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Abstract

This thesis addresses the problem of global synchronization of large system on chip

(SoC) in the context of deep submicron technologies.

With the development of the silicon microtechnology and with the increase of density
of integration, conventional clock distribution systems become more and more difficult to
be implemented in modern chips. Some designers turn toward the asynchronous communi-
cations protocols, in order to remove the need of a global clock, however, the cost of this
choice is a lower verification level and a high complexity of design. This research focuses
on the study of an alternative clock generation technique, allowing implementation of highly

reliable synchronous digital circuit in deep submicron CMOS technologies.

My PhD work is subsequent to the project HODISS funded by ANR, in which a dis-
tributed network of all digital phase-locked loop (ADPLL) was presented for the first time.
The basic idea of this approach consists in generating clock signals locally by oscillators
in each synchronous clocking area (SCA), and making these oscillators coupled with their
neighboring ones in phase by using ADPLL technique. If well designed, all the locally gen-
erated clock signals should be synchronized with the reference clock both in frequency and

in phase.

My PhD project aims study and implementation on silicon of a large network of ADPLLs
(10x10), containing 100 nodes generating each a clock for the local digital circuitry. Com-
paring to the study curried out previously in the HODISS project, the design of blocks com-
posing the network was adapted to the constraints related to the network scale. For instance,
the resolution of the phase measurement has been increased (20 ps), the power consumption
was reduced ( 1 mW per node). The modeling of the ADPLL networks at several abstraction
levels and by different tools (VHDL, Spice, FPGA) allowed a response to study the quality
of the global synchronization between the oscillators in function of different parameters of

the network, and in particular, on the network size.

During my PhD project, the prototype 10x 10 was implemented on silicon generating
clocks in the range 903-1161 MHz. It highlights a maximum phase error of less than 40 ps
between two clocks in any neighboring zones. The implemented prototype is under fabrica-

tion at the period of editing of this manuscript.

Another important result of this study is the analysis of phase error between two non-
neighboring oscillators in distance. By studying an FPGA prototype of the network, we
obtained that maximum phase error at steady state between any observed clock signal and

the reference signal is less than three steps of the PFD quantification steps.

In order to validate the performances of the clock synchronization in the implemented

ASIC, we designed an on-chip clocking error measurement circuit, whose operation is based



on a measure of the integrity of a periodic sequence transmitted between two clocking do-
mains. This circuit has a low rate for the off-chip readout (several MHz), and a high resolu-
tion (3=2.5 ps).

Reconfigurability is another attractive feature of the distributed network of ADPLLs. In
this research, we have explored this feature and proposed a novel topology with different
configurations for nodes on the border and in the kernel of the network. This topology has
an advantage in prohibiting phase error propagation and reflection.

Thesis title: Distributed clocking for synchronous SoC

Key words: synchronous clocking, multioscillator architecture, all-digital phase locked
loop, on-chip clock error characterization

Thesis Supervisor: Francois ANCEAU, Professor at Conservatoire national des arts et

métiers

Thesis Co-Supervisor: Dimitri GALAYKO, Associate Professor at Pierre and Marie
Curie University (Paris VI)



It is possible to own too much: a man with one watch knows what time it is, a man with

two watches is never quite sure

Lee Segall.
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Geénération distribuée d’horloge pour
SoCs synchrones

Cette these aborde le probleme de la synchronisation globale de grand systéme sur puce
(SoC), dans le cadre des technologies submicroniques profonds.

Ce travail de these est déployé dans le cadre d’un projet de recherche au laboratoire LIP6
sur les techniques de synchronisation du circuit. Il a commencé a 2007 et financé par deux
subventions de I’ANR consécutifs (HODISS, 2008-20012 et HERODOTOS, 2011-2014).
Le projet a porté sur I’étude d’une architecture particuliere de génération d’horloge, basé
sur un réseau d’oscillateurs couplés par un réseau de tout-numérique Phase Locked Loops.
L’objectif du projet est le développement d’une nouvelle technique de synchronisation et de

sa validation par la conception de deux prototypes de circuits intégrés.

Ma these est directement liée a cet objectif et le point de départ de mon projet était les
résultats obtenus par les travaux antérieurs. Mon projet de these vise 1’étude et la mise en
ceuvre de silicium d’un vaste réseau de ADPLLs (10 x10), contenant 100 nceuds générant
chacun une horloge pour le circuit numérique local. En comparaison avec I’étude effecturée
précédemment (un réseau 4 x4), la conception de blocs du réseau a été adapté aux contraintes
liées a I’échelle du réseau. En plus, afin de valider les performances de la synchronisation
d’horloge dans le circuit ASIC, nous avons congu un circuit de mesure d’erreur d’horloge

sSur puce.

Le manuscript de these présente toutes les étapes de conception du prototype, en détail-
lant la méthodologie de conception, la modélisation et les techniques de prototypage util-

isées.

Introduction: motivation de I'étude

Défis de génération d’une horloge globale dans les SoCs

Les progres de la technologie CMOS ont conduit a une réduction exponentielle de la taille
des circuits numériques et une augmentation du nombre de transistors par mm?. Le SoC

moderne peut étre considéré comme des micro-réseaux permettant a différentes parties des

XX111
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systemes de travailler ensemble et de communiquer. Synchronisation de la communica-
tion devient un sujet de la plus haute importance de la recherche. Cette étude porte sur le
probleme de la génération d’horloge global et la distribution a I’intérieur de SoC complexe et
large, de maniere a permettre une communication completement synchrones sur la puce. Elle
est motivée par les inconvénients des approches de génération d’horloge classiques telles que
I’arbre d’horloge dans le contexte des technologies CMOS submicroniques profonds.

Génération d’horloge traditionnelle dans des circuits complexes utilise des structures
d’arbres ou grille [8, 5, 1]. Le matching entre les différents chemins d’horloge est le point clé
de la conception du réseau d’horloge. Dans un grand circuit, un tel mis en matching global
est difficile a réaliser. Le signal d’horloge global doit étre acheminé sur toute la surface de
la puce, alors que le délai correspondant doit étre garantie avec une résolution picoseconde.
Pour résoudre le probleme de mismatch, la taille des buffers doit étre augmentée pour étre
moins sensible aux erreurs de fabrication, ce qui rend cependant la solution tres coliteuse,

principalement en termes de consommation d’énergie.

Une autre fagon de penser consiste dans la partition d’une grande puce dans les domaines
d’horloge locale (domaines) [71, 42, 26, 41]. Ces domaines sont également connus comme
des zones isochrones [4] ou zones synchrones d’horloge (SCA) [21] (cf. Fig. 1). Ces zones
sont suffisamment petits que la distribution d’horloge a I'intérieur peut étre réalisée sans
difficulté par des techniques classiques. La taille de la zone est déterminée par le délai
maximal de propagation a intérieur de la zone qui ne violerait pas les contraintes de temps
du circuit. Ce délai dépend de la technologie utilisée et le routage des fils, ou la zone n’a
pas une dimension exacte. Un nombre empirique des portes / verrouillage a I’intérieur de la

zone est d’environ 200-300 milliers.

N NI/

A ! —PEAQbh

~

N -« DTS —>

A, " clock amplifier l /\ o /\

A J ! ! ' '
' * i ' K '

________________________

functional isochronous zone
(@) (b)

Figure 1: Synchronisation des circuits numériques complexes

La communication a I’intérieur du SCA est synchrone, donc le probleme de la commu-
nication globale est réduite a la communication a travers les frontieres des zones . La com-
munication entre les blocs situés dans différentes SCA peut €tre synchrone ou asynchrone.
Dans le premier cas, la puce est GSLS (globalement synchrone localement synchrone), dans

ce dernier cas la puce est GALS(globalement asynchrone localement synchrone).
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En raison des difficultés de synchronisation globale, les ingénieurs SoC orientent leur
choix vers les GALS. Ceci est réalisé en utilisant des interfaces bi - synchrone ( ex. FIFO
) garantissant 1’intégrité du signal au prix d’une complexité de conception et d’ augmen-
tation de la latence. Par ailleurs, dans les circuits asynchrones, la fiabilité est difficile a
garantir, a I’étape de conception, pour deux raisons. Tout d’abord, la vérification exhaus-
tive d’un systeme asynchrone est impossible, puisque le temps est continu. Deuxieémement,
le risque de métastabilité peut étre pire que d’habitude prévu, parce que les horloges de
SCA ne sont pas totalement indépendant. En effet, ces horloges sont dérivées d’une horloge
d’entrée unique et distribués aux différents modules. Leurs déphasages relatifs dépendent
de parametres changeantes rapides et lents comme le vieillissement (lent), la température
(vitesse moyenne), et de la tension (rapide). Métastabilité peut se produire pour certaines
valeurs de ces parametres. Pendant une courte période de temps , les parametres lents ne
changent pas, ce qui entraine la métastabilité de se reproduire de maniere répétitive, aug-

mentant le risque de défaillance du systeme.

Défis de caractériser I’erreur de phase entre deux signaux d’horloge

Une communication synchrone nécessite les horloges de 1I’émetteur et du récepteur étre par-
faitement synchronisés. Dans la pratique, une synchronisation parfaite est impossible: les
événements d horloge doit-Etre-simultanées sont séparés par des intervalles de temps (erreur
de I’horloge). La prise de conscience de I’erreur d’horloge maximale est nécessaire pour
I’établissement de budget de temps pour la communication et le traitement des données.

Dans un circuit synchrone, le signal d’horloge est distribué a différents endroits de la
puce par une certaine méthode, ex. arbre d’horloge. Tous les signaux d’horloge doivent
étre synchronisées avec presque la méme période moyenne 7'. L’incertitude de 1’horloge ou
erreur de phase (At;) entre deux horloges clk1 et clk2 avec la méme période moyenne 7" est
définie comme clk2 i/ front montant (descendant) ti2 moins clkl i front montant (descen-
dant) til (Fig. 4.1). Ici i est I'indice de cycle d’horloge. Dans cette €tude, I’erreur de phase
entre les horloges est censé étre beaucoup plus petite que la période d’horloge moyenne
(nominale), et aucune dépendance existe entre Af;. Ce sont des hypotheses raisonnables dans
le contexte de I’horloge sur puce. Par conséquent, At; peut étre exprimée par les équations

suivantes:

A = 1P —1} (1)
|G| < T (2)

{At;}ien est un processus aléatoire a temps discret caractérisé par le temps en moyenne
Sin = At appelé inclinaison et la composante dynamique de 1’erreur de phase {At; — S, }ien.

Ce processus est généralement considéré comme ergodique. Les valeurs d’une réalisation du
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cki L f L
k2 A1 L

At = Al

Figure 2: Definition d’erreur d’horloge As;

\
f

processus {Af; };cn sont caractérisés par une fonction de distribution, qui est aussi une fonc-
tion de densité de probabilité¢ (PDF) puisque le processus est ergodique. Dans la pratique,
une fonction de densité de probabilité d’une erreur d’horloge est une fonction définie sur un

domaine limité a des valeurs non nulles minimales et maximales.

La mesure de I’erreur d’horloge peut étre nécessaire dans beaucoup de cas. Les er-
reurs typiques d’horloge pour les horloges de gigahertz sont des dizaines de picosecon-
des ou moins. Une mesure hors puce nécessite la transmission de signaux d’horloge de
la puce, introduisant ainsi des retards supplémentaires dont les valeurs sont difficiles a con-
troler [68, 65, 65]. Le taux d’échantillonnage et le gain vertical des outils de mesure sont

également des enjeux majeurs.

«On-chip» solutions sont généralement basées sur des techniques de mesure du temps a
I’aide d’une chaine de délai en cascade. Lorsque la valeur absolue de I’erreur d’horloge doit
étre connu, plusieurs travaux visant a une mesure directe de 1’erreur d’horloge utilisent un
convertisseur temps-numérique basée sur une chaine de délai avec un grand nombre d’étapes
(par exemple, 129 dans [13]). Les sorties des étages sont ensuite traitées par des circuits
numériques a haute vitesse. Bien qu’'un tel procédé fournit une valeur précise de I’erreur a
chaque période, il est cher dans le sens de surface et d’énergie, puisque dans la plupart des
cas, seulement des statistiques de 1’erreur d’horloge sont suffisants (la moyenne, les valeurs
minimale et maximale). En outre, le processus CMOS est tres sensible a la température,

donc une calibration fréquente avec une référence est nécessaire.

Réseau de PLLs tout numériques pour la génération d’horloge

Le générateur d’horloge proposé appartient a la famille des architectures multi-oscillateur
sur la base d’un réseau d’oscillateurs couplés. Dans un tel schéma d’horloge, une puce
est divisée en zones d’horloge locale, chacun d’eux ayant son propre générateur d’horloge
(oscillateur) qui doit etre synchronisé avec ses voisins dans le domaine de phase. Le but du
réseau distribué de PLL est afin de synchroniser chaque oscillateur en phase et en fréquence.
Dans un état stable, un tel réseau est une source d’horloges locales réparties entierement

synchrones.

L’ architecture proposée par Pratt et Nguyen[39] est un réseau de maillage cartésien avec

deux dimensions, dans lequel les nceuds sont les générateurs d’horloge locale et les arcs
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représentent les liaisons de couplage entre les générateurs locaux. Chaque générateur local
est liée uniquement a ses voisins immédiats cartésiennes. Une telle topologie nécessite les
chemins les plus courts pour la transmission d’information - ce qui est un avantage principal

d’une telle architecture comparé avec des méthodes de génération d’horloge centralisée.

Distributed PLL NODE. .
L]

Digital PI filter
e DCO

Error Control signal O_

.

clock to circuitry

CLK .7

Local high freq. clock /

Divider
/N

CLK,;

ij+1

Local divided clock /

Figure 3: La topologie du réseau d’horloge proposé et I’architecture du nceud

Le couplage entre les oscillateurs est mis en ceuvre dans le domaine de phase via des
comparateurs de phase, Fig. 3(a). Chaque comparateur de phase fournit une mesure de
I’erreur de phase entre les deux oscillateurs. Cette mesure est ensuite utilisée par le circuit
de commande associé a I’oscillateur pour fournir un signal de commande forcant 1’ oscillateur
pour synchroniser avec ses voisins. Le signal de controle détermine directement la fréquence

de I’oscillateur - ce qui est un dérivé de la phase de I’ oscillateur.

La nature analogique de ce systeme mis en place par Gutnik et Chandrakasan [15] est son
principal inconvénient pour la génération d’horloge. Le générateur d’horloge est générale-
ment intégré avec les blocs numériques qui utilisent le signal d’horloge. La performance
d’une PLL analogique dans un environnement numérique peut étre considérablement dé-
gradé par les perturbations a cause de la commutation dans les circuits numériques. En
outre, utilisant le réseau de PLL analogique pour la génération d’horloge rend la migration
de la technologie plus difficile et réduit la portabilité de la conception globale du systeme sur

puce.

