

Sply) =
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ovarall filter tranafer function is made out of the diffarencs of tha tranafer
functiona of the branches:

-5
H(y) = Saily) = S"“"—g“‘—“”

Tha compariaon of eguations {3.4), (3.5) and (3.12), (3.13) puta forth tha
similarity of the two approaches. Tha relation betwean tha two approaches

ia given by tha relation between tha tranafer functiona of tha two types of
branches:

(3.13)

Z. Sa+1
Hy = Z+R = 2 (3.14)

Tha tranafer functiona of tha two typea of branchea diffar by an
additional censtant term and a factor of two. Tha compariaon of tha two
branches cancela out ths conatant and tha factor of two ia found in tha
LWDF tronafer function, equation (3.13), ao that fortunately both overall
tranafer functiona ara identical.

Tha design of an activa lattica can take advantaga of thia relationehip. To
determina tha tranafar functions of the branchea, the active lattice deaigner
can uaa algorithma daveloped for LWDFa auch aa [Gaz85] and obtain tha
deaired active lattica functiona uaing eqnation (3.14). Additionally, a
complementary tranafer function ia obtained for activa lattica filtars in tha
sama way aa for LWDFa.

3.3.6 Doubly complementary transfar functions

The activa lattica atructurs allowa to directly obtain a complamantary
filter output. Thie faature allowa tha design of a highpaaa filter from a
lowpasa referenca protoiype as well as tha realization of bandaplit filtera.

Two filters ara commonly aaid to be a complemantary pair if the
paaaband of ona matchea the atopband of tha ether and vice veraa [MitB5].
Complementary filters are uaed to aeparata tha information of a aignal
from different frequency banda.

Tha two filtera ara aaid to ba allpasa complementary if their tranafer
functiona H{jw) and H{jw) aatisfy tha following condition:

| Hjw) + HGo) | = 1 (3.15)

This condition indicatea that it ia poasibla to reconstruct the original signal
from tha complementary filter ontputs except for a phasa diatortion.

Square magnituda complementary filters ara definad by
I HGe) 12+ 1 Hiw) 12 = 1 (3.16)

which meana that tha enargy of tha original signal ia separated into tha two
complementary outputa.
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The two filters are asid to be doubly complementary if both conditions ara
met. LWDFa offer an efficient and natural implementation of doubly
complementary filters aa a parellel connection of two allpass branchee.

In a eimilar way, the output of the active lattice filter i given by the
comperieon of two branches, as epecified by equation (3.5):

H(e) = Hyfle)- Hela) (3.17)
and the doubly complementary filter transfer function la given hy
H(e} = 1-Hyle)- Hyle) (3.18)

As it is the cage for LWDFg, the generation of the donbly complementery
output requiree a very emall amonnt of overhead. The complementary
output can be uaeed for the design of a highpase filter. Indeed, a lowpaee
filter can be deeigned inetead and the complementary output realizee the
highpaes function.

The synthesia procedure of a lattice ODLF is eimiler to the one ueed far a
LWDF. Tbe tranefer function poles are diatributed among the lattice
branchea. The reactance functione Zy and Z, are derived from the valnes of
the polee of their branch. The filter output ie then realized by the
comparieon of the two branchee. So far, no care hae baen taken about the
tranefer function zeroes. As a matter of fact, the lattice design does nat
provide any etraightforward poasibility to decide of the locationa of the
zeroee. The zeroee of the averall tranefer function arise from the parallel
connection of the two branches and are a function of the veluee of the poles.
As euch, lattice filtere are limited to a restricted aet of filter typee.
Fortunately, moet emplitude approximation functione, euch ee elliptic,
Chebyshev and Butterwortb, are reglizable with thie syntheala procedure.

One furtber reetriction ie that lowpaaa and highpass trenefer functions
can only be realized with odd order filtere whereae bandpass and handetop
(aleo called notch) filtere are limited to even order devices. Thie can ba
understood by the examination of the phasa reaponee of an even and of an
odd allpaee LWDF branch.

The hlgher esneitivity of the active lattice in the etopband prone for the
nse of high order devices in the caee of eharp cutoff or tight passband
apecificationa. Analyeie allowe to determine the tranefer function deviation
in the stopbend due to signal quentizaetion and to chooee the overeampling
ratio and the number of hite required for the countera.
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4 Analysis

Tha analyais of the tranafer function deviation snd of the scsling of the
signels inside ODLFs ia realized with the help of the atate-space description
of the filter.

The stste-space mstrices of the ladder and the lattice filters are provided
for the cese of a fifth order filter. Dus to the regularity of tha atructures, the
general form of the atate-spaca matrices ara derived by analogy.

The quantization of the filter coefficients leads to e dsterministic
distortion of ths transfer function. Tha state-spaca deacription anablea to
estimste the transfer function of the filter with quantized coefficienta.
Furthermore, the stete-spsce matrices csn be used to exsmins ths
sensitivity of the transfer function to coefficient velues.

The quentization of the filter variablea ia analyzed for 1arge acsle snd
amsl| scala effects. Largs scals quantization errora ariae from overflow and
ars avoided by proper signal ecaling. Smell scale quantization errors reanlt
in a diatortion of the transfer function.
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4.1 State-space description

The state-space description has been mainly developed for control
theaory. This description does not only comprise the informstion relative to
the transfer function of a device, it alsa scopes tha internal warkings of tha
system. The state-space description of a system describes thres types of
aignals:

- inputs, which ara ordared in a column vector X(s),

- stats variables, a set of intarnal signals, ordered in a vector W(s),

- outputs, which ars ordered in a column vector ¥(s),

The description of & timae-continuous systam ig given in the Laplace
domain by equations (4.1) and presented graphically in figurs 4.1.

8Wi(s) o A-W(s)+ B-X(s)

Y(a) = C-W(s) + D-X(s) 4.1)
w
A y
C -t
B =
D
X

Figure 4.1 State-space description.

The poles of the system ars the eigenvalues of tha matrix A. Tha zeroes
depend on all state matrices. In tha casa of a Singla Input Singls Output
(SISO) filter of order n, the sizes of the vectors are the following:

- X(s) contains only ona element and will be written as X(s),

= Wi(g) containa n elements,

= Y(a) contains only cna element and will ba written as Y(s).
Conaequently:

- Ais a n by n matrix,

- Bis an element column vector,

- Cisan element row vector,

- Dis 8 scalar.
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1f not explicitly specified, the filter etate-space analysia will be presented
for SIS0 syetems. The derived repulta can be extended to the Multiple Input
Multiple Ountput (MIMO) case, only the formulation ie much more
cumbersoms.

At present, the etate-spsce matrices A, B, C, D of the ODLFs simulating
the analog passive ladder and lattice filters will be determined.

4.2 Ladder and lattice state-space matrices

The atate-space matricea are derived here for the more general case of
Integrator based active filters. The ODLFa are considered as an active filtar
aubclasa where the integrators are realiread by UDCa and the integrator
gains are sst by RMs.

4.2.1 Ladder active filter

The state-apace description of en active filter eimulating san analeg
passive ladder filter terminated in equal resistances R can be obtained from
aquations (3.3) in the particular case of a 5th grder device. They can be
rewritten in a matrix form aa:

Uer <1-¢g 0 0 0 (ch\ (N
RiLa ez 0-c20 0 || RILz 0
gl Uca =] O c3 ¢ c3 O Ucs 1+} 0 |Ee
RIpy 0 0 cg 0-c4 || RILg 0
Ucs 0 0 0 c5-cs \Uca) 0
FUet \ 4.2)
Rlp2
Up= (00001) Ua |+ 0-.Eg
Rlp4
\Ucs /

where cx is either URCy or Ry,

The atate-spaca matricee are easily obtainad by the comparison of
equationa (4.1) and (4.2). The matrices are given for tha particular case of a
Bth order device but their general form can be derived by analogy.

Thae state variables have been chosen as the currents in the inductences,
multiplied by the valua of the termination resiatances, RIpx, and the
voltagee on the capacitancea, Ugy. For the ODLF, thia definea the atate
variablea to ba the RM outputs. Alternately, the atate variables could ba
defined ae the relative valuea of tha currente and voltages to the
corregponding element values, 1p)x/Ly and Ugx/Cx. This would lead to
different coefficients in tha atate-apace matricea and wonld canse the UDC
outputs to be the ODLF state variablea. Important to notica is that the state
variables are not the only internal filter aignala but there exist also
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auxiliary varizbles used to build the etate variables. Thess aignale alag have
to ba taken into account for the aignal quantization analyaia.

4.2.2 Lattice active filter

The state-space description of the active lattice filter of figurs 3.11 is
given by equatione (4.3). Two outputs are provided: the lattics filter direct
output and ths doubly complemsntary output.

Cal ¢al-¢al 0 O QO Cal \ Cal
RlLa2 ca2 0 -ca2 0 0 || Rlpqez 0
8| Uca3 |a] 0 cy3 0 0 O Ucaz |+] 0 |Eg
Ucnt 0 0 0 -g1-a1 || Yom %1
Rlppe 0 0 0 g9 O Rlpwz / 0

(4.3)

Cal \

Rl

2V, 10010 Um

2Ty |~ [-100-10) Cad f+ |, B0
Ucni
RILyz /

whers cx i aither IYRCx or R/Ly.

Hera apgain, the otata-space mstrices are easily obtzined by the
comparison of equstions (4.1) and (4.3). The matrices are given for the
particular cass of 8 5ib order device but their general form can also be
derived by anslogy.

4.3 Quantization of the coefficients

Analysis of coefficient quantization allows tha filter designer to find an
optimsl coefficient set in order to minimiza the filter hardwara.

4.3.1 Altaration of the transfer function due to coefficient quantization

The quantization of the filter coefficienta leads to a detsrminste
modification of the tranafer function. Tha examination of tha disturbance
dus to coefficient guantization requirea an slgorithm to evaluata the
tranafer function from the filter coefficients. Tha algorithm used hers is to
build np the state-space matrices with ths coefficient sat and to usa ths
state-space theory to evaluste the transfer function.

The coefficienta ars only quantized oncs: during ths design proceaa.
Hence, the effect of coefficient quantization is to disturb the transfer
function from its ideal form, usually in an invarisbia manner [JacB7]. A
case where coefficient quantization lesda to s signsl dependent alteration of
the filter response is distributed arithmetic [Kam77]. The transfer function
of the filter with quantized coefficients can be obtained from tha etate-space
matriced. Thia transfer function i8 compared to the filter apecifications.
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The transfer function of the state-epace syetem is shown [Sch69] to be:
He) = CGl-A'B+D (4.4)
whera 1 ia the identity matrix.

Coefficient quentization is en optimization tesk and ia thue done by
recursive methods. The coefficienta are set to some quantized values, as for
example the rounded value of their binary representation. From these, the
stste-spsce matrices are built and the tranefer function is evalusted. If the
filter specificationa are met, the eet of coefficients is regarded as one
poasible solution. The eearch process ie repeated in order to find an optimal
eolution in terms of hardware.

The ODLF cosfficienta are pulee ratea. A practicel realization method is
to generate them from a common reference frequency. Because of this,
optimization ie concerned of finding a set of coefficients which sre moat
easily derived from the reference frequency. The search will be oriented to
obtain a eet of common dividers of @ eeme value or at least of fractional
parts of a same value. Aleo of great intereet ia to obtain identical
coefficienta. The moat direct approach is to genersts the ODLF coefficiente
using RMe clocked by the seme reference frequency. In this case, the
coefficients are rounded to the neereat value of their binary representation
and fed to the hit-parallel RM inputs. However, algorithme like simulated
annealing or aven, in the case of low order filters, trial and error can lead to
far more economical solutiona. Interesting to point out is that the
optimization i» meant to reduce the hardware ueed for the generation of the
coefficients and not the hardwarae of the filter itself, as it ie generally the
caea for digital filtera.

4.3.2 Sensitivity of the transfer function to coefficient values

The estimation of the sensitivity of the transfer function is & valuable tool
for the comparison of filter etructures. The atate-spsce deecription also
provides algorithms for the evaluation of the sensitivity.

The most common measure of the sensitivity of the tranefer function
H{o) to the value of the coefficient c, called clessical pensitivity, is defined by:

Hia) dH(s) ¢ olln Hée)}
S ® "9c H(@ ™ dnc) (45)

This correaponda to a relative tolerance meagure: it indicates how a relative
change de/c in the coefficient leads to a relative change dH/H in the tranefer
function.

For SISO aystems, the partial derivetive of aquation (£.5) can be obtained
from the atate-epace matricee aa presented in [Sne86). For thia, two dual
sets of intermediate tranafer functione have to be defined. The firat eet
containe the tranefer functione from the filter inpnt to the integrator
outputs and are referred ae the signal gains.

F(s} = '%% a (GI-A).IB (4.6)
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The aecond aet containg the tranefer functiona from tha integrator inputs to
the filter output and are referred as tha noiae gaina.

G(s) » C(sl-Ay! 4.7
From theaa function, the partial derivative of the tranafer fanction with
respect to tha matrices coefficients ia given by

( dH{(a)
dA;; Gile) Fi(e)

H
aa];?) = Gila)

{4.8)
ag,{éf) = Fj(a)
gH(a) 1
\ oD *°

The sensitivity of a given atructure to variations of ita coefficienta can he
estimated by the atandard deviation in the trenafer function for atsndard
deviationa of 1 percent of the nominal component valuea [Joh89].

172

dIH(jm)!

olHGw| = oo1 [ 2z ——a%ﬂ—cﬂ (4.9)
c=AUBiCi

In the paassband, the tranefer function deviation ia meaaurad as the

relative velua of the expected tranafer function to the ideel reaponsa. It ia
given in dB (Joh89] by

| HGa |
zﬂ)_.) 410

| H(jw)!

In the etopband, an expressive deviation measurs ia the expected
trenafer function, thia is the aum of the ideal tranafer function and tha
devietion. It is given in dB [Joh89] by

How) = 20l0g10 ($HGo) + 0 | HGo) | ) @11

Dw) = 20-]0310{14-

The aensitivity meaanres are of greeter importance in the analeg than
in tha digital domain becanaa of tha veriatione of the slemant valuea with
temperature or beceuaa of aging. For digital filters, thaae meaaurea provide
an indication about tha aeneitivity of the atructnrea to tha amell acala
¢uentization of the variables, aa thia quentization nanelly takee placa in the
multipliars.

4 .4 Quantization of the internal variables

Tha analysia of the quantization of the signala insida a digital filter ia
meaningful for tha designer to ensure stability and tha reqnired SNR of the
device. Stobility is enaured by a proper ecaling of tha aignala to pravent from
large acale quantization elfecta whilst the SNR is determined by the amall
ecale quantization effects.
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As oppoeed to coefficient quantizetion, the quentization of the eignele
inside e filter is no more determinietic. Strictly epeeking, the reenlting
eyetem ia no more linear [Jac87).

The effect of eignel quentizetion ie modeled ae linear perturbetione by
edditive quantizetion noise: a quentization error e je edded to the signal x
producing the quantized signel x;. An exemple of quentizetion lew with
eaturetion ie ¢hown in figure 4.2 b). As cen be geen in figure 4.2 c), two
main regione of operation can be defined: the guesi-lineer operetion region
end the overflow region [Cla84].

o — -

8) quantization mode]

]

b) guentization law

‘e

N\ ,
TN

overflow quasi-linear overflow
operation

¢) quantimtion error

Figure 4.2 Modesling of signal quantization.



page 44 Analysia

The topic of the qusntization of the filter internsl variables is thus
separsted into two fields: quantization range which deals with overflow,
and quantizstion step which analyses thse SNR in the quasi-linear operstion
region.

Inside the ODLFs, ths two specific situations occur at differant Jocations:
overflow might srias at the output of the UDCs whilat quantizstion is
heppens inside the RMs. Tha quantization model looka somewhst like ths
ons described in figura 4.2, but with specific attributes:

- 'Tha overflow characteriatic is dus to ths saturation of the UDCs and
is identical to ths one presented in figure 4.2. Alike most adders or
accumulators of usual Infinite Impulse Reaponss (ITR) digital
filters, the UDCs ars not a source of small scale quantization errors.

- Since the RM coefficient values sra smaller than unity, this kind of
operator can never be the source of overflow. Yet tha amsll scale
qusntization errors ariss inside ths RMs, as it is the case for
multipliera in digitsl filters. In the quaasi-linear operation region, the
qusntizetion law cannot be described in a deterministic manner as in
figure 4.2 b). Indeed, because of the dithering, the quantization error
of 8 RM can bs differsnt for input ssmplea of same amplitnde st
differant times. The quantization error of the RMs has baen dsacribed
in chapter 2, psragraph.2.2.3.

4.4.1 Quantization ranga

The anslyais of 1args acale quantization effects requires an sstimation of
the rangs the aignals inside the filter will nee. Thres estimsators ars
prasented heresfter.

Overflow occurs when the signal grows lsrger than ths msaximum
quantizstion value. Overflow of internal variablea produces errora of sams
order of magnitnds as the Most Significant Bit (MSB) of the digit holding the
variables and causes large damegs to the filter outpnt. Its effacta can be
sltered by inflnencing the overflow chsracteristic. The most common
overflow chsracteristic is saturation arithmetic as presented in figurs 4.2,

In order to prevent overflow, tha designer needs to estimate the dynamic
rangs of the internsl filter varisbles. The choice of a measure for the
magnituds of the signal

Wi(s) =~ Hy(s)-X(a) {4.12)

where Hy(a) is the transfer function from the input to the internal varisbls
wg, depends strongly on the filter applicstion and in particular on what is
known about ths input signal x(a) [Sne86). Based nupon the a-priori spectral
chsracteristics of ths input, thres figurea can bs uaed to determine the
amplituda range of the internal variabla wy:

o Wkl tha peaking in tha frequency responae from X to Wy,

- (Whlls: the Root Mean Square (RMS) smplituds of Wy,

- Wyl the maximal bound for the amplitude of W),.
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Theae eatimations correapond reapectively to the L.. norm, the Lg narm
and the Ly norm commonly uaed in digital aignal processing. Dus to
eaturation end alew-rate limiting of the active integretora, the L.. and the
Ly norm have elso been adopted in anelog signal procesaing [Sne86].

If the filter input ia known to coneiet maeinly of e einuecid of peek
amplitude %mae, the peaking [Wy|l.. in the frequency response from the
input to the internel variable Wy providee e natural eatimetion of the aignal
range.

Wille = Xmax - max(I Hx(H1) (4.13)

Thia figure ic easy to evaluate using the atate-epace epproach. The tranafer
functione from the input to all atate variables is obtained from equetion (4.4)
by replacing € with an identity matrix and D with a zero vector.

Assuming thet the input power epectrum ia white with deneity x",’,,,,,,
the RMS emplitude |[Wyllz corresponds to the aguere root of the power
tranamitted to the internal varieble wy. Thia value can be eatimated in the
frequency or in the time domain dus to the identity of Paraeval.

- 12 - 12
Wyllz = Xmax ]IHk(f)lzdf} xmu[ Jhkz(t) dt} (4.14)

where hy(t) ia the impulae responae of the trenafer function Hx(e) from the
input to the internal varieble wy.

The maximal bound |[Wy|l; for the amplitude of the internel varieble wy
jo a eufficient and neceeaery condition to preclude overflow [Jac87}. 1t
corresponds to tha maximal possible valua of the convolution between the
atep responsas and the filter input.

Wi = [ Xmex Ihx(t)) dt (4.15)

However, this estimation ie very pessimistic about the performances of the
syetem. The choice of thia figure to set the number of hita of the verisbles ar
the overaampling ratio ia overly conaervative and leeds to the aeacrifice of
available dynamic range.

In the ODLFa, the locations where overflow cen occur ere the UDCa.
These variablea are proportional to the state-apace variablea by a factor of
Ll/cx. The tranafer function Hy(a) ia cbteined from equation (4.4) where the
meatrix C is e row vectar where only the k'h element ia non-zero end equal to
1/cy, and whers tbe matrix D is the acalar 0.

An efficient way to determine the L, norm for eingly terminsted 1sdder
Btate variablea, which are represented in the ODLFa by the RM outputs, is
provided in [Joh89].

Willz = \fxl., N (4.16)
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where Xy is the reactance (inductance Ly or capacitancs Cy) of the ledder
element. Thia allowa a straightforward determination of the L nerm from
the ODLF coefficients. This evaluation cen evidently be ueed for the ladder
branchee of the lattice filter reelization. The a-priori knowledge of the La
norm could be need to scale the ODLF cosfficients to have a maximum
norm of 1, which meena a maximal coefficient of 1/t. However, this leads to
ths limitation of the RM outputs to one third of their possible range and
anyway thie acaling has no effect a on the L. norm which depends on the
relstive value of the elements. Scaling the coefficiente to heve a maximal
value of 1 ellows a meximal range end gives the maximal Ly norm
of Ve 1.77.

The estimation of the signal rangea of each internal signal allows the
designer to determine the amplitude they require for a proper operation of
the filter. Converaely, the internal filter aignals can be aceled to make a
maximal nee of their dynemic range.

4.4.2 Signal scaling

In order to maximelly sxploit the renge they ars attributed, signals have
to bs scaled. In the case of ODLFa, the acaling of the UDC cutputs ia done by
adding LSBa to ths counter. This provides en automatic acaling of the RM
outpute aa a proper sceling of the UDCs resnlts in conetraining the RM
coefficienta in the renge (1/2, 1].

The expected amplitude of the internal eignals ia provided by the
L nerme together with the amplitude of the filter input. So from the
L norma, the relotive ranges of input signal end ths internel signsls are
defined. The aapect of the acaling will be examined firet for the system state
variablea and then for the auxiliary signala used to build the etate veriebles.

Scaling the etate verieblea of a ayatem ia done by multiplying the etots
vector by a diagenel trenaformation matrix T. The etate-space deecription
becomes

a-TW(a) = TAT .TW(e) + TB-X(s)
Y(e) = CT1TW(e)+ D-X(e)

So if tha etate verieble wy ie acaled up by a factor of twoe, the kth alen‘:lent of
W) ie multiplied by twe, tha kth row of A end B ere multiplied by twe and
the kth column of A and C are divided by two.

For ODLFs, thie means thet if one RM coefficient is amaller then ons
half, it cen be doubled. In thia case, T is an identity matrix with one
diegenel element equal to 2. With the traneformation, a row of A ia
multiplied by two and the corresponding column of A hasg ie divided by two,
which meana that the RM pulee rate has to be divided by two befere each
UDCa it ia fed into. Alao the relationa between the UDC-RM pair to the input
and to the output have to be updated. Nevertheless, thia sceling of the atata
variables does not bring any SNR enhancement: tha RM outputas can use a

(4.17)
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larger dynamic renge but the UDC inpute remain the eame as in the
originel ODLF.