Pour ces raisons, notre recherche porte sur I’étude du réseau de PLLs tout numérique
(ADPLL). Dans un réseau d’ADPLL, un comparateur de phase analogique a générer un sig-
nal proportionnel a I’erreur de phase est remplacé par un comparateur de phase et fréquence
(PFD) numérique, qui génere un code numérique proportionnel a I’erreur. Ce code est traité
par un filtre de boucle numérique. Par la suite, le signal provenant de la sortie du filtre est

utilisé pour commander un oscillateur commandé numériquement (DCO).

Basé sur les principes présentés ci-dessus, un réseau d’ADPLLs couplés a été étudié et
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mis en ceuvre au cours du projet HODISS. L’architecture est un réseau 4 x4 avec 16 nceuds.
La fonction numérique a fait I’objet d’études. Il a démontré la faisabilité de la mise en ceuvre

d’un tel réseau de PLL tout numérique.

La premiere puce de test est fabriquée et mesurée. Les résultats de test montrent que
un générateur d’horloge numérique distribué est réalisable. Et les résultats de mesure corre-
spondent bien a des études théoriques. Cependant, au cours du processus de conception et

de test, nous trouvons quelques problemes a résoudre et des points a améliorer:

1. Preuve de I’évolutivité. D’apres les résultats de mesure du premier prototype on con-
state que, bien que I’erreur de phase est plus grand entre deux nceuds dans la distance
qu’entre deux nceuds voisins, il ne s’accumule pas de fagon linéaire en fonction de la
distance. Mais puisqu’il n’y a que quatre nceuds sur la diagonale d’un réseau 4 x4, le
premier prototype ne peut pas bien démontrer la relation entre 1’erreur de phase et la
distance. Pour mieux observer cette relation et aussi d’étudier I’évolutivité du réseau
ADPLL, un vaste réseau (ex. 10x10) est nécessaire. Une mise en cevre d’un plus
grand réseau nécessite une optimisation des blocs existants, afin de minimiser la con-
sommation d’énergie du circuit. Par exemple, le DCO mis en ceuvre dans le premier
prototype consomme 16 mA de courant d’alimentation, qui, multiplié par 100, les rend
de 1,6 A: c’est prohibitif pour une mise en ceuvre IC.

2. Amélioration de la qualité de synchronisation. La résolution du convertisseur temps-
numérique (TDC) and le PFD du premier prototype est limitée a 30 ps en raison de la
contrainte de sa structure et le retard minimum d’un porte en technologie 65 nm. Pour

améliorer cette valeur, une autre architecture TDC doit étre utilisé.

3. Puce caractérisation: mesure de l’erreur de phase sur puce. Comme expliqué précédem-
ment, les résultats de mesure hors puce fournissent des informations pessimistes quant
a I’erreur de phase. Une méthode sur puce est nécessaire pour caractériser 1’erreur
d’horloge et de suivi de la performance a grande SoC. Un exemple de ce type de cir-

cuit est le circuit «Skitter» utilisé dans les processeurs IBM[13].

Le paragraphe suivant présente un résumé de notre contribution.

Résumeé de contribution

Le objectif principal de ce projet de these est la conception d’un réseau de ADPLL 10x 10,
complété par un outil de mesure de I’erreur de synchronisation sur puce. La conception est
basée sur I’architecture du premier prototype de taille réduite, mais corrige des inconvénients

de la puce mentionnée dans le dernier paragraphe.

Tout d’abord, une méthode visant a réduire I’erreur résiduelle dans 1’état d’équilibre a été

proposé. Il permet de choisir le pas de quantification de TDC et les parametres appropriés
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de DCO afin de atteindre une bonne performance avec faible effort de mise en ceuvre. Sur
la base de cette étude, nous avons congu les blocs d’ADPLL pour le réseau d’horloge. En
particulier, le pas de quantification optimale pour le DCO concu est 20 ps, ce qui est inférieur
au retard minimum d’une porte logique a la technologie utilisée. Pour atteindre cette valeur,

un TDC avec une nouvelle structure est congue.

Deuxiemement, en raison de la forte consommation d’énergie du premier prototype
(186,2 mA), les 4x4 réseau était difficile d’étre étendu a une dimension de 10x10. Pour
réduire la consommation d’énergie du réseau de ADPLL, nous avons €tudié la source de
consommation d’énergie. Les blocs affamés d’énergie dans ce systeme sont le DCO et le
filtre de boucle. Le DCO peut étre optimisé en réduisant le nombre de cellules de réglage
ainsi le nombre de pas de réglage (256 pas au lieu de 1024 pas). Moins de pas signifie moins
de bits pour le mot de commande (8 bits au lieu de 10 bits), ce qui simplifie également le
filtre de boucle.

En fait, la forte consommation d’énergie de filtre de boucle résulte principalement de
I’opération arithmétique a haute vitesse. Dans mon projet de thése, nous avons conc¢u deux
types de filtres de boucle, qui non seulement réduisent la puissance, mais aussi d’accélérer
la vitesse de correction d’erreur. Le premier filtre est basé sur 1’architecture classique d’un
filtre proportionnel-intégral (PI) avec un retard réduit au chemin proportionnel. Et la taille
des opérateurs arithmétiques est plus petite. Le second filtre est de séparer I’acquisition
de fréquence et le suivi de phase. A 1’état stationnaire, seulment quelques bits de poids
faible du mot de controle sont mises a jour pour le suivi de phase. Il n’est pas nécessaire
de recalculer I’ensemble du mot de controle de chaque cycle. Les deux architectures ont été
congus au cours du projet, mais seulement la premiere a ét€ mis en ceuvre dans le prototype
congu du réseau. Ce choix est motivé par un risque élevé qui serait présente si une nouvelle
architecture d’un filtre a été choisi.

Ces blocs congus sont assemblés dans un réseau 10x10. Cette architecture est mise
en ceuvre dans un premier temps sur FPGA puis sur silicium. Topologies différentes sont

étudiées sur la base de cette architecture.

Pour des raisons expliquées précédemment, un circuit de mesure d’erreur d’horloge sur
puce est nécessaire pour la caractérisation de I’erreur de phase entre deux signaux d’horloge
dans le réseau (générée par deux nceuds, soit a coté de 1’autre ou en éloignement). Le circuit
congu dans ce projet de theése est basée sur une méthode indirecte facile a mettre en ceuvre:
au lieu de mesurer la valeur de I’erreur de phase de chaque cycle, il permet de calculer
les valeurs minimum/maximum et moyenne d’erreur pendant une période. En utilisant ce
circuit, une caractérisation précise de I’erreur de phase sur puce est possible, donc il a une
grande importance dans la preuve de 1’évolutivité du réseau d’ ADPLL. Il a été concu comme

un [P analogique et placé a quatre emplacements différents de la puce.
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Conception des composants

Convertisseur temps-numérique (TDC)

En fait, la résolution TDC de la premiere puce d’essai est limitée a 30 ps a cause de la
contrainte de sa structure et le retard minimum de porte logique dans la technologie de 65
nm. Pour améliorer cette valeur sans évoluer la technologie, une autre architecture doit étre
appliqué. L’idée de base consiste a utiliser la valeur différentielle des deux unités de délai

pour atteindre une valeur inférieure a la chacun des unités de délai (technique Vernier).

Comme montré dans la Fig. 4, I’entrée de la chaine de délai lente (1) est un signal appelé
START, dont le front descendant signifie le début de I’intervalle entre deux signaux d’horloge
dans la comparaison. L’autre chaine de délai (T2, T» < T1) a une entrée STOP, dont le front

descendant marque la fin de I’intervalle.
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Figure 4: Schéma de principe du convertisseur temps-numérique

Dans chaque étage, les deux signaux retardés sont comparés en utilisant un arbitre.
Comme les événements qui arrivent sont définis par les fronts descendants de START et
STOP, si a un certain étage i, le front descendant retardé de START arrive a A; encore plus tot
que I’événement arrive a b;, A; est égal a’0” et b; est égal a ’1°. Par conséquent, Z), est égale
a’l’ etZ, est égal a 0. Comme T; est plus grande que Tp, apres chaque étage, I'intervalle de
temps entre deux signaux est réduit par Trpc = T; — Tz. La position de la ligne de délai, a
laquelle le signal STOP retardé rattrape le signal START retardé définit la différence de temps
entre les signaux d’origine avec une résolution de T7pc. Les registres produisent 1’instantané
de 1’état de la chaine de délai au moment ou 1’événement SAMPLE arrive, donc contiennent

un code thermometre représentant 1’intervalle a mesurer.

A T’'aide de cette technique, nous pouvons obtenir une résolution de 20ps, ce qui est
inférieur au retard minimum d’un délai en technologie CMOS 065 (30 ps). La résolution
peut étre encore améliorée, mais dans ce cas, I’erreur de phase résiduelle a I’état d’équilibre
ne peut pas étre réduit davantage. Ceci est prouvé par 1’étude théorique et les résultats de

simulation. Par conséquent, 20 ps est la valeur optimale pour ce systéme.

Filtre numérique

La puissance de la premiere puce de test est principalement consommé par DCO et le filtre

de boucle. L’objectif de la conception du prototype n’atteint pas une grande dynamique de
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réglage de la fréquence, donc le DCO peut étre optimisée par la réduction du nombre de
cellules de réglage ainsi les étapes de réglage (256 pas au lieu de 1024 pas). Moins d’étapes
signifie moins de bits pour le mot de commande (8 bits au lieu de 10 bits), ce qui simplifie
également le filtre de boucle peut étre simplifié. En fait, la forte consommation d’énergie
du filtre de boucle résulte principalement de son opération arithmétique a grande vitesse. En
plus de réduire le mot de commande de sortie a 8 bits, il existe deux autres méthodes. La
premiere méthode consiste a réduire le nombre de bits réservés aux ccefficients du filtre, ainsi
la taille des opérateurs. Le schéma est affiché sur la Fig. 5. Le nouveau bloc de controle de
boucle comporte quatre entrées permettant de recevoir au plus quatre entrées binaires de 4

bits des mots signés et génere un mot de 8 bits non signé pour le contrdle DCO (la sortie de

I’additionneur ADDS). Ce signal est codé a A, B et C, qui sont appliquées a I’entrée de la
DCO.

_y|Decoder C| 3 c
Kp (0, 1,0.5, 0.25) [, [_s2r A
2

83 |Decoder B 8
ecoaer 7 -1

N B2T B A

/% i)

Divider

Decoder A 7 -1
g B2T A
7

Figure 5: Filtre de boucle pour le traitement du signal d’erreur: quatre contrdleurs de
gain d’entrée suivi par 1’addition a quatre entrées, filtre PI et trois décodeurs B2T.

La deuxieme méthode consiste a séparer 1’acquisition de fréquence a partir de la pour-
suite de phase. La raison est qu’a I’état d’équilibre, seulement quelques bits de poids faible
du mot de commande sont mis a jour pour le suivi de phase. Il n’est pas nécessaire de re-
calculer I’ensemble du mot de commande de chaque cycle. Cette architecture de PLL est
montré dans Fig. 6. Un indicateur de la fréquence de référence (RFI), en dehors du circuit
principal, donne un code (code,.r) correspondant a la fréquence d’horloge de référence. Ce
code est ensuite transmis aux PLLs dans le réseau de distribution d’horloge. Poursuite de
phase est réalisée par un PFD a 3 bits et un filtre de 6 bits signé générant un code de 6 bits en
fonction de la différence de phase entre deux horloges. La poursuite de fréquence est réalisé
par un filtre moyen, qui recoit un flux de codes a 6 bits et calcule la moyenne des huit les
plus récemment recus. Le signe de la valeur moyenne (41, —1 ou 0) estime le rapport de
fréquence entre deux horloges, et est utilisé par le bloc du réglage grossier de la fréquence (
CFA) pour le réglage du code. Le code de sortie de CFA plus la sortie du filtre forme le mot
de commande du DCO.

L’avantage de cette structure est que le bloc CFA peut toujours mettre a jour la fréquence

grossier (fc) de la DCO en fonction de la relation référence-1"horloge locale, et cet ajuste-
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Figure 6: Proposed architecture for PLL

ment est effectué a une fréquence inférieure a la fréquence d’échantillonnage du systéme
(div). PFD et filtre, travaillant a la fréquence div, réglent la fréquence de DCO autour de fc.
Ce processus de réglage corrige 1’erreur de phase et en méme temps travaille en collabora-
tion avec CFA pour assurer que la fréquence de référence est toujours dans I’intervalle de
reglage. Comme I’intervalle est relativement faible, un grand nombre de bits pour PFD et le

filtre n’est plus nécessaire.

Le réseau d’ADPLLs tour numériques réalisé

La puce de prototypage a été concu et mis en ceuvre pendant ma these. Il possede une
topologie étendue par rapport a la premiere. Il a une dimension de 10 x 10 fournissant des
signaux d’horloge pour autant de 100 domaines d’horloge synchrones locales (de SCA1-1 a
SCA10-10 dans la Fig. 7).

Dans Fig. 7 nous pouvons observer le bloc FO (filtre + oscillateur) dans chaque SCA, la
génération du signal d’horloge pour la zone isochrone locale. Un PFD a la frontiere entre
deux zones voisines compare deux signaux d’horloge et renvoie I’erreur de phase entre eux
avec la méme valeur absolue mais de signe opposé (e and e). Toutefois, en raison de la
consommation d’énergie élevée (186.2 mA), 4 le réseau 4 x4 est difficile d’étre étendu a une

dimension de 10x 10.

Avant la fabrication de la puce de test utilisant ces blocs améliorés, un prototype FPGA
d’un réseau de 10x10 de ADPLLs. Ce prototype a deux objectifs: d’abord, il permet de
valider la fonctionnalité d’un tel grand réseau avant la mise en ceuvre en silicium; D’autre
part, avec ce prototype, on peut étudier la relation entre la valeur d’erreur de phase et de
la distance. Ce prototype a la méme dimension et topologie que la puce de test (Fig. 7).
Les principales limites de prototypage FPGA concernent I’'impossibilité de mettre en ceuvre

correctement (a) les blocs de signaux mixtes: le PFD et le DCO et (b) la fréquence de
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Figure 7: Clocking network architecture
Table 1: Les parametres de la mise en ceuvre de FPGA
Parameter H FPGA
Fréquence de sortie nominale 77.93 kHz
Pas de fréquence du DCO 97.05 Hz
Plage de réglage de la fréquence de sortie || 67.28 kHz~92.73 kHz
Résolution de TDC 68.065 ns

fonctionnement élevée. Un modele numérique commun des modules basé sur I’étage de
temps est un chronometre; Pour le deuxieme probleme, il suffit de réduire I’ensemble des
parametres de fréquence avec le méme facteur d’échelle. Tab. 1 résume les parametres du
TDC et du DCO mis en ceuvre pour le prototype FPGA du réseau 10x10 d’ADPLL.

Fig. 8 montre les dix signaux d’horloge dans les nceuds diagonale du réseau. Dans cette
expérience, les nceuds du réseau ont diverses fréquences initiales, mais avec 1’aide de la
configuration dynamique, tous les signaux d’horloge locaux ont la méme fréquence et sont
bien alignées en phase, ce qui démontre une bonne performance de 1’architecture proposée

dans un grand réseau.
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Figure 8: Horloges signaux locaux avec la référence: configuration bidirectionnelle, dif-
férentes fréquences initiales des noeuds

Afin de valider le fait que dans un tel réseau d’ADPLL couplés, les erreurs de phase ne
sont pas accumulés comme dans un arbre d’horloge, on a mesuré sur chaque cycle d’horloge
pendant certain temps, la différence de phase entre les signaux d’horloge locaux dans les
nceuds diagonaux et I’horloge de référence. Ensuite, nous pouvons tracer une courbe d’erreur
de phase maximale en fonction de la distance a I’horloge de référence. Il faut noter que
la distance mentionnée ici n’est pas la distance physique en microns, mais la distance de
Manhattan I’'information de phase de référence doit parcourir avant d’arriver a un nceud

local.

De Fig. 9 nous pouvons observer que en mode unidirectionnel, I’erreur de phase s’accumule
comme I’information de phase de référence se déplace plus loin. En mode bidirectionnel,
qui est le mode a laquelle le réseau fonctionne a I’état d’équilibre, les erreurs de phase entre
tous les nceuds du réseau et la référence sont bien limitées a + 3 fois le pas de quantification
du PFD.

le prototype AISC avec la méme dimension que le prototype FPGA a été congue dans
une technologie CMOS 65 nm, en utilisant le PFD, DCO et le bloc numérique de traite-
ment d’erreur présentés précédemment. La conception de puces applique une stratégie de

réutilisation de I’IP et un flot de conception a signal mixte.

L’assemblage des blocs de réseau d’horloge a été fait dans un flot standard de conception
numérique avec 1’aide d’outils de CAO. La disposition réelle de la puce est donné dans
Fig. 10. La taille de la puce est 2734 x 2756,8 um? dans laquelle le cceur du réseau occupe

1805 x 1771 um?. Les paramétres du réseau sont résumés dans la Tab. 2.
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Figure 9: La valeur maximale de I’erreur de phase en fonction de la distance par rap-
port a ’horloge de référence

Table 2: Caractéristiques du réseau de PLLs tout numériques concu

Parametre \ Valeur
Fréquence de sortie nominale Ferx 1,036 GHz
Plage de réglage de la fréquence de sortie 903~1161 MHz
Pas de fréquence du DCO Aw/(2m) 1,01 MHz
Erreur de timing < 40 ps
Taux de convergence ~ 5 MHz/us
Tension d’alimentation 12V
Consommation 600 mW @ F_.;, = 800 MHz
Taille des SCA ~ 0,022mm?
Taille de puce ~7,54mm?

Caractérisation sur puce de I’erreur de phase entre deux sig-
naux d’horloge

Comme présenté précédemment, il est difficile de mesurer I’erreur de phase entre les signaux
d’horloge a haute fréquence. Dans cette étude, nous avons étudié une stratégie de test pour
la caractérisation des statistiques d’erreur d’horloge entre deux domaines d’horloge dans les
systemes d’horloge a grande vitesse (gigahertz et plus). Le procédé permet une mesure indi-
recte (pas basé sur la mesure de I’intervalle de temps) de la distribution de 1’erreur d’horloge
par ’observation de I’intégrité d’une séquence périodique transmis entre deux domaines
d’horloge. La méthode est compatible avec I’implémentation sur puce, et la lecture des ré-
sultats aux signaux hors puce est cadencée a faible taux. La stratégie vise a la résolution de

picosecondes sans calibration complexe.
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Figure 10: Layout de la puce de test du réseau d’horloge

Le circuit de mesure est mis en ceuvre comme représenté sur la Fig. 12. Une séquence
binaire «... 1010 ...» est généré sur la puce dans le domaine de clkl par une bascule de
type D synchronisée avec 1’horloge CLK1 (Fig. 12 ). La séquence binaire est envoyé au
domaine d’horloge clk2 apres un délai contr6lable (A). Ce délai est équivalent a un skew
supplémentaire entre les deux horloges. En faisant varier le délai A, nous changeons le skew
effectif, par conséquent, le taux d’erreur (ER) mesuré, qui est maintenant une fonction de A.

De I’autre c6té, I'introduction du délai A (Fig. 12 ) modifie le skew entre les horloges,
et donc la fonction de densité de probabilité (PDF) effective de la distribution des erreurs
d’horloge, par le mapping de At — At + A. Nous pouvons trouver une relation mathéma-
tique entre I’ER et la PDF d’origine de I’erreur d’horloge par 1’observation de deux cycles
d’horloge voisins. Comme illustré dans Fig. 11, le délai A = Az ou A = AT¢ déplace la PDF
d’origine a droite/a gauche jusqu’a a =0 ou a = 1, ot a(A) = P(At; < 0) est la probabilité
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que I’erreur de phase du cycle i est négative. Il a été prouvé que Ap et A¢ correspondent
respectivement aux valeurs de Atd aux points B et C de PDF d’origine (Fig. 11(a)), qui sont

les valeurs min/max d’erreur d’horloge.
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Figure 11: Analyse théorique: (a) PDF d’origine de I’incertitude d’horloge; (b) PDF avec
un décalage A = Ay; (c) a vs. A; (d) ER vs. A

Pour obtenir I’ER, la séquence de données est échantillonnée dans le domaine de clk2.
Pour éviter métastabilité dans le bascule[18], un registre a décalage avec 4-étage échantil-
lonne le signal d’entrée (D2) du domaine de clk2. Une porte NXOR avec 2 entrées détecte
les erreurs de transmission en comparant les sorties R3 et RS5; chaque événement de détec-
tion est alors prise en compte par le compteur de n bits C1 cadencée par clk2. Le role du
compteur C2 est de générer un événement de tous les 2" — 1 cycles de CLK2: ceci fournit
un intervalle de temps pendant lequel C1 compte les erreurs. La valeur de C1 est écrit dans
le registre de sortie Rs quand C2 déborde. Les registres Rs stocke la valeur signal de Nerr. 11
représente le nombre d’erreurs lors de 2" — 1 cycles de CLK?2 et peut étre facilement transmis
hors de la puce, car I’affichage est a une fréquence 2" inférieure a la fréquence d’horloge.

L’idée a d’abord été validé par un prototype discret avec des fréquences a échelle réduite,
puis un prototype avec la fréquence élevée sur puce a été congu en utilisant la technologie
CMOS 65 nm.

Conclusion

La génération et la distribution d’horloge sont des techniques importantes dans la domaine
des circuits VLSI. La qualité du signal d’horloge a un grand impact sur les performances

du circuit et de la consommation d’énergie. De nos jours, une grande variété de solutions
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Figure 12: Architecture of test circuit

d’horloge comme 1’arbre d’horloge, le maillage hybride d’horloge, la communication asyn-
chrone sont utilisées. Ces techniques présentent une limite supérieure de la taille de circuit
qui peut étre synchronisé. Dans les technologies submicroniques profonds, c’est difficile de
générer d’une horloge globale utilisable dans une grande puce par ces techniques classiques
d’horloge.

L’objectif de cette recherche est une étude d’une solution alternatif de synchronisation,
qui utilise un réseau des oscillateurs couplés par PLL tout numérique(ADPLL). Un tel sys-
teme est appelé «réseau d’ADPLL». Ce projet de doctorat inclus une étude théorique, la
modélisation, prototypage CMOS et FPGA des réseaux d’ADPLL. En comparaison avec les
études précédentes, qui ont montré la possibilité principale de génération d’horloge par un
réseau d’ADPLL, cette étude a démontré une faisabilité d’un grand réseau d’ ADPLL, et ré-
solu des problemes spécifiques li€s a la grande taille du réseau. Ce rapport de these décrit
en détail la conception d’une puce contenant un réseau cartésien de 10x10 nceuds, chacun
d’eux générant une horloge locale synchronisée en phase et en fréquence avec les horloges
voisines. La modélisation du réseau a différents niveaux d’abstraction était une partie impor-
tante du projet. Le réseau d’ADPLL est un systeme complexe: seulement son modele réduit
peut étre décrit par des équations, et des effets réalistes ne peut €tre prise en compte qu’avec
une modélisation numérique. Cependant, nous avons proposé€ un modele réduit utilisé pour
la conception, se rapportant aux parametres de réseau a la qualité de la synchronisation des

signaux d’horloge locaux.

La conception d’un prototype VLSI du réseau utilisée était basée sur I’étude précédem-
ment réalisée dans le projet HODISS, ol un réseau de prototype de faible taille a été mis
en ceuvre. Cependant, dans cette these, nous avons adapté le modele de plusieurs blocs du
réseau aux contraintes liées a la taille du réseau, et nous avons modifié le détecteur de phase
de maniere a améliorer la résolution (20 ps au lieu de 32 ps dans le travail précédent) . Pour
réaliser cette résolution, I’architecture Vernier a été utilisé. Le bloc DCO a été simplifié (la
taille et la consommation d’énergie réduites). Nous avons congu deux versions du filtre: une

architecture nouvelle avec I’optimisation de la vitesse de convergence et la consommation de
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la puissance, et I’autre étant une version simplifiée de 1’architecture utilisée dans le premier
prototype de faible taille de réseau. La puce contenant un 10x 10 réseau d’ADPLL est en

cours de fabrication en technologie 65 nm.

Manycore circuits sont probablement des applications potentielles les plus importantes
de la solution d’horloge proposée. Pour de tels systemes, la question de I’évolutivité est
primordiale: comment la performance du systeéme change si la taille du systéme augmente?
Pour notre solution de synchronisation, la question peut étre formulée comme suit: com-
ment la qualité de synchronisation (I’erreur de I’horloge) changer avec la taille du réseau (le

nombre de nceuds)? Notre étude fournit la réponse suivante a cette question:

- Si 'erreur de phase entre les horloges voisines est considéré, la réponse est «I’erreur
d’horloge exprimée en unités de temps ne change pas lorsque la taille du réseau augmente» .
L’erreur d’horloge entre les noeuds voisins ne dépasse pas deux étapes de résolution de la
mesure d’erreur de phase. La résolution de la mesure d’erreur de phase s’améliore a la
réduction de la taille des transistors CMOS (de la méme maniere que les retards de portes

numériques).

- Si I’erreur de phase entre deux nceuds du réseau est pris en compte: on a montré que,
bien que I’erreur de phase augmente avec la distance de Manhattan entre les noeuds (de facon
équivalente, avec la taille du réseau), une saturation est observée, et I’erreur est limitée a trois

étapes de la résolution de mesure d’erreur de phase.

Ces faits ont été vérifiés expérimentalement, sur un réseau de 10x10 nceuds mis en ceuvre
sur une plate-forme FPGA; limitations matérielles nous ont empéchés de test sur des réseaux

de taille plus grande.

L’un des avantages principaux du réseau d’oscillateurs couplés par ADPLL est la possi-
bilité de reconfigurer dynamiquement sa topologie, le connectivité, les parametres de blocs
de traitement, etc. Ceci permet une mise en ceuvre des comportements différents du réseau,
avec la méme plate-forme matérielle. Cette propriété a été utilisée avec succes pour la sélec-
tion du mode synchronisé souhaitable. En outre, nous avons exploré une technique originale
inspirée de I’hydrodynamique, ce qui permet a 1’élimination des vagues qui pourraient ap-
paraitre dans le réseau debout. En configurant le bord du réseau d’une fagon différente du
noyau du réseau, le bord du réseau peut €tre considéré comme un anneau indépendant et
synchrone. Les nceuds qui composent cet anneau excitent le noyau interne et absorbent les
ondes d’erreur qui reviennent du noyau, comme les canaux d’évacuation d’une piscine. Cette
«piscine» topologie a été étudié et congu. Son avantage dans la prévention de la propagation

d’onde et de réflexion d’erreurs a ét€ démontrée par les résultats de la simulation.

La mesure de I'erreur d’horloge peut étre nécessaire dans de nombreux cas: pour la
caractérisation, ou pour 1’auto-test du systeme d’horloge. Comme le signal d’horloge est
continue dans le temps et il est treés sensible au bruit, La mesure hors puce n’est pas appro-
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priée pour les signaux de haute fréquence. Dans ce projet, nous avons congu un circuit de
mesure d’erreur d’horloge sur puce, qui mesure les statistiques d’erreur d’horloge entre deux
domaines d’horloge dans les systemes d’horloge a grande vitesse (gigahertz et plus). Le ré-
sultat de la mesure peut €tre lu hors puce a faible taux. La stratégie vise a la résolution des
picosecondes sans calibration complexe. Apres validation de la technique sur un prototype
discret, un bloc de circuit intégré a été concu en utilisant la technologie de 65 nm. Cette IP
avec signal mixte a été utilisé dans la puce contenant un grand réseau de ADPLL, pour la

mesure des erreurs entre des horloges dans quatre endroits du réseau.

Le circuit de génération et de distribution d’horloge, avec le circuit de test intégré con-
stitue un systeme de synchronisation complet, qui propose une alternative aux techniques

d’horloge classiques et existants pour les grands systemes sur puce.



Perspectives et travail futur xli

Perspectives et travail futur

La puce de test est toujours en cours de fabrication lorsque ce document est écrit. Par con-
séquent, le premier travail a ’avenir devrait étre tester la puce et analyser les résultats de
mesure. Si les résultats des tests sont satisfaisants, la prochaine étape sera I’intégration du
systeme d’horloge proposé dans un SoC multiprocesseur réel.

En outre, au cours de la recherche, on a trouvé certaines difficultés ou des points d’amélioration
par rapport a la modélisation d’un tel systtme non-linéaire, la robustesse de distribution

d’horloge et le déploiement dans des circuits intégrés 3D.

Modélisation d’ADPLL pour I’étude de I'erreur de phase résiduelle dans
I’état d’équilibre
Un défi dans I’analyse du comportement de correction d’erreur de phase d’un ADPLL ou un

réseau d’ ADPLLs consiste en les fonctions non-linéaires. La non-linéarité apparait pour les

raisons suivantes:

e La caractéristique du détecteur de phase est mod 27t.

e L’interfaces analogique/numériques entre le filtre numérique et le DCO, et entre le
DCO et le PFD.

e [’échantillonnage de la bascule dans le filtre est commandé par la sortie du DCO: un

auto-échantillonnage

Les techniques les plus courantes et les plus efficaces sont ceux qui proviennent de la
théorie du contrdle pour les systemes LTI. Toutefois, la suppression de quantification con-
duit aux prévisions inexactes pour les erreurs résiduelles (c’est a dire quand un réseau est
tres proche de 1’état synchronisé). Par exemple, un modele LTI continu d’un PLL a deux
intégrateurs résiduel prédit I’erreur de phase nulle. Cependant, dans un réseau de ADPLL
réaliste, I’erreur résiduelle est au moins €gale au pas de quantification du PFD, et, est un pro-
cessus stochastique avec une forte corrélation. Le cas ou le systeme reste la plupart du temps
aux petites erreurs de phase est «<nominale» pour un réseau d’ADPLL et, par conséquent,
la défaillance du modele LTI pour décrire ce mode de fonctionnement est un inconvénient

sérieux.