On the other hend, the sceling of the UDC outpute can improve the
ODLF performencee. The eceling of en UDC output ie achiaved by
multiplying ita inputs by e given velue end by dividing ite output by the
seme factor. Scaling down an UDC output by e factor of two cen be realized
by eppending one Least Significant Bit (LSB) to the UDC and by multiplying
the eeeocieted RM coefficient by two. As the maximal value for an ODLF
coefficient ia 1, the number of bita of the UDCs cen be enlerged until the
corresponding RM coefficient ia greater then 1/2.

Thie ecaling by a power of twa necessitetea little hardwere overheaed end
causea the L norma of the UDC outpute to be of eame order of magnitude ae
the onea of the RMe. Aa the emplitude of ell ODLF internel signele heve
been normelized to the intervel [0, 1], the L norma are used to determine the
allowed range for the input in order to preclude overflow.

4.4.3 Quantization step

The anelysia of the quantizetion of the filter variebles ia done to estimata
the deviation of the tranefer function. The stete epece deecription allowa to
incorpereta the quentizetion noige sources in the syatem deecription and to
compate the power of the input to the total power of the noiee sources at the
filter output.

The quentizetion etep determinesa the power of the quantizetion error.
Quantizetion ie modeled ae & etetionery rendom noiee aource [Cla84]. Thie
noiee ia propegeted through the filter ee well e the aignel. Under the
aepumption thet all noiee eourcee ere uncorrelated with each othar or with
the internel filter varieblee, the noice cen be considered e o probabilistic
proceaa. The noiee power and the noiee tranefer function to the output are
used to to eetimate the globel filter SNR.

In the etete-epace deacription, quentization ie formuleted by the
adjunction of new entrise in the input vector X et each place in the filter
where quentization eppeere. The eyetem ie then coneidered as lineer
again. The trenefer functions of all noiea sourcee to the filter output cen be
determined according to equetion (4.4) end the effecta of all theee sourcea
have to be superpoeed in order to estimate tha total noise power epectrum at
the filter output and, frem thie, the filter SNR.

In the ODLF4, quantization ie done in the RMa, thie ie at the location of
the etate varieblae. The quantizetion mode has been preeented in chapter 2
where the amplitude of the noiee signesle ie given by equation (2.11) or in dB
by equation {(2.12). The etate-epece equetion eet hecomes:

X( e)]

(4.18)
Y(2) = C-W(e)+{D C]{E(e)
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So the trenafer functiona from tha quantization noiee sonrces to tha output
ara given by:

B - CEAALC = GEA+C 419)

The superposition of the effects of all noiea sources ie realized by
maultiplying the tranafer functions by the amplituds of the noiee eources
{which ars the inverses of the overesmpling ratio} and by summing the
ahsolute values of these functione. The minime) amplitnda of tha tranefar
function in the passband ie estimated hy snbtracting the deviation to the
ideal transafer function. Convarsaly, tha maximal amplituds of the transfer
function in tha stopband is estimated by adding the deviation to the ideal
tranafar function.

The etatistical analysis of quantization noise wae bhased on ths
assumption of uncorrelated noiss sources. For most data eignsla, with
sufficient amplitude and epectral content, thie assnmption is valid and
experimental noiee epectra closely match the predictions [Jec87). However,
the error signals can happen to be correlated with each other and with the
input eignal. Thie affecta the validity of the white noisa model and results in
error signals of larger snargy then predicted in some frequency bands. It
can avan giva riee to autonomous parasitic oacillations aleo called amall
scals limit cycles insida the filter [C1aB4). The analysia of the exietenca of
limit cycles and evantuslly of ths bounds of thair valuss ie not
atraightforward. Thara do not sxiast fully rsliable slgerithma for tha
snumeration of tha limit cyclea in a givan filter and the worst cass bonnds
are quite pessimistic about ths filter performances.

In raview, the state-spacs deacription ehows to bs a worthy approach for
digital filter analysia. The analysis passes through tha following stsps:

- Firat, the filter coefficients ara quantized in order to reducs the filter
hardware. Tha quantized valuee ara inserted in tha state-apaca
matrices and tha transfer function ie chacked to satiefy tha filter
specifications. This is repsatad until an optimal coefficient eet is
found.

- Then, tha dynamic ranga of tha intarnal filter variables ia estimatad.
This ia used to determina tha maximal amplituds of the filter input
or, reciprocally, tha axtra rangs of tha internal variables of tha filter
compared to the input. Tha internal signals can eventually ba acaled
for optimal filter performanca.

- Laat, tha combined effects of quantization noiss ars evaluated in
order to determina the number of bita or the oversampling ratio
required for the filter internal variables to achisvs a apecified SNR.

Ths proposad algorithms are ganeral enough to enable the analysia of
any other integrator based filter structures. Indeed, tha anslysis method is
tho aama for ladder and for lattica active filters, only ths stata-spscs
matrices differ. In thie point of visw, tha cascads of second order aections or
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the direct tranafer function realization could ba analyzad using the aama
algorithma.

As already atated, tha analyaia ia based on reaaonabla assumptions, but
filter aimulation atill ia a necsssary tool for tha varification of tha proper
functioning of ths devics. Simulation, too, meraly raquirea tha atate-apaca
deacription of the filter.

Only when a deaign haa aucceaafully paaaed tha atepa of analysis and
aimulation, it ia maturs for practical electronic realization.
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5 Realization

Tha aimplicity of the ODLF oparatora makea thia kind of filter an
intereating candidata for an Application Specific Integrated Circuit (ASIC)
realization. Tha present work will focua on the full custom Complementary
Metal-Oxyde-Semiconductor (CMOS) integrated circuit realization. The
appreach atarta from the high-level ayatem requirements. In addition, tha
CMOS realization of the frequency divider by 2 ia preaented, as this is tha
basic ODLF building block.

The UDC iz realized aa a set of identical bit slicea and ona control slice.
Tha operator ia aynchroncua to the ayatem clock.

As tha UDC, tha RM ia made out of bit slicea and ona contrel slice.
However, tha RM pulae frequency modulated aignala ara aynchronized to
tha other phaae of tha aystem clock.

Tha bit rate adder ia auch a aimpla oparator that it merely requirea ona
bit alics.

Tha VLSI implementation of tha alicea haa been realized using a 1.6 pm
gata CMOS technology.
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5.1 System considerations
6.1.1 Syetem timing

Two major timing echemea sre generally ueed for VLSI eircuits,
nemely eynchronous eyetems snd eelf-timed eyeateme [Mee80].
Synchronous syeteme are controlled by e maeter clock the periad of which
determinea the deley granted to the logice] blacke to generste the next
output from the present input. In sslf-timed eyetems, eech element waits
for en initietion commeand (receives e requeet), executea its teak and then
aignels the completion of it (sende on acknowledge). The eynchronous
system clocking ia besat anited for the ODLF realizetion. Indeed, the
implementaticn of a eel-timed ayatem requires a hardware overhead in
contradiction to the eimplicity of the ODLF Moreover, the coefficient
generetion and thus the changes of the internel eignele ere eynchronized to
a eampling clock.

Aa e digital filter, the ODLF can be realized pe a finite oteta (Moore)
machine. A safe clocking echeme requiree at leset iwo pheees {MeaB0)]. The
corresponding block disgram together with the clock pheees ere shown in
figure 5.1. The ewitchee are closed when the control signel ie high. Ths two
clock pheeea are referred ae clkl and clk2. They ars not overlapping, this
meens that the switchea are never both cloeed in the same time in order to
cleerly disacciete the preeent end the next atote.

inpute / / outputs
Combinetorial
logic /
4
presgent next
te
ota etata
T—-
ckl clk2

dkl o/~ 9N~ /S
k2 — /7 N

Figure 5.1 ‘Two phass clockad state machine.

An alternate reelizetion of a stete mechine ie to replace the regieter
between the phaee ewitchea with buffered combinatorisl logic, ea presented
in figure 5.2. Thia acheme ia of interest for the realization of ODLFa which
are made out of two basic operator types: the UDCs and the RMa.
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Accordingly, the UDCs are placed in ona logic block and tha RMa in the
other.

inputa outputs
— i Y
Buffered
logic
clkl é-ﬂ—.—. clk2
. Buffered
inputs Jogic outputa
— A

Figure 5.2 Alternats realization of a stats machine,

If the UDCs are placed in the top logic block of figure 5.2, they are
npdated at the rising edge of phase 1. They havs a delay of length of the
phasa pulae to aettle to tbeir new valua. During thia timae, their inputs,
which are RM ontputa, must remain atabla. Similarly, the RM=a sra
refrashed during phase 2. In both logic blocks, the operator outputa ara
regiaterad. Thess timing apecifications ara illuatrated in figure 5.3.

ekl
k2

Figure 5.3 ODLF system timing.

As the RM outpnta, the filter input muat not vary during phaae 1 for the
proper working of the UDCa and the coefficient pulaca muat ba atable
during phaae 2 for the RMa. If tha filter output is read from an UDC, it ia

valid during phaze 2 and if it ie taken from a RM, thia haa to be done during
phage L.

Now that the timning has been defined for tha operators, their practical
realization can ba examined.
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5.1.2 Bit alices

Both the UDC and the RM ars basically made out of a counter. Ths
counter i8 a regular structure and is best implemented as s tet of bit slices.
One individual bit slics stores the vslue of ona hit of the counter and
calculateas the next value of thie bit from the previous valua and from a
carry information. Tha slice also determines a carry output to the next
slice. As the ODLF i3 meant to reqnire as littla ailicon surface as peseibls
and as the counter cutputa are needed ae faet as possible, tha counters will
be implemented with a carry ripple-through logic.

The counter hae been shown to neceecitata less hardwars when reslized
88 an asynchrenous rather than se a synchroncus device [Bot89]. Ths
asynchronons counter is realized by a chsin of dividers by two. In
canseqguence, ths realization of 8 dividsr by two will bs sxsmined first.

5.1.3 Divider by two

In the ODLFs, the MSBa of the counters can happen to remsin without
change for long periods, so the storage of their vslues hss to be
implemented with static logic. Eventually, tha changa from ona gtate to ths
complementary can ba of dynamic type. Thus tha implementstion of tha
divider by two will be examined ueing first stetic logic snd than semi-
dynamic logic.

5.1.9.1 Static divider by ¢

Figurs 5.4 presenta a CMOS race-fres ststic dividsr by two. The dsvice ie
made out of 19 transiatora.

The divider by two provides fiva cutputs. B and C are complementary
outputa of a positive edge triggerad divider by twa. Similsrly, D and E are
complementary outputs of a negstive edge triggered divider by two. A is a
auxiliary variable used to generate B and D.

‘—Edivz

6) frequency divider by two

mg QO >
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Figure 5.4 CMOS race-free static divider by two,

As can ba acen from the timing waveforms, the transitiona of B and D
are derived directly from the input I and the auxiliary variable A whereas
C and E change anly after B and D. Thua, a carry rippla traugh counter will
ba fagter if tha carry functicn ia generated directly from A, B and D.

5.1.3.2 Semi-d ic divider by tw

Tha aemi-dynamic divider by two is derived from the atatic divider by
two. Indeed, soma traneiators of the atatic devica are used to complement
thea atate of a variabla whilet othere only aerve to hold the variabla in a aamae
atate, If tha clock puleas of I ara high only during short intervala, the
transiators waed to hold variablea in a aama atata during this time can be
removed {Ogu74). In the casa of the divider by twe of figure 5.4, thia
procedure enables to remove 6 tranaiatora thua aimplifying the deaigm to 13
transiatora. For means of compariaon, a fully dynamic race-frea divider by
twa requirea 9 tranaistora [Ogu74].
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Figure 5.6 CMOS mea-free semi-dynamic divider by two.

Tha daahed linee in the timing waveforme indicata that the variabla ia
naither driven high nor low by any transiater. Tha variabla ia asaumed to
remain in the aams logic state due to the capacitanes between ita neda and
the ground. The variabls E of the atstie divider by twe waa uaed to keep D in
the high atata during the high statae of tha input I. 1t is no mora necessary
for the aecmi-dynamic davice and haa been removed.

The divider by two of figura 5.5 is dynamic for the high atata of I and
atatic for its ow state. Eventnally, tha aemi-dynamic divider by two conld be
redeaigned in order to bs dynamic for the low atate if I and static for its high
state.
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5.2UDC

The UDC is built np out of a eet of identical bit alices, each containing a
divider by twe, and a contre! slics generating tha command signals for tha
bit slices. The UDC inputa which are the clock phaees clkl and clk2, tha
incrementing command entUp, and tha decrementing command cntDn ara
fed to the control alice which preceasea them and creates tha adequate
eignals for the contro} of the bit alices. Each bit of the UDC ontpnt is
provided by one bit alica.

clkl
clk2 e
cntUp —=1 2
cntDn B

!

enty, cnt‘ cnt
Figure 6.8 UDC slices.

Firat tha bit alices ars determined. As they ara mora numerona than tha
contre} alicas, the surfaca minimization is achieved primarily for them,
eventually at the axpenss of a greater surface in tha control slice.

52.1 UDC bt slices

An asynchronoue counter ia realized by tha caacada of dividera by two. If
the ontput B of tha divideras by two ara considered te ba the bits of tha
counter, the davica ia made to count up if tha complementary autput C ia fed
asa a clock to the next divider by two of the chain. The device connta down
when the direct outpnt B is the rippla carry function which serves as clock
for the next divider by two.

Tha UDC can thus be realized by inserting multiplexers between the
dividars by two. The muMiplexare are governad by a variable inc which
determines the incrementing or dacramenting meds of the counter.
Howavar, tha inputs to the mnltiplexer shonld not ba complementary
functiona becaues the awitching from ona to tha other counld result in a
pules of tha mnltiplaxer output [Bot89]. The multiplexed rippla carry legic ia
given in figura 5.7,
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Figure 5.7 CMOS ripple carry logic

An it ie tha casa for the signala inaida the divider by two, tha output of tha
ripple carry logic ia raca-frea aa far aa tha control signala inc and /inc do
not vary whils cIn ie high. It should also ba noted that tha carry out pulses
ara of sama {and not of doubla) tima extent aa tha carry in pulsea. Thia ia
neceaaary for the uae of aemi-dynamic logic.

Additionally, the UDC muat be checked for overflow and underflow to
ensure proper aaturation behavior. Tha carry output of tha loat slica
provides this information, but unfortunately too late: tha counter output haa
already wrapped around to tha opposita end of the range when tha carry
output is signalled. Accordingly, overflow and underflow have to be checked
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for by an appropriate logic. Underflow happens in decrement mode when
ell bita of tha coaunter ara zero. This can bae checked by avaluating tha logical
OR of ell bits of the connter. Similarly, overflow ia checked by the meens of
the logical AND of all bits of tha counter. Tha NOR and the NAND functiona
each require two trensiatora per bit slice [BotB9]. They realize the underflow
control unf and the complemented overflow control fovf.

As a reenlt, the UDC bit slice is made out of three enbeells: the divider by
two, the ripple carry logic and the underflow-overflow logic

inc .-
fine i B
di ippl
P L oy T
-
fovf <4— ovf "‘l fovf
unf <e—{ nf [ unf

enty
Figure 5.8 UDC bit slice.

The control alice has to prepare the inc and /inc controls for all the alices
ag well ag the carry in pulse for tha LSB slice.

6.2.1 UDC control slice

Thea control alice of a two input UDC receives tha clock signala clkl and
clk2, the increment and decrement commands cntUp and ¢ntDn as well as
the underflow and overflow statuaea unf and /ovf. From these inputs, the
alica has to deriva the glabal contrals inc and /ine for all UDC bit alicea ag
well an the carry in pulse /cIn to the first bit alice realizing the L'SB.

The cntUp input can be redirected directly aa the inc control and
inverted for tha complementary antput. The carry in pulse /cln ia activated
during phase 1, when entUp ia activa whila cntDn and ovf are inactive or
when entDn is active while entUp and unf are inactive.

The ripple carry pulees are of same time extent se tha clock phase 1
aignal. Each pulae is a tima akewed replicate of the one of the preceding
glice. The sum of the delays between the ripple carry pulsea is the main
term setting the minimal periad of phase 1. The rising edge of tha laat pulse
must occur during thia phase. The falling edge of the carry signala
however can and most probably will eccur during phase 2. Ta prevent the
control signals inc and finc to vary during a ripple earry pulse, both are
latched during phase 2. )
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clkl
clk2
entUp | — = inc
cntDn ~1 L Lﬂ p—% finc
InU
fovf — noP
cln
un! InDn

Figure 6.9 UDC controf sfice.

Ths CMOS reslization of the control slica shown in figurs 5.9 requires 36
trangistors. The bit slices with semi-dynamic dividers by two count 27
transistors.

53 RM

Tha RM is realized in a similar manner as the UDC. It is made out of &
set of identicsl bit slices commanded by a control alica. The bit slices realizs
a fres running counter clocked by the pulse rate ¢ during the clock phasa 2.
The counter ontput with the weight of the bits taken in ths reverse order
(ths MSB considered ss LSB and vice verss) implements a dither psttern
used to quantify tha RM output to s single bit. In thia point of view, it is not
important whether ths counter connts up or down. The dither signsl is
sdded to the input x but only the MSB of ths result is taken into acconnt. Tha
RM cutput ia mads out of tha logical AND of this vaslne and the input c. This
output hss to be registered for the next cleck phsse 1.

% )

i 44

Figure 5.10 RM alices.

As for the UDC, first the RM bit slices are designed and then the control
glica is determined to meet ths requirements of the bit alices.
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5.3.1 RM bit slices

Tha RM bit slices implement a free running counter and tha carry
ripple logic of an adder. Indeed, only ths MSB of tha addition i taken into
account. This MSB is given by ths carry ontput of ths last slice of the adder.

The counter can bs realized as a chain of dividera by two. If 2 semi-
dynsmic divider by two ia wsed, ths carry propagstion pulses must remain
of ghort time extent. In ths cass of the divider by two of figurs 5.5, the carry
propagstion pulee ia beet derived as the invsrse of the variable A,
Accordingly, the carry is propagatad whan tha counter hit changea from
low to high 2o the counter will be counting down.

The carry function of a two bit adder has three inputs: ths two bits to add
and ths input carry. Tha output is true when at least two inputs ara 1. A
CMOS implemsntation of this function ia proposed in figure 5.11. The carry
input to the LSB of the adder must be aet to zero.

X

¢ln — cOut

B

a) carry function

. :ﬁ
I feQut
en : eOut
eln I
B

b} CMOS logic

Figure 5.11 CMOS adder carry function.

Requiring 12 transistore, the adder carry function will have about the
aamse siza aa tha divider by two of the counter. Figure 5.12 preseats the
achematic of a RM bit alics.
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addClr — ™ add ———" addCOut

entCOut [— cntCin

Figure 5.12 RM hit slice.

At every pulae of ¢, the RM has two operatione to execute: decrement a
counter and add two numhers. Nevertheless, decrementing tha counter
does not have to occur during phase 2. Thie teak is best executed in the
eame time as the updating of the UDCes. Indeed, if the counter
decrementation end the eddition are carried out during the eame phaae,
the delay from the rising edge of the input pulee to the eettling of the output
ia the eum of both the carry ripple of the counter end the carry ripple of the
adder. Converaely, if the decrementation is executed during the alternate
phace, the reeult ie evailable after only one cerry ripple chain. Mareover,
vpdeting the RM countere at the eame time ee the UDCe results in having
both outputs readily atable in the eame time.

6.3.1 RM control slice

The RM contral elice haa to prepare the carry input to the counter LSB
during phace 1. It alao has to determine the logical AND between the pulee
coded input ¢ and the adder MSB. Thia valua has to be atored as an input to
UDCe during phase 1. Figure 5.13 ia a graphical representation of theee
specifications.

clkl
clk2

addCOut :I,_. y
1

entClr

Figure 513 RM contro] slics.

As the etoraga latch provides a complementary output, the AND gate
comparing ¢ and tha carry output addCOut can be replaced by a more
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economic NAND gste. This lessens the tranaiator count of the control slica
to 20, The bit slices with semi-dynamic dividers by two count 27 transiators.

5.4 Adder

A bit-streem adder may bs used for two purposes inside the ODLFs. For
ths UDCs having two decrsmsnting inputs, eithsr a spacial control slics
has to bs realized or the two decrementing inputa are added and ths
obtained sum is fad to an ususl UDC. Also, tha output of a lattics ODLF is
the anm or the differencs of tha output of the two branches.

Ths bit-stream adder has been pressntad in chapter 2.3. The logic
realizing this addsr is presented in figura 5.14 a). An alternats realization
is proposed in figure 5.14 b). This schamatic ansbles to nse an already
designed dividsr by two instead of ths register.

felk ek
| |

cln

xl |
x2 T)D-I‘_)D sum
2y cOut

) T
a) logic of the bit-stream adder
felk
toggls tarry
2 j))" div2 -l

b) elternats realization using a divider by two

Figure 5.14 Bit-stream adder.

The adder counts 41 transisters. It can hava the siza of an UDC and a
RM bit slica abutted together.
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5.5 VLSI implementation

The VLSI implementetion of the elices has been realized using the
emnl6 technology of VIT (VLSI Technology Tnc.) which is ehrinked down
from the cmn20e technology by e factor of 0.8,

The guiding rulee for the layout of the elices wae to drew the diffusion
wells horizontelly, the polysilicon lines vertically, the metel 1 horizontally
and the metel 2 vertically. The metal 2 is mainly ueed for the power supply
and, in the control slices, for the clock eignele and the coefficients. The
metal 1 interconnects the transietors end builds two large horizontel power
supply lines, one on the top of the UDC slicee and the other on the bottom of
the RM salices, The polysilicon lines hold the logic variables and thue
interconnect the celle of e elice. This epproach leade to long polysilicon
lines but proves to be efficient in terme of surface for highly interconnected
celle ep it is the caee ineide the divider by two or between the divider by two
end the ripple carry logic of the UDC.

An UDC ia realized by the horizontal abutment of one controf elice end of
the number of bit elices required for the operator. A RM is reelized in 2
eimilar way, only the contral elice liea on the oppoeite side of the bit elices.
The two operators ere then abutted vertically. Operator peirs are abutted
horizontelly such ee the UDC control elice of one pair ie pleced above the
RM control elice of the neighboring pair. By doing eo, the ontput of the RM
i autometically fed into the incrementing input of the UDC. The adder
olice hes been designed to bs inserted between the rightmost bit elicez end
the correaponding control elices; they can aleo be ebntted together. Once all
operatore heve been ebntted, the leapfrog feedback linee remein to be
drewn.

Abutted together, cne UDC end one RM bit alice expand over 40 A
x 287.5 A, where A etande for 1 um in the cnn20s technology end for 0.8 pm
in the ¢cmnl6 technology. 1f the top and bottom herizontal metal 1 power
supply lines are not teken into account and the height of the slice ie
measured from tha outermoet eides of the bottom and top traneietors, the
active surface of the bit elice ie of 40 L x 261.6 L. As it io composed of 64
traneietore, the elice ehowe e deneity of 5 162 MOS/mm? in the cmn20a
technology and of 8066 MOS/mm?2 in the emnl6 technology. The contro)
elices evidently have the seme height but they are 70 L wide; an they count
66 trensistors, their deneity ie only of 4'780 MOS/mm?2 in the cmnlé
technology. The edder elice hae the same dimeneione ae the abutted UDC
and RM bit elice, but conteina 41 traneietors; the corresponding deneity is of
6'124 MOS/mm? in the emn16 technology.