Exploration de la propriété de tolérance de faute

Un probleme tres grave avec des arbres d’horloge ou d’autres approches centralisées consiste
a le manque de robustesse. Si en raison de certains défauts de fabrication, un fil interne ou un
buffer dans un arbre d’horloge se brise, I’ensemble de la sous-arbre du point cassé cesseront
de fonctionner correctement. Le systeme d’horloge proposé, une approche distribuée, c’est
mieux dans ce sens. Mais comme I’ensemble du réseau est couplé, si un lien entre deux do-

maines d’horloge est cassé ou un oscillateur fonctionne anormalement, les noeuds voisins et
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méme I’ensemble du réseau seront également touchés. Cependant, étant donné que les PFDs
observent toujours la fonction de génération d’horloge locale, et le systeme est numérique,
il est possible de développer un mécanisme pour détecter la position de défaut et pour con-

tourner le point de défaut automatiquement.

En général, il existe deux types de défauts dans le réseau: un lien cassé et un nceud
défaillant. Si un lien se brise, le PFD ne peut ainsi pas détecter I’erreur de phase entre les
deux horloges ou ne peut pas renvoyer des résultats corrects. Dans ce cas, ce lien ne doit pas
étre pris en considération lors du calcul du mot de commande DCO. Sachant que toutes les
liens ont leurs ceefficients de poids, il est facile de désactiver un lien s’il est cassé. Un noeud
défaillant est plus difficile a traiter. Une possibilité consiste a contourner ce nceud et utiliser

le signal d’horloge voisine provisoirement.

De cette facon, méme s’il y a une erreur quelque part dans le systeme, la puce ne sera pas
brisé rapidement. Il faut noter qu’il existe un compromis entre la complexité et la robustesse

du systeme.

La distribution d’horloge pour les circuits en 3-D

Trois-dimension (3D) IC est une technologie émergente poursuivie par 1’industrie et les lab-
oratoires. Il offre de nouveaux niveaux d’efficacité, de puissance, et d’autres avantages.
La distribution d’horloge dans le circuit doit étre dans trois dimensions spatiales, ce qui aug-
mente la complexité du générateur d’horloge. Plusieurs recherches portent sur ces problemes
[34, 35, 38, 6]. Trois topologies typiques ont été résumées dans Fig. 9.1[38]. En général,
ils combinent différentes topologies utilisés dans les circuits 2-D, comme arbre d horloge,
I’anneau et la maille. Le point commun dans les trois approches présentées dans Fig. 9.1 est
qu’un arbre d’horloge est mis en ceuvre dans le 2éme plan. La racine de 1’arbre d’horloge est
reliée a I’horloge de référence. Dans Fig. 9.1(a), deux autres arbres d’horloge sont utilisés
dans les deux autres plans. Les nceuds racines dans les deux plans sont reliés a la racine du
2eme plan par TSV. 1l en résulte un arbre d’horloge 3-D avec un seul nceud racine réel, et
le déphasage entre deux nceuds de feuille est plus grande que dans un arbre d’horloge 2-D.
Dans Fig. 9.1(b), le ler et 3¢me plans utilisent structure maillée a la place de la structure de
I’arbre. Chaque nceud dans les mailles sont connectés avec un nceud dans le 2eme plan par
TSV, donc un grand nombre de TSV sont nécessaires. Il en résulte une difficulté de mise
en ceuvre au niveau physique. Dans Fig. 9.1(c), les anneaux d’horloge sont utilisés dans le
ler et 3¢me plans, et que les quatre nceuds de coin sont reliés aux nceuds de coin du 2eme
plan. Cependant, si le plan est grand, la synchronisation entre les nceuds centraux dans les
plans différents est difficile a garantir. Nous pouvons voir les problemes de ces solutions
2-D classiques sont multipliés par la mise en ceuvre 3-D. En conséquence, ces solutions sont

d’efficacité limitée.

Nous proposons une méthode basé sur I’étude de ce projet de these. Cette méthode (cf.
Fig. 9.2) est inspiré par 1’approche affichée dans Fig. 9.1(c). Au lieu d’utiliser un arbre
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Figure 13: Différents réseaux de distribution d’horloge 3-D au sein du circuit de test de
[38]: (a) H-arbres, (b) H-arbre et anneaux/mailles locales, (c) H-arbre et anneaux globaux

d’horloge dans le 2eéme plan, une architecture distribuée du réseau ADPLL présenté dans ce
document (cf. Fig. 2.1) peuvent étre mettre en ceuvre. Un coin du réseau est relié a I’horloge
de référence. Deux autres réseaux d’ADPLLs sont construits dans le ler et le 3eme plans.
Les quatre nceuds de coin dans chacun de ces deux plans sont couplés avec les quatre nceuds
de coin du 2¢me avion aussi en utilisant la technique d’ADPLL. Par ailleurs, puisque les
réseaux d’horloge dans le ler et le 3¢éme plans ont quatre signaux d’horloge de référence,
ces deux plans peuvent €tre configurés comme une architecture «piscine» proposée dans
Chapter 7. Cette approche proposée exploite la fiabilité et I’évolutivité de réseau d’ ADPLL

par rapport aux approches classiques utilisés dans Fig. 9.1.
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Figure 14: I’approche proposée de distribution d’horloge 3-D en utilisant le réseau
d’ADPLL
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1.1 Area of focus

Advances in CMOS technology have led to an exponential reduction in size of digital cir-
cuits (logic cells, transistors). The modern SoC can be regarded as micro-networks allowing
different parts of the systems to work together and communicate. Synchronization of the
communication becomes a research subject of utmost importance. This study addresses the
problem of global clock generation and distribution inside complex and large SoC, so as to
allow a full-synchronous communication on the chip. It is motivated by deficiencies of con-
ventional clock generation approaches such as clock tree in the context of deep sub-micron
CMOS technologies. The developed clock generation technique is based on a network of

coupled oscillators distributed over the chip.

initial clock t

\5:\ . P : .
: i clock amplifier /\ 0
' » ' '

isochronous zone

.........................

functional isochronous zone

(2) (b)

Figure 1.1: Clock domains in a SoC: (a) isochronous zone and (b) their placement in SoC
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1.1.1 Problem of clocking in large digital circuits

Traditional clock generation in complex circuits uses tree or grid structures [8, 5, 1]. The
matching between different clock paths is the key point of the clock network design. In large
chips designed in advanced CMOS technology, such a global matching is difficult to achieve.
Because even if positions of the leaf nodes are symmetric with regard to the source point of
the clock, mismatches between the buffers and the lines introduce uncontrollable skew. In
practice, the local clock areas have different sizes and positions, making difficult a perfect
clock tree equilibrium. To solve the problem of mismatch, the size of the lines and buffers
must be increased so to become less sensitive to fabrication errors, which however makes the

solution very expensive, mainly in terms of energy consumption and area[61, 5].

_q_ _D_
D H-tree
Clock area
| ]
—qj:d—<'—| o
Branch-tree <+ | 4—
Cloc! area
X-tree
Buffer
(amplifier)\zlx
[ ]
Clock area

PLL

Figure 1.2: Examples of conventional clock distribution tree structures: Branch-tree,
H-tree and X-tree

Possible improvements of the original tree distribution system consist in providing the
clock generator with a skew compensation mechanism [46, 62, 9, 25, 12, 63, 69, 20, 48, 7].
The skew monitoring and control are performed by a dedicated controller called skew com-
pensator gathering information about the skew in all characteristic points of the chip. Its role
is to ensure that the clock ticks sent to all clock domains arrive at the same time. It is diffi-
cult to implement this strategy because of the requirements imposed on the interconnections
of the various regions. In addition, this strategy does not solve the problem of high power
consumption associated with buffering of high frequency clock signals.

Even though the cost is high, clock tree or grid is still attractive for industry for now
because of it is a mature method for synchronizing the chip and is well supported by current
EDA tools. According to the recent published papers of industry, Sumsung’s new 28 nm
mobile application processor[54], Applied Micro’s 3GHz 64b ARM v8 Processor [70] uses
a hybrid structure of H-tree and clock mesh.

However, it is obvious that this method is not scalable. With the increase of circuit com-

plexity and number of cores in a processor, centralized clock generation will be too expensive
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to realize. A different way of thinking consists in partition a large chip into local clock ar-
eas (domains) [71, 42, 26, 41]. These domains are also known as isochronous zones [4] or
Synchronous Clocking Areas (SCA) [21](cf. Fig. 1.1). These zones are small enough so that
clock distribution inside can be achieved without any difficulty by conventional techniques.
The size of the zone is determined by the maximal clock signal propagation delay inside the
zone that would not violate timing constraints of the circuit. This delay depends on process
technology and wire routing, hence the zone does not have an exact dimension. An empirical

number of gates/latches inside the zone is approximately 200-300 thousands.

The communication inside the SCAs is synchronous, thus the problem of global commu-
nication is reduced to communications through the borders of the zones. The communication
between the blocks situated in different SCAs can be synchronous or asynchronous. In the
first case the chip is GSLS (Globally Synchronous Locally Synchronous), in the latter case
the chip is GALS (Globally Asynchronous Locally Synchronous).

Because of the difficulties of global synchronization, SoC engineers orient their choice
toward the GALS[37]. This is achieved by using bi-synchronous interfaces (ex. FIFO)
guaranteeing the signal integrity at price of design complexity and increased latency. More-
over, in asynchronous circuits, the reliability is difficult to guarantee at design stage for two
reasons. First, an asynchronous system is analog, because the time is continuous, and its
exhaustive verification is impossible. Second, the metastability risk may be worse than usu-
ally expected, because the clocks of SCAs are not really fully independent. Indeed, these
clocks are derived from a single input clock and distributed to different modules. Their
relative phase shifts depend upon fast and slow changing parameters like aging (slow), tem-
perature (medium speed), and voltage (fast). Metastability could occur for certain values of
these parameters. During a short period of time, slow and medium speed parameters do not
change, leading the metastability to reoccur repetitively, so increasing the risk of the system
failure[50].

Therefore, although by using GALS there is no more worry about mismatch between
clock signals in different domains, it gives away the advantage of global synchronous circuit
like reliability, deterministic behavior and high communication rate. Loosely synchronous
[58] arises when some bounds on the frequencies or phases of communicating blocks are
known. In this style, if the clock generation method ensure that timing requirements are met,
the handshaking is unnecessary for data transfer, resulting in higher circuit performance.
However, synchronizers and FIFOs are still necessary, so metastability is not avoided. More-
over, to determine the optimal size of FIFO buffers, a timing analysis is necessary to bound
how far the relative phase difference between the sender and receiver may drift. This kind of

timing analysis is not yet common for on-chip timing and not supported by EDA tools.

This work contributes to this subject by studying an distributed clock generation method
for synchronizing a large circuit. It is addressed to the designers developing GSLS circuits:

the proposed solution is an alternative to traditional global clock distribution techniques.
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The following section presents an overview of the distributed clock generation proposed
during HODISS project.
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1.2 Environment of the PhD project: the starting point and
motivations

This PhD work is deployed in the framework of a research project at LIP6 laboratory focused
on techniques of alternative clocking, started at 2007 and funded by two consecutive ANR
grants (HODISS, 2008-20012 and HERODOTOS, 2011-2014). The project was focused on
a study of a particular architecture of clock generation, based on a network of oscillators
coupled by a network of All-Digital Phase Locked Loops. The goal of the project is a
development of a novel clocking technique and its validation by design of two IC prototypes.
My PhD thesis is directly related to this objective. Before my arrival, the project were carried
out by a PhD student Eldar Zianbetov who finished his PhD when I arrived, and a post-
doctoral researcher Mohammad Javidan. Since the starting point of my PhD project was
the result obtained by the previous work, in this section I will summarize the state of the
project at that time. In Subsection 1.2.10 I will explain the shortcoming and challenges which
motivated the opening of my PhD position, and in Section 1.3 I will present the objectives of
my PhD.

1.2.1 Network of coupled PLLs for clocking: history of the concept

In 1995 Gill Pratt and John Nguyen proposed a distributed clock generator based on network
of coupled analog PLLs [39]. Our work is based on this kind of architecture. For this reason,

this subsection provides essential information about that.

The proposed clock generator belongs to the family of multioscillator architectures based
on a network of coupled oscillators. In such a clocking scheme, Fig. 1.3, a chip is partitioned
into local clock areas, each of them having its own clock generator (oscillator) which must be
synchronized with its neighbors in the phase domain. The goal of the distributed PLL(phase-
locked loop) network is to synchronize each oscillator in phase and in frequency®. In a steady

state, such a network is a source of fully synchronous distributed local clocks.

chip boundary —— | T P '
@ 0@ &
A . i \
/ : : : Clock source
. @ @ @ . .
Synchronous Clocking Area| | : : + | with conventional
(SCA) S Hliie e : clock distribution
L @ @ @ .

Figure 1.3: Basic idea of multioscillator clocking approach

*A synchronization in phase implies a synchronization in frequency
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The architecture proposed by Pratt and Nguyen is a 2 dimensional Cartesian mesh net-
work (cf. Fig. 1.4(a)), where the nodes are the local clock generators and the arcs represent
the coupling links between these local generators. Each local generator is linked only with
its immediate Cartesian neighbors. In such a topology, a global distribution of clock signal is
replaced by local signal transmission using short coupling links. This is the main advantage
of such an architecture comparing with centralized clock generation approaches.

Distributed PLL
NODE | ;
Digital Pl filter
DCO
Control signal Q
>(") >

Total error

clock to circuitry

CLK, 7>PFD<

Local high freq. clock j

Divider

IN
Local divided clock /

Figure 1.4: Topology of the proposed clock network and architecture of the network
node

The coupling between the oscillators is implemented in the phase domain via phase com-
parators, Fig. 1.4(b). Each phase comparator measures the phase error between the neigh-
boring two oscillators. This measure is then used by the control circuit associated with the
oscillator in order to provide a control signal forcing the oscillator to synchronize with its
neighbors. The control signal impacts directly the frequency of the oscillators — which is a
derivative of the oscillator phase. For each oscillator a, the phase error e, , is defined as the
difference between its own phase and the phase of its neighbor b. The phase ¢ and the phase

error are defined modulo 27: the most common definition of the phase error is [39]:
eab = (T+ 0y — ¢p) mod 27 — . (1.1)

According to this definition, e, can have values in the interval [—m,w]. The phase error
"seen" by the oscillator b between b and a is e, , = —e, ). For this reason, each phase
comparator is associated with two oscillators and generates two phase error signals e and

—é.