Figure 5.16 diepleye the besic ODLF olicee. Aa they ere placed, the elicee
cen be ebutted together horizontally and vertically.
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Usnal ODLF canfigurations use 10 bit operators. Accordingly, the
surface used by an UDC-RM pair is a squsre of 122'905 A2 which
corresponds to 0.078659 mm? in the cmn16 technology. In addition to this,
the logic delivering the coefficient rate is required for the realization of one
pale of the system. Hence, this filter reslizstion necessitates sbout
0.1 + 0.15 mm?2/pole. Figure 5.16 depicts the layout of a first order 8 bit

ODLF.
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Figure 5,16 Layout of a firat order ODLF.

The present work has focused an ASIC realization. Other realization
types anch as atandard cella ar Programmable Logic Devicea (PLDs) are
effective alternatives. The choice of ane realization type rather than angther
ane 18 dictated by the best available possibilitiea.
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6 Design example

The best way to properly understand and to clarify a theary is to undergo
an exempla. Aa an ODLF design example, a benchmark filter iz proposed.
The design leads all the way from the filter specifications to the VLSI
realization.

The ODLF realization of the benchmark filter can be compared to
verions other implementations of the aame filter.
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6.1 Benchmark filter specifications

Tha CCITT specifications G712 PCM hava been extensively used as s
filter banchmark [Cia88], [Ansg80). These specifications correspond to a
lowpaas filter. The passband ripple is of £ 0.125 dB from 0 up to 3 kHz. The
atepband attenuation is -14 dB frem 4 kHz to 4.6 kHx and -32 dB higher.
Table 6.1 summarizea these specifications.

Frequency band frequency attenuation
[kHx) {dB]
passband <fp=3 oy, = 10,125
stepband >f51=4 Ot = -14
>fp=46 o2 = -32

Table §.1 Benchmark CCITT G112 PCM filter specifications.

Figure 6.1 illustratea these specifications and diéplays 8 transfar
function satisfying the requirementa.

{dB} i Amplitude

fkHz)

frequency

Figure 8,1 Benchmark CCITT G712 PCM filter specifications,

The filter characteristic has frequency dependant stepband attenuation
specificatiens but can be approximated efficiently by clasasical lowpasa
functiens. The approximatien iz achieved by setting the stopband
attennation to be -32 dB abova 4.6 kHx. Then the transfer function is checked
to verify that the sttenuation ef -14 dB at 4 kHz is fulfilled. If it is not the
cage, the approximation parameters are changed until tha apecificatiens
are met.
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6.2 Transfer function approximation
8.2.1 Filter type

Tha minimal filtar order for tha claeeical approximation functione
eatiefying the aepecifications ia givan in tabla 6.2.

Filter typa order
Butterwaorth 13
Inversa Chebyahav 8
Chebyshav 7
elliptic 5

Tebin 8.2 Minimal benchmerk filter order for classica) approximation functions.

From theea, tha elliptic filter is chosen becausa it reguires the lowest
filter order and eo the minimal herdware. This filter type cannot ba
realized in the form of an all-pole ladder. The lattica realization requires en
odd filter ordar. Thua tha filter epproximetion will ba a 5th order elliptic
filter.

8.2.2 Filter approximation paramaters

Tha apacificatione presented in figura 6.1 can ba met by different 5th
order alliptic filters. For axample if a peasband rippls of 0.125 dB ia choaen,
a etopbend attenuetion of 45 dB cen ba achieved. Invereely, if a etopbend
attenuation of 32 dB ie choaen, & peasband ripple of 0.006 dB can be obteined.
Tha designer shounld take soma margin when astting passband rippla and
etopbend attenuation in order to remein within ths epecificetions aven with
tha tranafer function deviationa dua to quantization.

As the activa filterd derived from an analog LC prototype terminated in
equal resiatences show a emell senaitivity to coefficiente in the peseband,
the filter design margin will ba mainly teken in the atopband. Tha
parametars chosen are:

Filter parameter aymbol apecH valua
{dB] [dB]

passband ripple oy 0.126 0.1

atopband attenuation g2 k] 40

Table 8.3 Elliptic fittar design parameters.
From theaa apecificatione, tha zeroes and tha poles of the normalized
prototype filter ara determined.

6.2.3 Normalization

For reeeona of efficiency, tha computation of the filter valuea era
preferably done for e normalized prototype.
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Aa an exsmpla, a filtar of cut-cff frequency of 1 kHz haa polea of
amplitude =103, the time parametera such as greup delay or ries time are of
smplitude =10-3, the polynomials of tha transfer function leck lika (=1)e™ +
(~103).am1 4 (=109).a72 4 ., 4 (=1080), Theae differencea in tha ordaera of
magnitode can laad te calenlation errers or aven computer underflaw or
overflow.

Frequency normalization is achiaved by defining the nermalized radian

frequency:

®

0«21 6.1)

0, o
where @, or f, ia a typical frequency of the filter, e.g. tha cutoff frequency. In
thie way, the correspending frequency of the nermalized filter will be £1 = 1.
The dual time nermslization is then given by:

t 2n
T = —t—o a —ﬁ- . (62)
with:
1 1
to a E = 2E'fo (63)

In tha csse of elliptic filter design, normalization ia prefersbly done in
regard to the passhand edge, this ia:

fo = rp (6-4)

Tha vslues of tha zeroes and the poles of the normslized elliptic filter
fulfilling the specifications given in table 6.3 are preaented in table 6.4.

zeroes poles
121725 -0.1067 + 10637
11.4690§ -0.4119 1 0.7935 §
-0.6707

Teble 6.4 Zeroes and poles of the normalized benchmark filter.

Ths lotation of the zercea snd the poles of tha normaslized filter is plotted
in figure 6.2. The cerrespending (denormalized) transfer functien is
actuglly the one repreaented in figura 6.1.
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Im{s)

Figurs 6.2 Zeroes and poles location of the benchmark filter.

Neat, the element values of the reactances Zy(s) snd Zy(s) of the analoeg
prototyps sre obtained from the location of the poles.

6.3 Synthesis
63.1 Lattice reactance fumctions

Tha resctance fanctions Z,{s) and Zp(s) each serva to realize s subset of
the transfer function poles. Writing reactsnca function Zy(e) ss s ratio of
polynomials

Na(s)

Za(s) = Dals) (6.5)
tha partial tranefer function H, defined by equstion (3.4) becomes
Na(s) Nals)
He®) = W (5)+ RDgs) = Galo) (6.6)

where G,(s) ie @ Hurwitz polynomial also used for lattice wave digital filter
synthesis. R is the generator and load resiatance of the paaasive lattice
prototype. It is normalized to 1 [£1] for tha calculstions. As the trensfer
function of the lattica H(e) is realized by the parallel connection of tha two
branches Ha(s) and Hy(s), the poles of each psartial trsnefer function ie
found in the oversll transfer function H(s). Tha zeroee of the oversll
transfer function come from tha paralle! connection of the two branches.

For elliptic filters, the distribution of tha poles of the transfer function
H(s) smong tha lsttics branches is described by [Gaz85). Tha poles are
distributed in an slternating order to tha two branches Hg(s) and Hyu(s), as
represented in figurs 6.3.
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Imis)

Rels)

Figurs 6. Alternating distribution of tha poles among the lattics hranches.

From the above conaiderations, tha zersea of the polynomisls Gu(s) and
Gpla) have been determined. Retrieving Na(a) snd Dy(s)} fram Gu(a) is
facilitated by tha property of tha LC immitance Zs(a) that either its
numerstor is sven asnd its denominstor odd or vice-verss [Tem77)
Equstion (6.6) indicatea that Gu(s) hss to be aplit into its evan part Gae(s)
and ita odd part Gp.(s) te obtain the numerator No(s) and tha denominator
Dg(a) of the impedance Z,(a), Moreovar, subatituting the impedsnces Z; and
Zp by their inverss 1/2, snd 1/Z), in tha lattice filter results into the same
tranafer function [Tam77]. Thus for the detarmination of Za(s), ona haa ths
free choice to taka sither G,4(a8) as tha numerator Ni(s) and Gyela) se tha
denominator Dg(8) or vice-varsa.

Choosing Ni(a) odd implies that Hp{s) owna a zero st 8 = 0, ga can be szen
from aquation (6.6). In order to obtain a lowpass fanction for
H(a) = Hy(a) - Ha(s), the numerator of Hy(s) should ba even. This gives:

Gael8)

Zalg) = Gala)

Gpol8)
Zy(a) = Grela)

(6.73

Obtained from the poles in table 6.4, the normalized lattice reactance
functiona sra given in table 6.5.

branch zeraea of g(s) resctance function
8 -0.1067 £ 1.0637 j 0.8840-5% + 0.7664
-0.6707 28) » — 3 108594
b 04119 £0.79353 0.8239.8
119207935 Zle) = 7107994

Table 6.6 Normalized lattice reactance functions.
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The Canarl realization of tha impedancas Z, and Zy providea two
branchea in tha form of a ladder. The values of tha elements (impedancea or
capacitancee) of tha two branches will aerve to determina tha integrator
geina of tha active lattica branchea and ao tha coefficients of the two ODLF
branchea.

8.3.2 Lattice element values

The valuea of the LC elementa of tha two branchea ia celculated by tha
continuous fraction expansion of tha reactanca functiona [Tem77]. As tha
degraa of tha numarator of both reactanca functiona ia amaller than tha
degrea of tha denominator, the Cauerl realization of bath impedancea atarte
with a ahunt capacitor. Figura 6.4 illustratea tha two branchea and table 6.6
providea the element valuea.

Eq
Figuce 8.4 Caver] realization of the two lattice branches.
branch C La C3
[F] (H] (Fi
a 1.1312 21105 0.5465
b 12138 1.0307

Table 8.8 Normallced slement values of the two branches.

From tha element valuee of tha pasaiva lattica, tha integrator gaina of tha
activa lattica ara calculatad.

6.3.3 Active Iattice integrator gains

The integrator gaina of the active lattica are radian frequencies
proportional to tha invereee of the element vainee. If the element is a
capacitance Cy, the redian frequency is &g = L/RCy and if the element is an
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inductanca Ly, the radian frequency ia wyx = R/Ly. The integrator gains ara
given in tabla 6.7.

branch W] an w3
(el e [a
a 0.8840 0.4738 1.8297
b 0.8239 0.9703

Table 6.7 Mormalizad active lattics inlegrator gains.

Tha ODLF coefficients correapend te the integrator gaina of tha activa
Jattice.
6.3.4 ODLF coefficients

The ODLF coefficients are realized by pulea ratea the valuea of which ara
normalized to the interval [0, 1]. Limiting the active lattice integrator gains

to tha interval [0, 1] iz done by dividing them all by the highest gain valva:
ém = max(wy)-Ifa] (6.8)

The reaulting coefficients are provided in tabla 6.8.

branch c1 t2 c3
a 0.4832 0.2590 1
b 0.4503 0.56303

Table 6.8 ODLF coefficients.

Dividing all the integrator gaina of the activa lattice by a constant meana
multiplying all tha element valuea of tha passiva lattice by tha aama
coefficient. Thia in torn correaponds to a frequency sacaling of tha tranafer
function.