Fig. 1.5 presents an example of an autonomous (without input reference signal) network
composed of two oscillators. In a more complex network, each oscillator (i, j) receives n;
errors with its n; ; neighbors (Fig. 1.4). These errors are processed by the control block
including an error combiner and a loop filter. The error combiner can be in the simplest

case a weighted adder. The filter processes the combined error signal called Total error so to
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Figure 1.5: Phase coupling between two oscillators

generate a control signal on the oscillator input. The objective of the control is to keep at the
signal Total error close to zero.

It has been proved that such a system has a stable operation mode in which all oscillators
have the same phase. The existence of this mode is conditioned by a right choice of the
network parameters, in particular, the parameters of the control blocks of the nodes. It has
been shown that apart from the mode in which all oscillators have the same phase, there are
several modes in which a fixed phase shifts between the oscillators exists. Pratt and Nguyen
studied this phenomenon and indicated several solutions for the selection of the desirable

stable synchronous mode. This issue is discussed in Subsection 1.2.9.

The architecture proposed by Pratt and Nguyen has been successfully implemented by
Gutnik and Chandrakasan [15]. The implemented chip contains 4x4 voltage controlled
oscillators (VCO) synchronized by a PLL network.

The analog nature of this system is its main drawback. The clock generator is usually
integrated with the digital blocks which use the clock signal. The performance of an analog
PLL in a digital environment may be drastically degraded by perturbations due to switching
in the digital circuits. Moreover, using analog PLL network for clock generation makes

technology migration more difficult and reduces the design portability of the overall SoC.

For this reason, the project carried out at UPMC is focused on a digital architecture of the
network of PLL for local clock synchronization[43]. In the next subsection we present the

principles of digital phase synthesis and its advantages for the distributed clock generation.

1.2.2 Digital phase synthesis

This subsections explains how all-digital PLLs can be used for generation of clock for large

digital circuits.

The principle of digital phase synthesis can be illustrated by a single All-Digital Phase-
Locked Loop (ADPLL) as an example. Known since a long time but actively used since one
decade, the digital PLLs has recently gained ground on the analog PLLs [55]. The ADPLL
operates following the same principle as conventional analog PLL, and functionally has the

same structure (Fig. 1.6).
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Figure 1.6: Block diagram of the ADPLL

An analog phase comparator generating a signal proportional to the phase error is re-
placed by a digital phase comparator (DPC), which generates a digital code proportional to
the error. This code is processed by a digital loop filter (DLF). Thereafter, the digital signal
from the filter output is used to control the Digitally-Controlled Oscillator (DCO) directly.
The divider defines the ratio between the reference (input) and output frequencies of the
ADPLL, i.e. the frequency multiplication factor.

A digital PLL is a system processing mixed analog/digital signals: the target control
quantity is analog (the phase), thus in a broad sense, the DCO and the digital phase com-
parators are digital analog converter(DAC) and analog digital converter(ADC) respectively.
However, as it will be shown in Chapter 3, these two blocks can be implemented with digital
cells. Such a circuitry is weakly sensitive to the perturbations generated by digital circuit

environment. Hence, the drawbacks usually associated with analog circuits are attenuated.

A digital PLL has the following particular property. The phase error (the quantity to
be regulated) is sampled by the divided DCO output signal; the same signal is used for the
digital processing block clocking. However, the DCO output signal depends on the output
of digital processing block. By consequence, an ADPLL is a self-sampled system. This
fact significantly complicates the system analysis; the properties of the ADPLL network
related to the self-sampled operation were studied in the frame of the PhD project of Jean-
Michel Akré [2]. Comparing with analog frequency synthesis, the digital phase synthesis

has numerous advantages:

e Use of digital design techniques.
e Reconfigurability and programmability.

e Immunity to perturbations.

These advantages of digital phase synthesis inspired the research team at LIP6 to study
the possibility of synchronization of an array of oscillators by a network of all-digital PLLs.
A first prototype of such system was designed in CMOS 65 nm technology. The prototype

implemented a 4 x4 network with 16 nodes. It is presented in the next section.
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1.2.3 Presentation of an ADPLL network prototype designed at LIP6
prior to my PhD thesis

Fig. 1.7 presents the architecture of the network and the location on different blocks on a
chip. A chip is divided into zones we call "SCA" (Synchronous Clock Areas, similarly as in
GALS literature). In the center of each zone there is a digital loop control filter and a DCO
(Filter/oscillator block (FO) in Fig. 1.7). Each phase frequency detector (PFD) is shared by
two neighboring SCAs.

The structure of one network node (NODE, ;) in this specific ADPLL network is dis-
played in detail in Fig. 1.8. Compared with an analog PLL network in Fig. 1.4(b), it uses
digital phase/frequency detector, a proportional-integral (PI) digital loop control filter, and
a digitally controlled oscillator. Four clock signals generated by neighboring nodes around
NODE; ; are used as references. PFDs quantize the phase differences between these ref-
erence signals and the locally generated divided clock. These quantized binary codes are
summed by Error combiner and then processed by the PI filter, which updates the control
signal for DCO at each cycle. The PI filter is sampled by the local divided clock, by conse-

quence, this is a self-sampled system.

The following subsections Subsection 1.2.4 to Subsection 1.2.6 present the principles and
implementations of these blocks designed in LIP6, and emphasize the features specifically
related to the digital nature of this system.

1.2.4 Phase frequency detector (PFD)
PFD principle

A phase comparator is a device measuring the difference between phases of two periodic or
quasi-periodic signals. Modern PLL circuits use phase comparators providing the sign of the
phase error [14]. They are usually called phase-frequency detectors (PFD), for the reason
which will be explained later. In this document, the following convention is used: the input
signals of the phase comparator are named ref (signifies the reference clock) and div (signify
the divided feedback clock), and we concern their rising edges. When the rising edge of ref

is leading, the phase error is positive.

The main difference between digital and analog PFD, is that the digital PFD generates
a digital value of the error immediately after the end of the measurement, and the result
is stable until the next measurement. Whereas existing analog PFDs codes the measured
phase difference with a PWM(pulse width modulation) signals [14]. A confusion is often
made between analog PFDs composed of digital components but whose output information
is contained in the widths of output pulses (sometimes called "digital") and a digital PFD
defined in the present paragraph. These PFDs using PWM signals are analog because their

analog pulses are continuously variable analog quantities.
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Figure 1.7: Structure of the first ADPLL network
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Figure 1.8: Structure of a node in ADPLL network

In a digital PFD, the phase error sign detection is achieved with a four states finite-state
automaton. These states are described by values of two internal binary signals MODE and
SIGN. A measurement cycle starts when the M ODE signal is zero and the value of the SIGN
signal has the value of the last measured error sign. In this state the automaton is ready for a

new measurement and waits for an event on one of the inputs. When an event arrived on the
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input, the MODE goes to 1’ and the SIGN value takes either 0’ or ’1’, depending on the
input which registered the event. After that, the automaton waits for an event on the other
input, ignoring all following events on the first input. As an event arrives on the other input,

the MODE bit goes to ’0’” and a new measurement cycle can start.

1 - Reference clock
leads

0 - Local clock

E 0 - Waiting

1 - Measuring

G)) (b)

Figure 1.9: The phase/frequency detector:(a) transfer function and (b) state diagram

Hence, the SIGN signal value indicates which input receives a rising event first during
the last measurement cycle. By convention, when ref is leading, SIGN is high (a positive
phase error). Such a function is called in literature bang-bang(BB) phase detection, and the

corresponding hardware block bang-bang detector.

Considering the finite-state automaton studied above, we can note that duration of the
MODE signal provides the time equivalence of the absolute value of the phase error. This
signal can be used as an input of an analog phase detector, or passed through a time-to-digital
converter (TDC) so as to obtain a digital output, which is then combined with the sign bit
so as to obtain a signed digital result. We used the latter approach to obtain a fully-digital
PFD. Its architecture and input-output characteristic is given Fig. 1.10. Note, that the aspect
of the characteristics for small phase errors is chosen so to maximize the information carried
by the digital signal: The phase error less than one step of PFD is represented by +1 or -1
depending on its sign. Thus the minimum output of PFD is +-1. The PFD has two outputs,

the phase error e,;[n] and é,;[n] = —e,;[n].
CLKi —> SIGN

BB-PFD .
CLK2 —> Lo il

Arilt)?mﬁtic N ]
MODE K e i)
m E
mwe p—p4~= Anmin

(a) (b)

Figure 1.10: Proposed phase/frequency detector for clock network: (a) block diagram
and (b) transfer function

The dynamic range of the PFD depends on the application context, as well as on the

shape of the PFD transfer characteristic (linear or not). For this implementation, a linear
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Figure 1.11: Principle of operation of proposed PFD: initial fault result about sign of the
frequency error can be observed at the beginning; resolved at the next cycle of operation

characteristic of the digital PFD is chosen. The linear range of the PFD may not necessarily
cover the range of £ starting from certain value A, of input error, the output may saturate.
This is because the essential operation mode of a PLL is when the synchronization is close
to be achieved. In this mode the phase error is small and falls in the linear range of the
characteristic. That allows a reduction of the number of bits of the PFD output while keeping

a high measurement precision.

The waveforms in Fig. 1.11 illustrate the operation of the circuit. The initial states of the
BB-PFD and TDC are unknown and M ODE bit has low logical level. Thus, independently
of the initial state of the phase error sign, when the ref event happens, the SIGN becomes
"0’ and TDC waits for the div event, counting the time elapsed from the first ref event. After
the div event happens, the error code is ready, and the M ODE bit becomes 0’ again, waiting
for one of the events div or ref. It is very important to note that the information at the output
of the proposed multi-bit PFD is ready only at the falling edge of the MODE bit, as it can be

observed on the diagram.

Implementation of digital PFD by the LIP6 team, prior to my PhD

The bang-bang detector architecture used for this project is inspired by [59]. As mentioned
previously, the BB-detector measures the sign of the phase error and generates a time interval

corresponding to the absolute phase error value.

The detector architecture consists of two input flip-flops, the arbiter circuit filtering the

metastability, the output buffer latch and the reset logic (Fig. 1.12).

The input registers detect the input events and generate "0’ at the outputs Q as the events
arrive. The principal role of the flip-flops is to detect the first event arriving on one of the
inputs ref or div and to ignore all subsequent events arriving at the same input till the first

event arriving on the other input. In the waiting state, the outputs Q are ’0’, when events
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TDCCLK
Input latch 1 TDCIN
ref ———0CCK FF]|
'1'—4qD Arbiter Store trigger
5[ A SIGN
R Q A Afirst S Q —
ER ke 1B B 4B r QSN
1D
div 1iC’K FF
Input latch 2

Figure 1.12: Schematic diagram of the bang-bang phase/frequency detector: taken from
[59]

arrive, the outputs Q return to 1°.

The arbiter plays two roles. The first one is the generation of the signals at the outputs
A firge and B sjr; which are *1” or 0’ depending on which input either A or B receives an event
first. This information is then stored till the end of the measurement cycle. The second role
is to filter the possible metastability resulting from simultaneous arriving of events at inputs
A and B.

The principle of the metastability filter is shown Fig. 1.13. If the flip-flop goes to a
metastable state (Vdd /2, Vdd/2), the metastability filter composed of the transistors M1-
M4 produces ’1° as long as the difference between the output voltages of the flip-flop does
not exceed the transistor (M3 or M4) threshold voltage. After that, the actual state of the
flip-flop is propagated to the output. This circuit makes impossible a metastable state at its
output, however, it generates a delay of unpredictable value, which is surely able to produce

a metastability in the further stages.

M1 M2

. N ij;%:j: AO BO Afirst Bfirst
T astabily M3 M4 0] 0] 1 1
J 1 0 0 1
0 1 1 0
vdd/2 | vad/2| 1 1

Figure 1.13: Proposed in [59] arbiter circuit

The bang-bang detector operates as follows. In the initial (waiting) state, the arbiter
inputs are at "1’ level, and the arbiter has ’1° at both outputs, keeping the buffer trigger in the
storage mode. The buffer trigger keeps the SIGN value detected from the last measurement
cycle. When one of the signals Q1 and Q, goes low, the trigger of the arbiter is set to a

well-defined state, and after the second signal goes low, the arbiter trigger is in the storage
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Table 1.1: C-element truth table

A|B|C]| Z
0f[o0JO0[ O
110]0][Z
0/1]0]Z
111[0]Z
0[0]1][2Z0
110[1][Z
01 ][1]Z
L1 ]1] 1

mode. If the falling edges on A and B inputs of the arbiter arrive simultaneously or with a
vary small time interval, the flip-flop of the arbiter can trap into a metastable state. In this
case, the arbiter outputs *1°. In this case, the output buffer trigger is in the storage state, and
it outputs the sign value detected from the last measurement cycle. If the phase error is far
from zero and if there is no metastability problem, the sign value is defined just after the
arriving of the first event (after the flip-flop delay). Otherwise, the correct value of the phase

error sign may be established on the output with a delay whose value is random.

The buffering RS trigger is needed to store the value of the phase error sign during the
measurement cycles.

The truth table of the Muller C-element is given in Tab. 1.1. Its role is to generate a reset

signal for the input flip-flops only when two conditions are fulfilled simultaneously:

e Events are detected on both inputs by the input registers

e The arbiter is out of the metastable state, and the output of the buffer register is set to a
well-defined state. This condition is verified by the combinational logic composed of
gates 11-13

The reset of the input latches marks the end of a measurement cycle. The duration of
this reset pulse is determined by the loop delay: C-element keeps the value *0’ till the input
registers reset their states and the arbiter’s trigger comes to the state with 0’ at both outputs
(and 1’ at the outputs of the metastability filter). This state corresponds to an initial state of
the bang-bang detector.

As we said at the beginning of this subsection, the second role of the bang-bang detector
is a generation of the MEASURE signal whose duration is equal to the time equivalent of
the phase error. This time interval is then quantized by the TDC. The MEASURE signal
is delimited by two events TDCIN and TDCCLK generated by a combinational logic from
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the outputs of the input latches (Fig. 1.12). The event TDCIN marks the start of the time
interval, T DCCLK marks its end.

A simple architecture using delay chains is applied for the TDC design in the first test
chip. The typical resolution of a delay chain has the same order as the elementary buffer
delay available in the technology. For CMOS 65 nm this is 30 ps. Hence, for the project
HODISS, 30 ps is defined as TDC resolution. The dynamic range of the phase comparator
(—Ady, +Ad,) was chosen to be —1t/4, 1 /4. For the nominal output frequency 1 GHz divided
by 4, A9, corresponds to 500 ps. This range needs about 15 measurement steps, which can
be coded by 4 bits. With one bit added for the sign of phase error, the output PFD word has
5 bits.

The proposed architecture of the TDC is based on a tapped delay line, and is inspired by
the architecture presented in [33]. The delay line implements a discrete set of time (delay)
values defining the output ADC grid. The time interval to be measured is compared with
values of this set, and a corresponding digital code is produced. This architecture is similar
to flash ADC, where measured signal is compared to discrete reference levels. The time
interval to be measured AT is defined by the starting and ending events given by the rising
fronts of the signals TDCIN and TDCCLK. The starting event is applied to the input of the
delay line. If initially all output buffers had *0’ values, after the rising front on the signal
TDCIN there is a propagation of ’1’ through the line. The depth of this propagation is
proportional to the elapsed time. The latches detect its propagation depth through the delay
line during the measured time interval. Hence, the outputs of the buffer can be considered as
a digital chronometer giving the digitized time elapsed from the starting event. The latches
produce the snapshot of the state of the delay line at the moment when the ending event
arrives. The obtained thermometer coded word is then converted to a binary code and is used
to generate the output phase error code of the PFD.

The implemented TDC uses 14 delays which provide 15 quantization levels (0-14t7pc,
Trpc is resolution of TDC, which equals to the single delay value) including zero and the
saturation level (Fig. 1.14). The PFD,,, is in the range [—15,—1]U[1,15].

TDCCLK_

Figure 1.14: Block diagram of proposed time-to-digital converter
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1.2.5 Digital loop control of ADPLL network node

This subsection describes the digital loop corrector of node used in the 1% prototype designed
at LIP6. The simplified architecture of this block is given in Fig. 1.8. This block processes
the phase errors between the local clock and 2, 3 or 4 neighbors issued by the corresponding
PFDs. The purpose of this block is to generate a control word for the input of the DCO. It
includes two cascaded elements: an error combining block and a proportional-integral digital
filter.

A detailed schematic of the implemented digital processing block is provided in Fig. 1.15.
The block receives four 5-bit signed binary words as inputs, and generates a 10-bit unsigned
word for the DCO control (the output of the adder ADDS5). This signal is applied to the input
of the DCO. The schematic in Fig. 1.15 includes the encoder converting this input binary
code to the A, B and C signals necessary to control the DCO core. This encoder is described

in Subsection 3.3.2.

3 -
De%ozd_lter C C
A

Q
Decoder B| 7 R Q
7 L

5
Decoder A| 31 -

> B2T A
7

Figure 1.15: Error signal processing block: four input gain controllers followed by the
four-input adder, PI filter and three Binary-to-Thermometer(B2T) decoders. Shown timings
are maximal in a worst conditions.

The error combining block receives four 5-bit 2-complement coded words representing
the phase errors with neighbors. These values are passed through four gain blocks (multipli-
ers with a constant) MUL1-MUL4 and then summed using three two-inputs adders ADD1-
ADD3. The weighting coefficients of the gain blocks Kw; — Kw,4 are programmable (cf.
Subsection 3.3.4). Each gain can take independently a value in the set {0,1,2,4}. These

values are powers of 2: the product is implemented as a binary shift.

The four inputs adder operates with four 7 bit operands and produces a 9 bit sum. This
adder is based on the carry look-ahead (CLA) architecture. The output of the adder ADD3 is
buffered with a register RGF. This is necessary to complain with the timing constraints and
keep sufficient timing margin. The digital block is sampled with the local divided clock (div

signal).
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The transfer function of the PI filter given in Fig. 1.8 between the points "Control signal"
and "Total error" is given by Eq. (1.2).

1
H() :OH_BI_IZI _ (ochIIS_)Z?cz

where o and P are the gain coefficients of the proportional and the integral paths respectively.

(1.2)

In order to multiply the configurations in which the prototype can be tested, the coeffi-
cients of the filter were made programmable. Theoretical investigations [28, 27, 3, 2] pro-
vided for the coefficients the following specifications: o € {1...0.03}, B € {1...0.00024}

The calculations inside the filter are achieved in fixed point arithmetic. For the propor-
tional part, the coefficient o is represented as a ratio of a programmable integer number and
a power of 2 integer number:

Ky

(XZE,

(1.3)

where K), is integer in the range {0, 31}. The 9 bit input word is first multiplied with K, then
divided by 2°. The fractional part of the result is then ignored, and only the integer part on
9 bits is applied on the input of the last adder ADDS.

The integral coefficient [ is defined as a ratio:

K;
B= DIEk (1.4)

where K; is in the range (0,22 —1).

Note that the adder ADDS before DCO receives integer values, by consequence, the
fractional parts of the results of the proportional and integral branches (y,, and y;,) are
rounded. The actual formula for the DCO input y, is :

Yin = Yin—1 + an
Yp.n = Oy (1.5)
Yn = Vinl + [Vpnl

where x,, is the input of the PI filter (output of ADD3).

1.2.6 Digitally controlled oscillator (DCO)

There is an extensive literature about CMOS implementation of Digitally Controlled Oscil-
lators [72, 56, 31]. A deep study of DCO suitable for clock generation in the context of
the ADPLL network has been carried out at LIP6 prior to my PhD. This section presents
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the key information about the implemented DCO, necessary to understand the contribution I
provided to this project.

The designed oscillator is a CMOS DCO with frequency range 999-2480 MHz and 1024
equal frequency steps within it, with highly linear and monotonous code-frequency char-
acteristic. The DCO ring includes 7 inverting stages. The frequency control is achieved
through a width modulation technique [59, 23, 36] using an array of tuning CMOS invert-
ers. A control scheme employing a mixed thermometer/weighted encoding provides a high
frequency precision and monotonicity of the DCO. This technique is a result of compromise
between the DCO precision and area economy. In addition, a frequency divider produces all

necessary clock signals for the digital filter, the local clocking zone and feedback.

DCO architecture

The ring oscillator is constituted with seven main inverters (MI0-6), each one associated
with a column of individually controlled tuning inverters (I0-16). The oscillation frequency
is modulated by the number of simultaneously activated controllable cells. It can be roughly
considered that the input and output capacitance of a tuning inverter doesn’t depend on its
state (active or not). In this case, the load capacitance of all seven stages is constant in time.
The number of active inverters defines the driving charging/discharging current, hence, the
total delay of the chain and by consequence, the oscillation frequency. The number of stages
is chosen so to be closed to a power of 2, and is large enough to produce a well-shaped

rectangular signal [17].

Detailed architecture of the DCO is given in Fig. 1.16(a). While the main inverters are
simple CMOS inverters (Fig. 1.16(b), MI0-MI6), the tuning inverters are connected in paral-
lel to each stage and distributed over all 7 stages of oscillator. Each tuning cell is a control-
lable inverter associated with a local control logic decoding the row and column actuation
code (Fig. 1.16(c-e)). These tuning elements are organized in three arrays implementing a
coarse and a fine frequency tuning.

Coarse tuning

The coarse tuning is achieved by two arrays of identical tuning cells (Fig. 1.16(c,d)). The
first array consists of 224 (7 stages x 32 rows) coarse-tuning inverters (CTI) (Fig. 1.16(c)).
The second array consists of 42 tuning cells (7 stages x 6 rows). 32 cells of second array
are called "additional coarse-tuning inverters" (Fig. 1.16(d), CTIA); they are used for virtual
extension of the number of the columns in array to 8 (a power of 2), in order to simplify the
decoding of the binary input word (cf. Section 1.2.6). The 11 remaining cells of the second
array are used for the oscillation frequency trimming. CTI and CTIA total 256 identical
elements and are designated as #000—#255. Together, they provide 2% — 1 equal frequency

steps.
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Figure 1.16: DCO architecture: (a) structure, (b) main inverters, (c) circuit diagram of the
coarse tuning cell, (d) circuit diagram of the additional coarse tuning cell, (e) circuit diagram
of the fine tuning tuning cell

Virtual
Stage 7

T T
Stage 0 |Stage 1 Ml \Stage 5|Stage 6
"
#000 #001 | _#004 | #00! T
#008 #009 s semree
#...
A<00:32> #
#..
#... .
#2401 _#.0" [ 2 #246
#248 A.ot249 AS* #250 #251 #252 #253 #254
A<00:06> >~ #007 4T~ #015 #023 #0531 #039 #047 #055
A<07:A13>=>I #063 | #071 #079 . #095 #103 #ol
A<14:20> =PI #119 #127 #135 | crjp [#151 #159 Jo+%167
A<21:27> P #175 #183 #191 [#207 o2 #223
A<28:30> =~ #231 #239 <l | T c°
N eeen i {
BO B1 B2 B3 B4 B5 B6

Figure 1.17: Virtual extension of the 8™ stage of the oscillator principle

Fig. 1.17 presents the principle of virtual extension of stages. The CTIAs are considered
by the control blocks as if they were at the 8th (or 23) stage of the DCO.

Fine tuning

Fine tuning is implemented with three identical fine-tuning inverters (Fig. 1.16(e), FTIO-
FTI2) connected to the stages 1, 3 and 5. These cells are smaller than the CTT and CTIA cells,
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and provide 4 "small" frequency tuning steps inside each coarse tuning step. Together with
coarse-tuning inverters, these fine-tuning cells allow 1024 DCO frequency steps. The size of
transistors in FTI cells is defined by the dimensions of transistors in CTI/CTIA divided by
the number of the fine tuning steps corresponding to each coarse tuning step (size ratio 1:4).
The number of fine tuning steps must be a power of two for control simplicity, and was set
to 4 as a compromise between the precision (monotonicity may degrade when the number of

fine tuning steps increases) and the obtained gain in the overall number of frequency steps.

Control algorithm

The goal of the digital control circuit is to generate the individual command signals for all
tuning cells from the 10 bits binary input signal. The whole array is controlled with three
thermometer signals A, B and C, whose integer values are derived from the input 10 bit DCO

binary code W following the equations which are very easy to implement in digital circuit:

A=W%32+1
B = (W modulo 32)%4 (1.6)
C = W modulo 4

where % means the integer division. Note that the bit Ag of the thermometer coded A bus is

set as always 1 by this formula.

The logical equation for individual enable signal of the coarse tuning inverters is given
by:

A1 VB AA;, i < 30;
ENcn'i,jZ{ o s (1.7)

Bj NA;, i =31
where i € {0,1,..31} is the number of the CTI row and j € {0,..6} are the number of the

CTI column. In this formula j defines the physical columns of the array and its range doesn’t

include the virtual extended row.

For the additional coarse tuning cells implementing a virtual row the logical function is
given by:
ENtigi = Ait+1, 1 =0...30. (1.8)

Here i is the index of additional cell equal to the index of the CTI row completed by this cell.
The individual enable signals for FTT are:
ENgii =C; (1.9)

where i = 0..2, i is the index of the FTI cell.

All the tuning cells have the same geometrical constraints as the standard design kit cells
and are controlled by digital signals, making the block compatible with digital circuits such
as the filter.



1.2. Environment of the PhD project: the starting point and motivations 21

Section Subsection 1.2.8 and Subsection 1.2.9 will present the stability issue of the AD-
PLL network.

1.2.7 Modeling of ADPLL and of ADPLL network

An ADPLL is a non-linear dynamic system. A network of coupled ADPLLs is an even more
complex system with high order. To study their behavior and performance, they should be
described by models. Transistor level modeling is the most precise way to model a circuit.
However, for a circuit with a large amount of transistors, simulation at this level takes long
time. Moreover, transistor level modeling is not flexible if we need to modify system param-
eters. For these reasons, some abstract models at behavior or analytical levels are necessary.
By consequence, models at different levels have been created for different steps during the
design procedure.

Transistor level modeling — Transistor level modeling is a precise tool for the charac-
terization of an ADPLL. We can use this model to simulate the system as close as possible
to the real circuit to be fabricated. For instance, we can verify the system performance at
different process corners (TT, SS, or FF) or with variations of PVT (process, voltage and
temperature). Transistor-level modeling is unavoidable for mixed signal blocks (TDC and
DCO), whereas purely digital blocks may be accurately modeled by VHDL/Verilog descrip-
tion. Transistor-level description of the ADPLL network is presented in detail in Chapter 3.

HDL modeling — Models written in VHDL or Verilog HDL describe systems with
discrete (digital) signals defined on discrete or continuous time. It allows a time simulation of

an ADPLL network, and an observation of its behavior in transient and steady-state regimes.

A VHDL language provides a possibility to model a system at different abstraction levels.
At the top of the hierarchy, macroscopic behavioral modeling provides only correct relations
between the inputs and the outputs. A structure model represents the topology of the real
digital circuit, and may be more or less detailed. The most detailed model accounts for all
elementary digital gates realizing the function of the block. If the Design Kit (DK) of the
used technology contains reliable models of the used gates with correct timing information,

the simulation provides a result very close to the real behavior of the chip.

In the ADPLL, there are two digital blocks: the PFD and the PI filter. A PI filter can be
modeled by its structure in VHDL (cf. Fig. 1.15), with simplified behavioral modeling of
all sub-blocks (adders, multipliers, etc.). Otherwise, a detailed gate-level model of the filter
provides a very reliable information about the filter behavior. In our project, both mentioned

models of filter were used at different design stages.

A TDC can also be modeled at a high abstraction level by a macro-model, but it can
also be described by the netlist (interconnection) of elementary digital gates. However, a

TDC belongs to the class of asynchronous logic circuit, and the DK we used did not contain
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specific gates (e.g., Muller C-element, arbiter, delays, ...), we did not used a VHDL model
of the TDC for low structural level.

Since the physics of the DCO operation use techniques issued from the analog electronics
(the frequency control by the transistor width modulation, cf. Section 3.3), only high-level
behavioral model was used for the DCO. It is implemented with a look-up table containing
the output frequency value corresponding to each value of the input control word. The output
clock is expressed as:

clk <= not clk after period

Details of these models can be found in Appendix A.

In some cases, VHDL models defined at high abstraction level may be used for the syn-
thesis of the electrical schematic of a digital block by tools such as Design Compiler of
Synopsys. In our project, this was only used for the filter design. Indeed, only this block
was compatible with the requirement of a standard "compiled" digital design flow available

in our environment.

By consequence, we have divers models of each block in behavior level, structural level
and transistor level. And we note that there is a trade-off between modeling precision and
simulation speed at different levels. Thus the study requires an open platform able to in-
tegrate different levels of description. In our study, we use the AdvanceMS tool to build a
mixed-level model of system (VHDL, Verilog and transistor-level Spice), and AMS (analog

mixed signal) simulations can be performed using this model.

Mathematical modeling — The models presented above are complex, and can only be
solved numerically. However, at the earlier stages of the design, it is desirable to have sim-
plified analytical models of the system, providing simple relations between the system pa-
rameters and the main system performance. So, we need a mathematical (analytical) model
to study the transient behavior of a single PLL and to know how the parameters of individual

blocks affect the behavior of such a system.

However, an establishment of truthful simplified analytical models is difficult, because
of two features of an ADPLL: the self-sampling and the discretization of the signals. An
ADPLL circuit is a self-sampled system because the loop-filter operates on the irregular
rising edges of the divided clock of DCO.