The multiplication of all tha element valuea of the pasgive lattica by the
coefficient g displaces tha passband edga 2y = 1 to

1
Q= o= (6.9)
Tha characteriatic frequency ia thua redefined aa
fo = fp-Em (6.10)

The characteriatic frequency of thia particular design ia given in tabla 6.9.

Em fp fo
{ [kHz] [kHz]
1.8297 3 5.4891

Table 6.9 Chamcteristic frequency of the filtar normalization.
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The ODLF coefficients of table 6.8 are ideal values. Practical realization
requires them to be quantized. Analyeia allowe to verify if the ODLF with
quantizad coefficienta atill meata the filter apecifications and enablea the
designer to select the number of bits of the operatora. A simulation ia alse
welcoma to verify if the analysia models are astisfactory.

6.4 Analysis

8.41 State-space description

The ODLF state-spaca matricea are built-up from tha coefficient values.
They are presented in tabla 6.10. The aecond row of matricea C and D
correapond to the doubly complementary outpnt.

-tal -tal O 0 0 tal

cagz 0 g2 O O 0
A= 0 «cp3a 0 0 O B a 0

0 0 0 -cp -tm chl

0 0 0 gz O 0 |

) B 0 1 0 0 ]
¢ - [ 4 0 0 a1 0 ] D = [ 1]

Table 6.10 State-space description of the ODLF.

The valuea of the coefficients are read from tabla 6.8. For a digital
realization, they hava to ba quantized. In order to verify if the apecifications
are still met, the quantized coefficienta are inserted into the etate-epace
matricea and the correaponding tranefer function is computed.

8.4.2 Coefficient quantization

A firet approach for the quantization of the coefficients ia to round them
to the neareet binary valuas. In this manner, the coefficients given in
table 6.8 can be rounded to a 6 bit representation with the correaponding
filter atill meeting the apecificaticna. With tha coefficients rounded to 5 bita,
the filter meata the apecificationa if the characteriatic frequency ia
increanad to fy = 6 kHz.

Algorithma like aimulated annealing or aven, in the casa of low order
filters, trial and error can lead to far more economical aclutiona. In the
caae of the benchmark filter, an interesting set of coefficienta ia provided in
table 6.11. Thia aet of coefficienta together with a new value of the
characteriatic frequency, given in tabla 6.12, auppliea an efficient aclution to
the filter reqnirements.
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branch €] c2 c3
8 9/16 1/4 1
b 172 916

Table 6.11 Quantized ODLF coeficienta.

& fo
[kHz] | [kHz]
3 6

Table 8.12 Cheracteristic frequency of the filter with quantizad coefTicienta,

Inserting the quantized coefficients of table 6.11 inta the state-specs
matrices leads to the transfer function shown as the thick curve in
figure 6.5. The figure also displays the idesl tranafer function ss a thin
curve, the doubly complementsry ocutput snd tha individusl transfer
functions from the input to each state variabls.

[dBl i Amplitude

1 (Hzl
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i
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Figure 6.6 Transfer functions of the filter with quantized cosficients.

Tha qusntization of the coefficients has lead to 8 distortion of the ariginsl
frequency responae. The quontization of tha variablea is regarded as noisa
sources and tha number of bita of the ODLF operatora haa to ba set in order
ta limit the effecta of tha noige gources ta the filter output.

6.4.3 Signal quantization

The rangea of the Ly norms snd the L. norma of the filter state
variables, which correspond te the RM autputs, ara presented in table 6.13.
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The dynamic renge of the UDC outputs ie prapartional to the range of the
corresponding RM by the filter coefficient.

RM output (wflz ftwlk.
Wa1 1.329 1
Wa2 05862 1421
Wa3 1.772 2499
Whi 1.253 1
Wh2 1.329 1.203

Teable 6.13 Estimation of the RM output ranges.

The anelyeia of eignal quantizetion ineide the ODLF, ae described in
aection 5.5.3, ehowe that the filter needs e 10 bit precieion after the binary
‘point to guarantee that the deviated tranefer function doee not overlap the
etopband requiremente. Even in thie caga, thare ia a elight overlap of the
passbend edge. This cen be corrected by reecaling the characterietic
frequency. The minimel and maximal value for f; are provided in
table 6.14.

Nhita fo
jkHz]
10 6.04 +6.14

Toble 8.14 Charnctaristic frequency range of the quantized filtar.

One remark ie appropriate hera. The choeen elliptic tranefer function
approximation allowed to gelect a lower filter order but the atopband ripple
bringa the tranaefar function cloger to the atopband requiremente and eo
requires a better SNR in order to avoid an overlap. The choice of &
Chebyehev approximation function could lead to a ameller number of bite
required for the UDCe, allowing ea & lower eampling rate, et the expenee of
e higher order device.

The above enalyeie hea allowed to determine the number of hits of the
RMs. The number of bita attributed to the individual UDCae are determined
by the scaling of the eignale.

6.4.4 Scaling of the signals

In order to ellow a meximal dynamic renge at the output of the
UDC-RM pair, tha ODLF coefficienta are diatributed among the two
operatora of the pair. First, a power of two acaling ie realized by adding
LSBa to the UDC, the reet of the coefficient ia then provided as & pulae rate to
the RM.

Ae en example, in the UDC-RM pair with coefficient 1/4, the UDC will
have two edditionel LSBe which are not fed into the RM and the coefficient
pulse rate will carrespond to 1. Tha acaling factors and ecaled coefficienta
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are presented in table 6.15 and the L norms of the scaled UDC outputs in
" table 6.16.

brench c} €2 €3
a 1.9/16 /4.1 1.1
b 121 1-9/16

Tabls .16 Scaled DDLF coalTicienta.

After this scaling, there will be three RMas with a coefficient of 1 end two
RMs with a coefficient of 9/16. Thua, from an ASIC point of view, it might be
interesting to generote the RM dither aignals globally rather than lacally in
each RM.

UDC output Iwiiz [(Wllee
81 2.363 1.778
a2 0.8862 1421
a3 1.772 2.499
by 1.253 1
b 2.363 2.139

Table 6.16 Estimation of the scaled UDC output mnges.

Ta prevent overflow, the inpnt signal should be scaled or restricted to a
preascribed range. The meximal amplitude is given by the inverse of the
maximel L norm provided in table 6.16. The choice hetween tha Lz end the
L.. norm, which depends on the eotimated charecteristice of the input
aignels, is left to the designer.

6.4.5 Denormalization

Before any simulation or reelization, the filter parametera have to be
denormalized. It is not of interest here to denormalize the inductances,
resistancea and capacitances of ths analog prototype. The ODLF coefficients
however have bean normelized to the range [0, 1]. It has been shown that
their relative velua to each other determines the shapa of the tranefer
function, here en elliptic filter with 0.125 dB ripple in tha peesbaund and
32 dB attemmation in the stopband. The actuel rate of their pulses will
determine the frequency scele of the filter response. The meximal
coefficient rate will determine the sampling frequency of the ODLF.

Tha narmalized filter ia realized with integratore of gain ¢y /j$2 and has
a pasaband edge of 1 = 1. The denormelized filter haas a peashand edgo of
f = fo and the corresponding integratar tranefer functions are

Ck Ck Ck
T m = a y— 6.11
i j(w/ae) o ja ( )
The transfer function of a UDC-RM pair used as an ae integratar is
obtained from equetiona (2.5) and (2.9).
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Ck fy cx

ia = joo - 2bita (6.12)
By comparing equatione (6.11) end (6.12), wa cbtain the sampling

frequency of the ODLF ag a function of the number of bits of the operators:

fy = o 2™ a2 2xf,- 27bis (6.13)

To achiave the deaired SNR, the aystem cleck rata muat be proportional
to the pewer of two of the number of bita ef the operators. The required
valuee of the eampling frequency are shown in table 6.17 for the cases of 10
and 11 bit operatore. This ia of conrae the major limitation in the
applicability of tha structure.

Tbits fs
[{MHz)
10 389+ 395
11 77.7+79.0

Table 6.17 Sampling frequency range of the ODLF.

The velnes of table 6.17 provide the input rate ef the RMs with
coefficient 1, The aampling rate can of conrsa be increased, but this would
be unnecesgary becauee the bit atream signale ineide the device will never
be of higher rate than the one of tha higheat coefficient. However, for a
practical realization, it can be of interest to work with a aystem clock
originating from a standard quoartz oecillator. In the preasent case, a 40
MHz quartz can provide the sampling rate, and a pnlae rate of 39 MHz
must he derived from thia clock to form a coefficient with amplitude 1, for
ezample vsing a rata mnltiplier.

6.5 Simulation

Tha propesed simulation is carried out in two ateps. First a zero signal
ia anpplied to the filter input in order to check tha DC working pointa of the
operatora. After thia first test haa heen snccesaful, sine wave inpnts are
applied te the devica for the measnre of ita frequency responae. The
aimulation ia welcome to verify tha correctnese of the design, te confirm the
axactneaa of the denormalizatien and to eatimate tha filter SNR.

6.5.1 DC workdng points of the operators

The study of ODLF eynthesia haa ahown that the lattica branchea can ba
realized with nnsigned atate variablea. For thia purpoase, an offset U, is
added to the inpnt signal and a DC valua Rl, ia fed inte tha negative input of
the last integrator of thae chaina.

From these offsets, the DC working peinta of the atate variables for the
case of a zera input are determined. Theaa values can be obtained from the
analyais of the analog impedances whers tha inductances are considered as
short circuits and the capacitances as epen circuits. An alternate methad to


Tabls6.1T

page 80 Design exampls

find tha DC working pointa of the atata variables is to requirs all integrator
inputs of the active devica to ba zero.

Rl
U,-RI
RI, U,-RI;
Un
RI
2 Uo' RI,
"RI

4]

Figure 6.6 Working points inside the lattice filter.

The working points of tha atate variables insida tha latitice filter ara
represented in figurs 6.6. Tha offeeta RI, and U, ara chosen to allow a
optimal ranga for the state variablea. As all acaled coefficients are graater
than ona half, tha poasibla valuea for RI, ranga from zero to ona half. As
aoma of tha state variablea have 2 working point of U, - Rl,, U, rangea from
RI, to ona. Tha actual choice of RI, and U, ia determinad by tha following
considerationa.

Let X, ba the DC valua of tha activa filter input, which can ba positiva or
negativa. Thae inpnt X, + U, ia reatricted to tha interval [0, 1]. Conaequently

Xo € [-Ug 1-Udl (6.14)

Likewiaa, aoma internal atata variables hava tha DC amplituda of
U, + X, - RI, which muat alao ba in the interval [0, 1]. Henca

Xo € [-Uy+Rl,, 1-Ug+Rlg} (6.15)

Ae a regult of tha two preceding conditiona, tha DC input range ia
cenfined to tha interval

xo € [‘Uo"'RIo, ]'Uo] (6.16)
The condition for thia range to be symmatric around zero givea
R
U, - “2 Lo 6.17)

In thia casa, tha condition (6.16) can ba reformulated as

X, e [1—% 1—12“"] 6.18)

With the abova, tha choice of Rl leada directly to the value of U, and tha
range of X,. Two interesting working points are Rl, = 1/2 and Rl = 1/3. Tha
corresponding ranges are given in tabla 6.18.
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Rl, Uq X Ug-Rla
1/2 /4 (-1/4, 1/4] 144
143 273 (-1/3, 143) 143

Teble 8.18 DC working points of tha lattice ODLF.