For this reason, in this PhD project, linear time-invariant (LTI) models with both discrete
time and continuous time have been created. Fig. 1.18 shows the LTI model of ADPLL
for Z-domain transfer function calculation. Quantization is not modeled and the sampling
frequency is fixed at the nominal DCO output frequency divided by 4, which is the division
factor used in our circuit design. The transfer function of each block in the model is expressed

as:
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Figure 1.18: LTI model of ADPLL for Z-domain transfer function calculation
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where Kppp 1s the gain of PFD, which is reversely proportional to the resolution of TDC
(ATrpce). o and B are coefficients of the proportional and integral paths of PI filter (cf.
Subsection 1.2.5). The existence of Z~2 can be explained by the two cycles delay introduced
by the two registers in the loop filter (cf. Fig. 1.18). The gain of DCO (Kpco) is proportional
to the tuning step of DCO (A fpco).

By consequence, the system is described in this analytical model using parameters of its
blocks. Using this model we can define the generic analytical relation between the system
parameters and the performance (cf. Subsection 2.3.2).

The VHDL and transistor level models presented above can easily be extended for mod-
eling of a network of ADPLLSs. Functionality and performance of the network can be verified

by performing time simulations at these levels.

However, interconnecting several PLLs in a network increases the order of the system,
making the analytical modeling of a network complex. A robust design procedure guaran-
teeing the global stability of network is presented in the next subsection.

1.2.8 Stability of the PLL networks

In the context of the HODISS project, our colleagues from the CEA-LETI and AMPERE
laboratories developed a mathematical tool based on the control theory. It allows synthesiz-
ing the node loop filter for the global stability (cf. [3, 27, 28, 29, 2]). The model used in this
mathematical tool is in continuous time without considering quantization (cf. the preceding

subsection).
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The design procedure is based on the decentralized H.. control technique making use
of the dissipative properties of the system [47]. The system is first represented as a loop
including a sub-system of a unidirectional chain of the network nodes T,anda sub-system M
representing interconnections in the network (Fig. 1.19). ref represents the input phase of the
reference, € represents the phase errors between neighbors which should converge to zero. In
this way, the procedure of filter synthesis is done in two steps: firstly, the local stability (that
of the matrix 7 is ensured), then the global stability is guaranteed. The procedure provides

to the implementation engineers the range of stable PI filter coefficient values.

13 = ref

= M

Figure 1.19: Representation of the PLL network for stability study in [47]

1.2.9 Multiplicity of synchronization modes

The work of Pratt and Nguyen in [39] highlighted a fundamental problem specifically related
to the PLL networks. A PLL network may have several modes in which the local oscillators
are synchronized in frequency and in phase, but with fixed phase errors between the oscil-
lators. The residual errors may be zero or not. In our project, only the mode in which the
phase errors are zero is suitable for the clocking application. However, when several syn-
chronization modes exist, the actual mode depends on the initial conditions of the system —
which cannot be controlled in practice. This section presents this phenomenon in details and

provides a review of the solutions to this problem.

Definition of the problem

The multiplicity of synchronization modes has been called mode-locking in the literature.
It is caused by the cyclic (modular) nature of the phase: the transfer function of the phase
comparator is defined modulo 27 (Fig. 1.20).

Such a nonlinear transfer function of phase comparator and a large number of degrees of
freedom of a PLL network define multiple synchronization modes. Depending on the initial
conditions, the system can converge either to desired state (all oscillators has the same phase)

or to undesirable state (oscillator phases misaligned).

The mode-lock phenomenon is illustrated on the example of a 4 nodes network Fig. 1.21,

in which the error processing block receives the sum of the errors with two neighbors. The
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Figure 1.20: Cyclic nature of the conventional analog linear phase comparator

error processing block operates so to keep the Total error equal to zero. The Total error can

be zero if :
1) the phases ¢1, 02, 03 and ¢4 of the oscillators are equal
2) the phases have the values given in Fig. 1.21.

In the first case, all phase errors of the network are obviously zero, their sum is zero as
well. For the second case, the phase errors are non-zero, but the Total error value is zero.
For example, for the Node 1: the phase difference with the Node 2 is ¢; — ¢ = +7/2, which
is compensated by phase difference with the Node 4 ¢4 — ¢; = —7m/2. In this way, the sum
for all nodes of this network is zero despite the unequal phases of all oscillators. It can be
proven that such a state is stable; once acquiring this operation mode, the network remains
in it, since the control objective (zeroing the Total error quantity) is fulfilled.

For a network with more complex topology (more nodes), several undesirable states can
exist, with fixed phase errors of any values. Hence, in a more complex network, the probabil-
ity of appearance of undesired synchronization modes increases. Therefore, it is important
to take into account this phenomenon during the design of the network. In the following sub-
section we present the solutions we have studied to design a stable network, spontaneously

converging to a state where all oscillators are synchronized in phase and frequency.

¢, =m/2

=T

Figure 1.21: Illustration of the mode-locking phenomenon in a 2x2 mesh network

Synchronization mode selection: dynamic network reconfiguration

This technique is based on the fact that each stable mode of a dynamical system has a basin of

attraction: if the system starts from an initial condition corresponding to a point in this basin,
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the system settled up to the corresponding stable mode. The idea of the method suggested
by Pratt and Nguyen[39] is to bring the system to a state close to the desired synchronization
mode by configuring the network to be unidirectional as the left mesh in Fig. 1.22 [45, 44].
When the system is synchronized, the links between the oscillators are reconfigured so to set
the network in the bidirectional configuration (right one in Fig. 1.22). Since in this case the
bidirectional network starts in a state close to the desired synchronization, it remains in this

mode.

Figure 1.22: Dynamic reconfiguration of the network from uni- to bidirectional

This method is particularly suitable for digital implementation since it is very easy to
reconfigure the network and to distribute the global signal ordering the reconfiguration. We
note that in the original publication of Pratt and Nguyen this technique was judged as being
inappropriate for the analog implementation.

In this technique it is not necessary for the digital phase comparator to have a large
dynamic range. It can be shown that even if the phase comparators have only one bit of res-
olution (if they detect only the sign of the phase), the unidirectional network still converges
to a state with the phase errors close to zero. However, when the network switches to the
bidirectional configuration, the phase comparator characteristic should be linear with posi-
tive slope at the phase error values less than A¢,.. Hence, the phase comparator characteristic
may have a limited linear range as in Fig. 1.10(b), as far as the residual error obtained in

unidirectional mode is within this range.

This technique is selected for the desired synchronization mode selection in our project.
The validation of this method has been done by simulation and on a FPGA platform. Details

of this implementation can be found in Chapter 5.

1.2.10 Discussion of test results of the implemented prototype

A network of coupled ADPLLs (Fig. 1.7) was implemented in CMOS 65 nm technology.
The test of the implemented chip consisted in measuring the phase errors between the local
oscillators of the network. This measurement was made out of chip, on signals with divided
frequency. An example of measured outputs is given in Fig. 1.23: the 16 nodes of the network

have very close phases, suggesting a synchronization of the network.
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Fig. 1.24 displays the measurement results of the quantized phase errors among the four
clock signals the most remote from the reference clock input. The maximum error be-
tween local clocks are within 460 ps range, which signifies that timing errors do not exceed
+2 steps of PFD quantization step. This result is the best one can achieve with an ADPLL
network, according to our study. Indeed, it has been demonstrated that when such a network
is synchronized, there are always some neighboring clocks whose residual errors are more
that one PFD quantization step. By consequence, in the best case, the maximum phase error
between any two neighboring nodes has a value between one and two quantization steps.
As show the measurement, the prototype operates in this best case, where the errors don’t

exceed 2.

DIV1
DIvV2
DIV3
DIvV4
DIV5
DIV6
DIV7
DIV8
DIV9
DIV10
= DIV11
DIV12
DIV13
= DIvi4
DIV15
DIV16

Output voltage, V

: i :
0 5 10 15 20 25 30 35 40 45
Time, ns

Figure 1.23: Synchronous clocks in the bidirectional configuration

Test results of the first prototype demonstrate the feasibility of such a digital distributed
clock generator. However, during the design and test process, we find some problems to be

resolved and some points to be improved:

1. Proof of scalability. From measurement results of the first prototype we observe that
although phase error is larger between two nodes in distance than between two neigh-
boring nodes, it does not accumulate linearly in function of distance. But since there
are only four nodes on the diagonal of a 4 x4 network, the first prototype cannot well
demonstrate the relation between phase error and distance. To better observe this re-
lation and also to study the scalability of the ADPLL network, a larger network (ex.
10x10) is necessary. An implementation of a larger network requires an optimization
of the existing blocks, in order to minimize the power consumption of the circuit. For
example, the DCO implement in the first prototype consumes 16 mA of supply current,
which, multiplied by 100, yields 1.6 A: that is prohibitive for an IC implementation.

2. Improvement of the quality of synchronization. The TDC resolution of the first pro-

totype is limited to 30 ps due to the constraint of its structure and the minimum gate
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Figure 1.24: Outputs of the PFDs in bidirectional configuration: Nodes 11, 12, 15 and 16

delay in 65 nm technology. To improve this value, another TDC architecture should

be used.

3. Chip characterization: on-chip phase error measurement. Last but not least, during
the measurement process we found it very difficult to measure and compare output
clock signals with picosecond precision in an off-chip way. The difficulties mainly
come from the noise on chip pads, probe, test equipment and mismatch on routing.
Actually, the off-chip measurement results provide pessimistic information about the
phase error. An on-chip method is necessary for characterizing clock error and mon-
itoring performance of large SoC. One example of this kind of circuit is the "Skitter"

circuit used in IBM processors[13].
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1.3 Original contribution of my PhD project

The main goal of this PhD project is the design of a 10x 10 ADPLL network, complemented
with an on-chip synchronization error measurement tool. The design is based on the ar-
chitecture of the first prototype with reduced size, but addresses shortcomings of the chip

mentioned in Subsection 1.2.10.

Firstly, a method aiming to reduce the residual error in steady state has been proposed. It
allows choosing appropriate TDC quantization step and DCO frequency parameters in order
to achieve a good performance with low implementation effort. Based on this study, we
designed the ADPLL blocks for the clocking network. Especially, the optimal quantization
step of TDC for the designed DCO is 20 ps, which is below the minimum delay of a logic
gate in the used technology. To achieve this value, a TDC with a new structure is designed.

Secondly, due to the high power consumption of the first prototype (186.2 mA), the
4 x4 network was difficult to be extended to a dimension of 10x10. To reduce the power
consumption of the ADPLL network, we have studied the source of power dissipation. The
energy hungry blocks in this system are the DCO and the loop filter. The DCO can be
optimized by reducing the number of tuning cells thus the tuning steps (256 steps instead of
1024 steps). Less steps means less bits for the control word (8 bits instead of 10 bits), which
also simplifies the loop filter.

In fact, the high power consumption of loop filter mainly results from arithmetic oper-
ation at high rate. In my PhD project, we have designed two different kinds of loop filters,
which not only reduce the power but also accelerate the speed of error correction. The first
filter is based on the conventional architecture of a proportional-integral (PI) filter with re-
duced delay in proportional path. And the size of arithmetic operators is smaller. The second
filter is separating the frequency acquisition from phase tracking. At the steady state, only
a few LSBs of the control word are updated for phase tracking. It is not necessary to re-
calculating the whole control word each cycle. The both architectures have been designed
during the project, but only the former one has been implemented in the designed prototype
of the network. This choice is motivated by a high risk which would be present if a novel

architecture of a filter was chosen.

These designed blocks are assembled in a 1010 network. This architecture is imple-
mented at first on FPGA and then on silicium. Different topologies are explored based on

this architecture.

For reasons explained in Subsection 1.2.10, an on-chip clocking error measurement cir-
cuit is necessary for the characterization of phase error between two clock signals in the
network (generated in nodes either next to each other or in distance). The circuit designed
in this PhD project is based on an indirect method easy to be implemented: instead of mea-

suring the value of phase error each cycle, it allows calculating the minimum/maximum and
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mean values of clocking error during a period. By using this circuit, a precise on-chip char-
acterization of phase error is possible, thus it has a great importance in proving the scalability
of ADPLL network. It has been designed as an analog IP and placed at 4 different locations
of the chip.

In general, the structure of my work can be illustrated in Fig. 1.25.

Method of choosing block parameters

Objective:

n linking block performance and system
performance together

x reducing the residual error in steady state

Filter

r Novel structure:
PFD Separation between frequency DCO
acquisition and phase tracking
r Modified structure:
Reduced number of bits

a New TDC structure (Vernier)
» Reduced number of steps

x Reduced number of
tuning steps

10 x 10 Network

x Block assembly and integration

» FPGA prototyping

» Circuit modeling

x ASIC physical design and simulation
x Configuration exploration

On-chip test circuit

x Discrete device prototype
® Integrated IP design

Figure 1.25: Structure of work contribution
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1.4 Thesis outline

This thesis is composed of three parts. The first part comprising Chapter 2, Chapter 3 and
Chapter 4 presents the ADPLL network from system level description to components im-
plementation, from analytical study to physical design. This part is deployed in a top-down
hierarchical way: The topology of proposed network is introduced in Chapter 2. The depen-
dency of residual phase error on block parameters is also studied in this chapter. Then design
of system components including clocking network cells and built-in test cell is detailed in
Chapter 3 and Chapter 4. The second part comprising Chapter 5 to Chapter 6 presents two
implementations of ADPLL network using the designed components. Implementation de-
tails and solutions to specific problems are also presented in this part. In the third part,
including Chapter 7 and Chapter 8, two ADPLL networks with improved performance are
explored. Both of the two circuits are based on the architecture presented previously but
from two different points of view. The circuit presented in Chapter 7 proposes an innovative
network topology in order to attenuate phase error propagation and reflection in the network.
The method in Chapter 8 focuses on the improvement of one single ADPLL in terms of phase
locking speed and power consumption, thus improving the ADPLL network performance in

these two aspects.
The content of each chapter is described as follows.

Chapter 2 presents the studied system. It describes the topology of the ADPLLs network
and impact of quantization in ADPLL on its operation in steady state, especially the value of
residual phase error. A method is proposed to minimize the residual phase error at a lowest
DCO and PFD circuit design effort. The chapter ends with a summary of the specifications

for each block of the network.

Chapter 3 presents the design of the blocks measuring and processing the phase error:
the digital phase frequency detector (PFD) and the digital proportional-integral filter. The
local clock generation block — digitally controlled oscillator (DCO) is also presented in
this chapter. The 4-bit PFD with 20 ps resolution is implemented with a Vernier delay line
structure. The PI filter has a coefficient-programmable feature. The 0.9-1.16 GHz 8-bit
DCO is based on a ring oscillator architecture. These three kinds of blocks are the basic
components of the clocking network.

Chapter 4 explains the reason why a special circuit for clocking error characterization is
useful, and how the analog built-in test circuit targeting at picosecond precision measurement
is designed. This block allows giving the minimal/maximal and mean values of phase error
between two clocks during a long test experience. This circuit uses differential technique so

that it has a strong immunity to PVT variation.