For tha simuletion, the working paint RI, = 1/2 haa been chosen. In thie
coac, the DC working points of the operators for the caae of a zero inpnt are
displayed in table 6.19

variable UpcC RM
al 0.4444 1/4
al 2 1/2
ad 0.25 1/4
bl 1 1/2
k2 0.4444 1/4

Teble 8.18 Estimation of the scaled UDC outpul ranges.

Ona further remark appropriate here ia that the filter ontpnt, which ia
meade out of the difference of the firet atate verisble of each branch, also
possesges an offaet. Choaging RL, = 1/2 1eads to an ontput offset of 2RI,.U,.
For the complementary outpnt, however, the offseta cancel each other end
the total offaet ia zero.

Onca the bnilding blocke heve been deacribed correctly, simnlation
resnlta ehow that the outputa of the UDCe etabilize to the valnea listed in
table 6.19 after the vaniehing of the transients. Now cames the time ta verify
the frequency response of the device.

6.6.3 Frequency respanse

The mesasura of the frequency reaponse ia done by applying a sine wave
of & given frequency as an inpot to tha filter and estimating the apectral
contant of the outpnt at the same frequency. This task is repeated for all
frequenciea to be measured. The simnlstion hee been done for ¢ 10 bit device
clocked at 39 MHz.

Chaoging the Rlg = 1/2 meana that tha maximel dynsmic renge of the
input eignel ia one half, as can be read from table 16.18. Thus, for the
estimation of the tranafer function devistion due to signsl guantization, the
input hes 8 maximal range of 9 bita. The choica of s mazimal range of
9 bits, which does not fulfill the specifications, originates from the difficulty
to simnlate at freqnenciea smell compared to the sampling rate.
Nevertheless, tha main interest of the simuletion ia to compara the analytic
snd the messured tranafer function devistion due to signal quantization.

Care has to be taken to ensura the validity of the measures. Firat, as the
frequency of the aine wave ia changed, the opetator hes to wait for the
transients to clesr befora he can make eny trustworthy measure. The time
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to wait cen bs dstermined from the shepe of the impulss or step response of
the filter. Another method is to look at the Lissajou plot made by the
combination of the filter input and ontput. In addition, if the input is not
properly scaled, overflow can occur inside the filter without the ontput
bearing a cheotic aspect.

The result of the measure of the frequency response is displaysd in
figure 8.6 togsther with the analytic tranafar function and its expected
deviation due to signal quantizstion, The curves plotted in ths figure are
tabulated in annex A.

(dB]
10 Y T T T T T T T

1 1 - i 1 1

0O 2 4 6 8 1 12 14 1B 1B D
(kHz]

Figure 8.7 Measurs of the frequency response of tha DDLF.

The maasure of the transfer function deviation does not show any
significant peaking at ths locations of the spectral lines of the dither
patterns, sa depicted in figure 2.8. Teble 6.20 providea the bass frequencies
of the dithar patterns spectra.

branch {kHz) [kHz] [kHz]
a 214 952 38.1
b 19.0 214

Table 6,20 Estimation of the scaled UDC output ranges.
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For highly oversampled devicea, the measnre of the freqnency reaponae
ie eztensive in terms of CPU time and memory usage. In this particnlar
case, the simulation of one period of a sine wave in the transition band
requirea about one minute on a Macintosh ITlci, so the measura of one
frequency point takes something like one quarter of an hour. In addition,
the simulation of one peried of @ aine wave of frequency equal or lower than
1 KHz reeulted in a “not enough memory” messsge on the mechine
equipped with 8 Mb.

An interesting aslternative to the software simulstion of medivm aize
digital systems ia to download these inte 8 PLI}. Hewever, the realization
method discussed here ia the implementation as a full custom integrated
circuit.

6.6 Realization

The VLSI implementation of the 5th order lattice ODLF has been realized
on & multi-project wafer uaing a 1.6 pm technology (cmnl6 of VLSI).

In ordar to test different filter types, the ODLF has been implemented
without any scaling of the connters. The operatore were designed using
11 bit.

The reslization of the operatora and the branches has been done by the
abutment of the basic slicea deacribed in chapter V. The second order
branch mekes a rectangle of 1°130 ) x 261.6 A, whera A stands for 0.8 pm.
The branch occupiea a aurface of 285°'495 A2 which ia actually 189'117 pm?2.
The third order branch azpands over 1'640% z 261.5 A = 428'860 A2
= 274'470 pm2.

In sddition to the two branches, an input hlock has been added for the
aynchronization of the input and the coefficients to the clock. This block ia
made out of siz identical alices. As output logic, two adder slicea have been
placed in order to derive the complementary outputs of the filter. With
these, the filter covers a rectangle of approximately 1.45 mm x 0.6 mm
which is 0.87 mm?.

The correaponding layout is represented in figure 6.7. The
eynchronization block ia placed at the bottom left of the cell. Tha aecond
order branch ia located above it. Tha third order branch occupiea most of the
right hand side of the layont. In both branches, the firet UDC cf the chain ia
implemented by 8 2 input device and an oversampled sdder which
combines the two decrementing inputs into one. The control elices come
into view becauaa of their smaller denaity of transistors; thia allows to
identify the different UDC-RM pairs. The adder slicea are locasted at the
bottom right of the cell. Compared te the lattica branches, the adder block is
a0 amal] thet the denbly complementary output is indeed obtained with a
very little hardware overhesd. Aleo, tha LF feedback links hardly require
any surface ag the state variablea are coded on a single hit.
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Figure 6.8 VLS] realization of the 5t order ODLF.

In order to work, the filter requires a pulse frequency modulated input
and the five coefficients. It delivers a pulse frequency modulated cutput. For
the benchmark specifications, the coefficients could have been generated on
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¢hip, raquiring about the eame amount of logic than the coefficient
synchrenization block which weuld then ne more ba necessary.

6.7 Computer Aided Design

Ths design steps described in the paragrapha 6.2 te 6.5 have been
traversed with ths help of e signal processing set of routines written using
MATLAB. MATLAB is an intersctivs eoftware packaga for acientific an
engineering applicationa that integrates numsrical analyeis, matrix
computation and graphice. It is released by Tha MathWorks Inc and runa
on 8 large number of platforms including IBM PC, Meacintoah, Vax and
HP-Apolle. The packags ellows the daveloper to define hia own sat of
functiens and routines based on the basic set of commands. Furthermors,
gamg general purpess functions and routines are provided with ths
packags.

Tha aat of rontinea written for tha ODLF design [Cor31a) compriaa a
filtsr approximation, a filter synthesis and a filter analyeie tool. Thae filter
approximation tco) allows to determine the zero and pole lecue of classical
tranefer functiecns such aw Butterwerth, Chebyshav, Elliptic, and Bessal
from ths specifications. The synthesis toola datermines tha element vslues
or tha coefficients of different filter types from thae zarc and pols Jocus. The
snalysiz tool derives the state-space description of tha gynthesized filter and
allows tha quantization analyeis of the filter.

The simulation has been carried ont vaing tha LabVIEW goftwars from
National Instruments [Cor91b). Tha cheics of this environment, beaides the
intersat of investigating a new teal, arces from the comfortabla user
interface which allows tha on-line ingpection of tha parameters pasced to
and retriaved from eubroutines called by the mein program during ita
execution. Furthermore, using LabVIEW, the description of an object such
ss o digital filter ia dona by drawing the data Aow bleck diagram rather
than writing tha contral flow in a programming language.
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7 Conclusions

In order to eatimste the interest of ODLF3, this filter type ia campared
with two other filter structures, namely awitched capscitor and
conventionsl digital filters.

Genersl considerstions abaut the aperators and their limitations are
made to paint out aome poagible extenaions ta tha present wark.

Tha characteristics of ODLFs snggest the kind of damaine where their
applicatian ere of particular interest.
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7.1 Comparison with other filter structures

The ODLF is s digitsl filter derived from an anslog leapfrog structure.
As such, its characteristics will be compared to tha ones of ita parenta: the
snalog Switched Capacitor (SC) and the digital filter.

Compsrison resnlts are summasrized in table 7.1. The chsracteristics of
SC filters have been kindly provided by N. Hiiberle from Ascom Autophon
AG. Data shout WDFa originate mainly from {ClsB8B]. Obviously, the most
psrticulsr chsracteristic of ODLFs is their high clock rate to cutoff
frequency ratio. As 8 matter of fact, ODLFs sre limited to very selective
filter requirements due to their oversampling whilat the uansl filter types
atart to have vary aensitive coefficienta (or capacitor rstios) as the cutoff
frequency becomes small compared to the aampling rate.

structure 5C ODLF WDF
signala snslog | binsry | digital
interfaces SH 1A AD D/A
Si snrface {mm2/pola] 0.1 0.15 05+5
SNR [dB] >70 &0 96
consumption [uA/pole] 10 50/ MHz

max. cutoff frequency {kHz) 200 5 100
aystem clock to cutoff freqg. ratio 10+200 | > 1000 | 10+500

Tabls 7.1 Comparison of filter strustures.

Tha valuea for the silicon surface required by the devicea only taks in
sccaunt the filtera themaelves withant any input or output interface.
Typically, if the input and output signals of the system are anslog, all
devices require an input anti-sliasing filter and an ontput smoothing filter.
Additionally, the SC filter could need sn input Sample and Hold (S/H)
circuit, the ODLF can do with sn input ZA modulator snd the digits) filter
requires an A/D and a D/A converter.

For an ODLF nsing s LA converter, the input snti-sliasing filtar does not
meet very stringent specifications as the transition bsnd batween ths inpuf
apectrum and the sampling frequency is very largs. A typical T4 converter
itself occupies sbout 1 mm2 and consumes some 10 pA. However, the
severeness of the outpnt amoothing filter is a determining factor for the
SNR of the aystem.

The non-linearities of the ODLF3 is of same kind aa the ones of digital
filters. They are due to tha qusntiization of the digital signsla and their
importance is estimmated by the same snalysis methods. Moreover, the SNR
of the device can be directly influenced by the number of bits and tha
oversampling of the operstors. On the other aide, SC filtera suffer from
electronic noiaa snd non-idealities of the amplifiers so the SNR is given by
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tha Integrated Circui§ (1C) technology rather than by a filter design
paramater.

The characteriatics of ODLFa ara quita aimilar to tha onea of SC filtera,
only the ovareampling ia greater. As auch, they ahow to becomz an
interesting alternativa to SC filtera aa the cutoff frequancy decreases versue
the aampling rate.

Compared to classical digital filters, ODLFa amerga through their eaan
of deaign and tha aimplicity of their operatora. A pecnliar characteristic of
ODLFa ja that tha coefficients ara given in tha form of pulae ratea whoea
generation requirea ailicon aurface. Furthermora, multiplexing in of poor
intereat for ODLFa as the data buases would dramatically increase tha
surface of the devica and the aystem clock frequency wounld further hava to
ba raiaed. Practical examples have ahown that ODLF2 can copa with a
amaller number of bits than classical digital filters.

7.2 Possible extensions to the work

Each QDLF operator contributea in its own way to the limitationa of the
atructura. Tha incremental behavior of tha UDC ia reaponeibla for tha high
ovaraampling whilat the dithering of tha RM ia tha aourea of tha
quantization noiaa insida the devica.

A reduction of tha ovarsampling can only ba achiaved by tha coding of ths
atata variablea on mora than ona bit. Tha uaa of threa or four bita for tha
atata variablea can lead to ODLF performancea comparable to the onea of
clagaical digital filters ae in the latter devicea the ayatem clock ia quita
higher than tha sampling rate of tha filter. Thia change naturally leads to
tha replacement of the UDCa by accumulatora which will be realized in ona
pari by an adder for tha LSBs and in a eecond part by au incrementer for tha
MSBa.

Tha SNR provided by dithering insida tha RMa ahowed to ba sufficient
bacausa of the averaampling requnired by the ODLF atructura. If the number
of bita of tha atate vsriables ia increased, tha dithering quantizer haa to be
replaced by a YA converter aud the multiplier which was realized by an
AND gata will alao ahow to becoma more considerable.

The optimal number of bits for tha atata variablea certainly dependa on
the application. As the oversampling reduces, tha DDI transform haa to be
replaced by an Loaslese Diacrete Integrator (LDI) tranaform [Bru75) and
analyais haa to be mada with tha tima diacreta (sampled) rather thau with
the tima continuous model. Nevertheleaa, the proposed enhancementa
remain in contradiction with tha first purpesa which waa the aimplicity of
tha realization.

Tha operatare hava bean deaigned using unaigned arithmetic. Thia
choica has lead to tha need for a DC offaat to all atata variablea and
necessitatea a coustant input Rl, to the laat UDC of each branch in tha
lattice aynthesia. The definitian of signed operatora can casily be derived
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from the workings of tha sctnal ones. Yet, this modificstion ia costly in
terma of size and regulsrity of the ssturation snd multiplication logic.

The workinga of ths UDCs togethsr with RMs are vary similsr to the
description proposed for the neurons in ths research shout neurs) nets. For
this reason, the uss of thesse operators could be a valuable alternative to
actusl anslog circuits for the hardwsrs reslization of neursl networks.

7.3 Domain of interest for the ODLFs

The high oversampling is the msjor limitation to ths applicsbility of the
ODLFs. As a result, they srs spproprista for ths processing of low
frequency signala. Possibls purposes range from hsndling the messures of
slowly varying physical quantities up to processing of telephons signals.

The shape of the ODLF inputs and outputs which sre coded ss PFM
signsls prone for their relevance in fields such as ths msssure of L, Ror C
impedsnces, tha transmission of binsry signales in noisy envirenments, ths
reading of quartz sensors, the vibration anslysis of rotating mschinea or
the regulstion of stepping motors.

Important to nota is thst ths oversampling of the ODLFs depends
straightaway from the requirsd SNR. For this rasson, the nss of higher
order filters is mostly of interest for spscifications besring narrow
trangition bands rathsr than ssavers sttenuations,

In addition, the ODLF delivers in its paasbsnd an output frequency
corrssponding to tha input rats. As such, it can ba regsrded as s digital
Phase Locked Loop (PLL) snd appliad for tssks such as digitslly controlled
frequency synthesis or the demodulstion of frequency modnlsted signsls.
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Abbreviations
A/D Analog to Digital (converter)
ASIC  Application Specific Integrated Circuit
CMOS Complementary Metal-Oxyda-Semiconductor (transistora)
D/A Digitel to Anelog (converter)
DDI Direct-traneform Digital Integration
1C Integrated Circuit
1IR Infinite lmpulee Reeponee {filler)
LDI Loseless Diacrete Integretor {tranaform)
LF LeapFrog (structnre)}
ISB Least Significent Bit
LWDF Lattice Wave Digital Filter
MIMO Multiple Input Multiple Output (filter)
MsB Most Significent Bit
ODLF  Overeampled Digital LeepFrog (filter)
PLD Programmable Logic Device
PLL Phase Locked Loop
QCDF  Queei-Continucue Digitel Filter
EM Rate Multiplier
RMS Root Mean Square
sC Switched Capacitor (filter}
SISO  Singte Input Single Output (filter)
SNR Signal to Noiee Ratio
UDC  Up-Down Counter
VLSI  Very Large Scale Integration
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Glossary
Symbol Sigmificance
A State matrix of a gystem
B State matrix of a gystem
c Stste matrix of a system
Cak Elemsnt valoe of ths capacitance k of the branch a
Chx Element value of the capscitance k of the branch b
Ck Element valus of the capacitance k
¢ ODLF coefficient, pulse rste input of a RM
Cak ODLF coefficient of branch a
bk ODLF coefTicient of branch a
ck ODLF coefficient
D Stata matrix of a gystem
D{s) Denominator of a tranefer function
D(w) Tranefer function deviation
Dy(e) Denominator of ths reactance function Za(s)
Dgs)  Odd part of the denominator of a tranafer function
Ds) 0Odd part of the denominator of a tranafer function
d Dither signal ineide s RM
Eg Voltage on the generator need to drive the analog filter input
e Quantization error
f Frequency
F(a) Signal gain function
f Signal bandwidth
fo Typical frequency of a filter
fo Pagaband edge
fs Sampling rate
fs Stopband edge
G(a) Noise gain function
Ggale)  Hurwitz polynomial used for lattice aynthesia
Ggaefe) Even part of Ga(s)
Ggaofe)  Odd part of Ga(e)
Guis) Hurwitz polynomial nged for lattice eynthesia
Ghels)  Even part of Gy(s)
Guola)  0Odd part of Gp(s)
Em highest integrator gain valne of the active LF
H Tranzfer function of a filter
H Complementary tranefer function of a filter
H, Transfer function of a lattica branch
Hy Transfer function of a lattice branch
Hy Tranafer function between the input and the atate variable k
hi(t) Impulse reaponse corresponding to the transfer function Hy
I Port current of the two-port
Iz Fort current of the two-poart
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Current in the capacitance k

Current in thae inductance k

Current in a lattice filter reactance

Current in a lattice filter reectanca

Additional offaet for a lattice filter with positive stata variablea
Element valua of the inductance k of the brench a
Element value of the inductance k of tha branch b
Element value of the indnctance k

Numerator of a trenafer function

Numerator of the reactanca function Z,(a)

Number of bita of tha digital representation of a signal
Oversampling ratio

Scaling resistance of the active filter state variables
Internal regiatance of the analog filter input generator
Load resistance on the analog filter output

Reflectance function of a lattice wave digital filter
Reflectance function of a lattice wave digital filtar
Complex frequancy variable for time-continnoun eyatama
State transformetion matrix

Sampling period

Time

Port voltage of tha two-port

Port voltage of the two-port

Voltage over a lattice filter reactance

Voltage over a lattica filter reactance

Input offeet for a filter with positive etata variables
Voltaga over tha capacitanca k

Voltage over the inductance k

Stata variabla of a ayatem

Stata variabla in tha branch a

Stata variable in tha branch a

State variable of a system

Reactanca, etande for Ly or Cx

DC amplitude of the input signal x

Inpnt of a filter or an operater

Maximal amplituda of the input x

Quantized value of x

Output of a filter or an operator

Impedance

Impedanca of a lattice branch

Impedancs of a lattica branch

Complex frequency variabla for sampled aystems, z = ¢
Attenuation in the paseband

Attennation in the atopband

Difference between to contiguoue samplea of a aignal
Tachnology size parameter

Normalized time

Ty
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Normalized radian frequency

Normalized radian fraquency of the paasband edga

Radian frequency , o = 2n.f

Signal bandwith radian frequency , wp = 2x-f

Activa lattica integrator gain of tha activa LF

Typical radian frequency of a filter

Signal to noiaa ratio aaaociated to tha quantization of a signal
Ccmplax frequency variable used with wava digital filters
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Annex A

Transfer function
deviation

The tsbls provided in this snnex is tha list of tha calculated and
measured values used to build ths plot of figure 6.7.
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Table A.1 displays the velues building the plots of figurs 6.7. Ths first
column, named *freq”, lists the frequencies at which the tranafer functiona
have been evaluated and measurad. Column 2, *H{(s)", is the evaluatad
transfer function of the analog continncus time prototype. Column 3,
*H(z)", is the svaluated transfer function of ths discrate tims oversamplad
filter. Column 4, “+ dev”, end column b, “- dov”, ars ths expected transfar
function deviation for internal signals coded on 9 significant bits whers all
error sources contribute respsctively to an incrasse or a decreass of the
amplitude of ths tranafer function. Column 6, “+ measurs”, and column 7,
*. measurs”, are respectively the maximal and the minimal msasurss of
ths transfer function amplitnde.

freq H{g) H{z) + dev - dev] + measure| - measure
2 -0.0440 -0.0468 0.0040 -0.0921 0.0360 -0.0900.
2.5 ~0.0054 -0.0110 0.0657 =0.0771 0.1070 =0.0920
3 -0.0491 -0.0613 0.0630 -0.1644 0.0860 ~-0.0790
3.2 -0.5149 =0.5347 -0.3941 =0.6523 -0.2510 ~0.6340
3.5 -2.9508 -2.9770 -2.8235 -3.1414 -2.4710 ~3.2160
3.7 -8.5639 -8.5844 -§.3612 -8.8404 -8.1750 =8.8100
4 -15.9068 -15.9254 -15.5844 -14.4261 -15.1570 -17.3320
4.2 ~-24.4178 -24.4307 -23.5706 -25.5467 -23.,4520 -24.7320
4.5 -34.1289 -36.1394 -33,2086 -41.0758 -31.6270 ~-40.8860
4 -44,4494 -44.4580 ~38.2304] -120.0000 -35.3590 -45.8300
5 -40,0238 -40.0322 ~35.7641 -48.5747 -34.7370 ~-40.4670
[ -50,2612 -50.2673 -40.9870] -120.0000 -37.8750 -58.5430
7 -41.4627 ~41,4487 -37.016% -50.8448 -346.7300 -45.0350
8 -36,2099 -36.2154 -33,.6004 ~-39.9199 -33.2174Q -41.4439¢
9 -34.3378 =34.3431 -32.2396 -37.0948 -31.7510 -38.7440
10 -33.5727 -33.5778 -31.6798 -35.9901 -31.4380 -34.5540
11 -33.3074 -33.3124 -31.5028 -35.5862 -31.5680 -35%.6670
12 -33.3011 -33.3060 -31.5284 -35.5321 -31.3820 -35.8400
13 -33.4392 -33.4440 -31.4670 =35.6714 -31.5460 =35.4640
14 ~-33.6410 -33.66580 -31.8703 -35.9243 -31.6150 -35.8330
15 -33.9320 -33.93680 -32.1103 -36.2459 -32.3190 ~37.6320
16 -34,2314 -34.2362 -32.37058 =36.609%9 =31.9600 -37.2960
17 -34,5465 -34.5612 -32.46403 -36.9998 -32,.5510 -36.2550
18 -34.8690 ~-34.87137 ~32.9134 =37.4053 -33.4540 -37.4330
19 -35,1937 ~-35.1984 -33.1854 -37.8194 -33.4870 -38.2520
20 -35.5171 =35.5217 -33.4538 -38.2374 -34.3620 =34.4430
25 -37.0585 ~37.0431 -34.7016 -40.3147 -34.3670 -37.7040
30 -38.4330 -38.4375 -35.7710 -42.3036 -37.8560 =39.9130
40 -40.7280 -40.7325 -37.4620 =46.0392 -39.8400 -41.6330
50 -42,.5732 =42.5777 -38.729% =49, 6531 -41.0380 =44 .6070
75 -44.0041 -46.0086 -40.8470 -60.5110 =43 .4420 ~49.3480
100 -48,4712 -48.4757 -42,1654] =-120.0000 -44.,6600 -58,8550
200 -64,4614 -54,4455 -44.6423] -120.0000 -50.6630 -86.5540
300 ~57,9776 -57.9813 -45.6679F -120. 0000 -50,1270 -80.8160
200 -62.4117 -62.4139 -46.5820] -120.000Q ~-53.7260 ~-70.2580
1000 -68.4211 -58,4262 -47.3373] -120.0000 -55.9440 -82,0790

table A.1 Frequency response of & fith order ODLF.