Chapter 5 presents an FPGA prototype of a 10x 10 network of ADPLLs. This prototype

has two objectives: First, it allows validating the functionality of such a large network be-
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fore the implementation in silicium; Second, with this prototype, we can study the relation
between phase error and distance.

Chapter 6 explains in detail the implementation of the ASIC prototype in 65 nm technol-
ogy. The chip consists in a distributed clock generator with a 10x 10 dimension using blocks
presented in Chapter 3. It also contains 4 test blocks presented in Chapter 4 for clock error

characterization. Design methodology and implementation details are stated in this chapter.

Chapter 7 shows a distributed clock generator with a "swimming pool" like architecture.
This architecture is based on the network structure presented in previous chapters but ex-
plores a new configuration of the connectivity between local clock generators. Simulation
results have proved the improvement in attenuation of phase error propagation and reflection

in the network.

Chapter 8 shows another ADPLL network designed during this PhD work. It uses the
same network topology of prototypes presented in Chapter 5 and 6, but an innovative struc-
ture of digital filter. In this novel ADPLL, phase error correction functionality is separated
from frequency tracking, which shortens the frequency acquisition time and decreases power

consumption.

The report is finished by conclusions and perspectives for the development and research
associated with proposed clocking approach. The academic contribution consists in the arti-

cles published and presented on international conferences.
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2.1 Introduction

As presented in the previous section, the objective of this PhD project consists in designing
an ADPLL network with a large dimension (10x 10) as well as an on-chip method of phase
error characterization. From the first prototype we found that the power consumption of
DCO and filter is too large so that these two blocks cannot be reused in a network with
large dimension. To lower the power consumption, the DCO frequency range should be
reduced, the structure of filter should be improved and the dynamic range of PFD can also
be decreased so that the arithmetical calculation of the filter can be simplified. Moreover,
since prior to the first prototype, no study has been carried out on the ADPLL behavior in
the steady state, especially the dependency of residual phase error on block parameters, in
the first prototype, the quality of synchronization in steady state is limited by the resolution
of PFD.

The design of a DCO is a time consuming task. It was not the scope of my PhD. For
this reason, in my work I used DCO IP cells available in my environment, designed in the
frame of the HERODOTOS project ( by LIP6 and by CEA-LETI). This chapter discusses the
methodology of choosing the appropriate parameters of DCO, PFD and filter so to minimize

the residual phase error at a low implementation cost.

This chapter is organized as follows:

33
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In Section 2.2 we describe the topology of a 10x10 ADPLL network for clock genera-

tion.

Section 2.3 highlights the effects of quantization in the ADPLL and studies the link
between block parameters and residual phase errors. A method is proposed to minimize the

residual phase error at a lowest DCO and PFD circuit design effort.

A specification of the 10x10 ADPLL network is defined in Section 2.4 based on the
method presented in Section 2.3 and previous stability study in Section 1.2.8.
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2.2 The architecture of clocking network proposed in this
PhD project

The proposed system has a dimension of 10x 10 providing clock signals for as many as 100
local synchronous clocking areas (from SCA1-1 to SCA10-10).
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Figure 2.1: Clocking network architecture

From Fig. 2.1 we can observe the FO block (filter + oscillator) in each SCA, generating
the clock signal for the local isochronous zone. A PFD at the border between two neighbor-
ing zones compares two clock signals and send back the phase error between them with the
same absolute value but opposite signs (e and e).

Before the implementation of this architecture, it is necessary to choose the appropriate
values of the block parameters. The following section in this chapter provides a study on the
link between the quality of synchronization of ADPLL (the residual phase error in steady
state) and the parameters of its blocks.
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2.3 Impact of quantization in ADPLL on its operation in
steady state

Previous study presented in Subsection 1.2.8 focuses on the global stability of system, and
not on the optimization of its operation in steady state when the whole system converges.
Moreover, these studies were based on an analog model of the system, which did not account
for quantization. Indeed, in an analog PLL network with 2 integrators in each node, in
absence of noise, the residual error is zero[39]. However, it is not the case with all digital
PLLs, because the PFD and DCO, which implement signal conversion between the analog
and digital domains, introduce unavoidable quantization errors. Moreover, the digital filter
operates at fixed point arithmetic, and rounding code applied to the DCO may also be a

source of errors.

The study presented in this section provides a method aiming to minimize the absolute
phase error between reference clock and divided DCO clock in steady state at a lowest DCO
and PFD circuit implementation cost. Although this study is based on the model of one
single PLL, it has an instructive meaning for the estimation of the quality of quantization in
an ADPLL network.

This method presented in the following three subsections is summarized as follows. First,
the analysis presented in Subsection 2.3.1 estimates the relation between the residual error
in steady-state and the parameters of the DCO and PFD individually. This analysis allows a
rough selection of DCO and PFD.

Afterwards, in Subsection 2.3.2, the effect of quantization in the digital filter is high-
lighted and a solution is proposed. Thanks to this solution, for a target loop gain and a given
DCO, we can estimate the required PFD resolution.

Then in the third step (cf. Subsection 2.3.3), behavior VHDL model considering quan-
tization in the ADPLL is created. Time simulations using this model can show the residual
error in steady state with different block parameters. Simulations validate our study in Sub-
section 2.3.1 and Subsection 2.3.2 and help estimating the optimal combination of parame-

ters, which can minimize the residual phase error.

2.3.1 Step 1: Impact of PFD and DCO quantization steps on the residual
error

In this step, we study the PFD and DCO blocks separately. First, we study the limit imposed
by the finite resolution of PFD. In an ADPLL system, the residual phase error in steady state
does not exceed two steps of TDC resolution (cf. Subsection 1.2.10). Hence, in the best case
(optimal operation of the DCO and filter), the phase error expressed in time units between

neighbors At will be in the following interval:
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— 2ATTDC <At < 2ATTDC (21)

where ATrpc is the TDC quantization step value in second. We define a parameter Atprp
which characterizes the maximal absolute phase error expressed in time unit due to quanti-

zation of PFD in the best case:

Atppp = 2ATrpc (2.2)

In this analysis we express the phase error in the time units, since such a phase error is

invariant with regard to the frequency division.

Now we study the limit imposed by the quantization of the DCO characteristic. The
objective of a PLL is to equalize the phase of the feedback signal coming from the DCO and
divider, on the signal of the input reference (Fig. 1.6). It means that the PLL feedback signal
have the same frequency as the input reference signal. However, whereas the input signal
can have any frequency belonging to some continuous interval, the DCO generates a signal
whose frequency belongs to a discrete grid of values. When the DCO signal passes through
a divider, the frequency values are downscaled, but remain discrete. Hence, if the PLL input
(reference) frequency is between two neighboring values of the divided grid, the PLL closed
loop generates a variable input DCO code, so that the output frequency of the DCO switches
permanently between the two corresponding values of the grid. This is done with the help of
feedback loop which minimizes the phase error.

In the analysis which will follow, we will estimate the maximal synchronization error
introduced by the DCO quantization in the best case, with an ideal input command of the
DCO, which will also be defined in the analysis.

Fig. 2.2 shows the accumulated phases of reference clock and divided DCO clock. We
suppose that the frequency of reference clock is fy (®g in radian), which corresponds to a
linear phase evolution. The phase of the divided DCO output signal must approximate as
close as possible this trajectory. However, the phase of the divider output can only follow
the lines with discrete slopes defined by the DCO divided frequency grid. The slope (the
frequency) can change in function of the input DCO command word arriving with cadence
fs» where f; is the clock frequency of the PLL digital filter (cf. Fig. 1.6). If the input reference
frequency is not exactly one of the divided DCO frequency grid values, in the steady state
of convergence, an ideal control loop switches the divided output frequency of the DCO
between two neighboring values f1 (®; in radian) and f> (®; in radian) with a cadence f;, so
to minimize the tracking (quantization) error. The maximum tracking error is at the instants
when DCO changes its frequency (A¢; and A¢; in Fig. 2.2).

Now we search the optimal command the DCO should receive at its input in order to

minimize the tracking error. For simplicity, we limit the demonstration to the case where

(0)2 — (00)/((,01 — (,00) = P, (2.3)
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Figure 2.2: Phase evolution of reference clock and divided oscillator clock: ®; < my < o,

where P is an integer superior or equal to 1.

Fig. 2.2 presents an ideal trajectory of the phase of DCO output. The DCO output stays
at frequency ®2 during one clock cycle T (T is the inverse of the frequency of digital filter
fs), and at ®; during P clock cycles. Evidently, the phase of the DCO output will present a
periodic signal with period (P + 1)7;.

We focus on a segment of 75 during which the DCO output frequency is ®;. The cross-
point of the the segment and the trajectory of the reference divides the time interval into two
parts: r-Tg and (1 —r) - Ty, where O < r < 1. The phase error between the DCO output and
the reference signal is the largest at the beginning and the end of the segment. We define the
two values as A¢p; and Ad; as shown in Fig. 2.2, and we look for the optimal r for any ®,
@, and ®p complying with Eq. (2.3). The position of crosspoint and the difference between
two frequencies decide the phase error absolute values in radians:

A = (W —wmg)-r-T;

01 (@ —0) 7T 2.4)
Apy = (p—)-(1—r) Ty

The maximum among these two values is the smallest if » = 0.5. Hence, we have for the

maximal phase error in the ideal case:

1wy —

During the operation of a PLL, the value of g can be any between ®; and m,, by conse-



2.3. Impact of quantization in ADPLL on its operation in steady state 39

quence, the error Eq. (2.5) is the largest when @ is close to ®;. In this way, in the ideal case,
a DCO is able to synchronize its output with a reference signal with precision given by:

1 Awpco

Adpco = 5 (2.6)
2 fs

where A®pco is the tuning step of DCO in radian/second.
This quantity can be expressed as a relative phase error normalized to the period:

1 Afpco

CIrpco = = (27)
2 fs

where Afpco is the tuning step of DCO in Hertz. It is also interesting to express the maximal

error in the time units :

AtDCO:lAfDCO I _ TAfpco
2 fs foco 2 fpco

T, (2.8)

where fpco is frequency of DCO output. The parameter Atpco is useful, because it
demonstrates that the timing error is independent of frequency divider of the DCO output.

Indeed, in this case, both fpco and A fpco are divided.

Eq. (2.2) and Eq. (2.8) provide the optimistic estimation of the largest synchronization
error which an ideal ADPLL may achieve. In practice, the error will obviously be greater,
but the knowledge of this principal limit is important for the selection of PFD and DCO.

The equations show that the maximum phase error is function of filter clock frequency,
in other words, the speed at which the DCO input refreshes. Evidently, if we raise the filter
frequency, the maximum phase error will be smaller. However, it demands high processing
speed of the filter, which makes the timing constraint more stringent. In practice, the output
signal of the local DCO (divided by a power of 2 ratio) is used for the filter clocking. We
keep the ratio 4 between the output DCO frequency and the filter clock frequency, as in the
previous prototype of the network. Moreover, the above analysis highlights that to minimize
the phase error, the DCO input word should switch between two neighboring values (cf.
Subsection 2.3.2).

Three available DCOs were designed in my environment (cf. Tab. 2.1): one of them
issued from CEA-LETI (the partner of our project), the second one used in the first prototype,
and the third one with reduced tuning range of frequency designed in my group on the base of

the previous prototype. One of them should be selected for the prototype under development.

Tab. 2.1 displays the characteristics of these DCOs. Using these known parameters
(Afpco, fe and f;), we can calculate the maximum residual phase error (ATpcp) by using
Eq. (2.8).
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Table 2.1: Characteristics of DCOs and maximum residual phase errors due to DCO
quantization

Mean frequency step | Nominal frequency | filter clock frequency || ATpco
Afpco fe fs=fe/4
DCO 1?2 3.91 MHz 742 MHz 186 MHz 14.18 ps
DCO 2° 741 KHz 872 MHz 218 MHz 1.95 ps
DCO 3¢ 1.01 MHz 1.04 GHz 260 MHz 1.87 ps

2 DCO designed by CEA Leti
> DCO designed by LIP6 for the first prototype of ADPLL network
¢ DCO designed by LIP6 for the second prototype of ADPLL network

A PFD with a resolution of 30 ps was implemented in the first prototype. From Eq. (2.2)
we can get the maximum residual error due to PFD quantization (Atprp) is 60 ps. Tab. 2.2

shows also the values of Atprp for resolutions of 20 ps and 10 ps.

Table 2.2: Maximum residual phase errors due to PFD quantization

PFD 1 (30 ps/LSB)! | PFD 2 (20 ps/LSB)
60 ps 40 ps

PFD 3 (10 ps/LSB)
20 ps

Atprp

! Used in the first prototype of LIP6

Now we can compare ATpco and Atprp to estimate whether a PFD is suitable with a
given DCO in a PLL. It should be mentioned that ATpco is calculated based on an ideal PLL
control: no delay in the loop, DCO switches between two adjacent frequency grids, etc. The
maximum residual phase error limited by DCO quantization in practice should be larger than
Atpco displayed in Tab. 2.1.

The DCO and PFD blocks used in the first prototype are DCO 2 in Tab. 2.1 and PFD 1 in
Tab. 2.2. Apparently, ATpcoz is a very small value compared with Atprp;. In other words,
in the first prototype, DCO is over-precise with respect to PFD. Hence, in this PhD project,
we can release the design effort on DCO properly and try to improve the PFD resolution, for
example, to 20 ps (PFD 2 in Tab. 2.2). Moreover, we can observe from Tab. 2.1 that ATtpco
of DCO 1 has a large value (14.18 ps), which is almost the same as the resolution of PFD
2 (20 ps). Thus the tuning step of DCO 1 may not be precise enough. By consequent, the
combination of DCO 3 and PFD 2 may be a good choice. This is to be verified by further

study in the next subsections.

2.3.2 Step 2: impact of rounding in digital filter on the correction of
residual phase error

This section presents the problems related to the rounding in the digital filter of the ADPLL,

and proposes some solutions. As in previous subsection, the analysis will be demonstrated
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on a single ADPLL using the analytical model presented in Subsection 1.2.7, but the results
are also valid for a network of ADPLLs.

The filter receives integer words, and the input of the DCO is integer as well (arbitrarily,
it is possible to define fractional and integer part of the DCO word, but the simplest choice
is to consider DCO input as an integer). However, in the filter, the proportional coefficient
o and integral coefficient B (as shown in Eq. (1.2)) are generally not integers, but as said in
Subsection 1.2.5, the output of the proportional and integral branches are rounded.

The rounding of the integral branch is fundamentally harmful, since it limits the precision
of the output frequency definition. But the origin of this rounding is not in the integral branch
itself, but in the limited width of the DCO input word, (equivalently, in the limited DCO
resolution). The discretization the DCO frequency value is a fundamental property of an all-
digital PLL, which is supposed to be corrected thanks to the modulation of the input DCO

word between two neighboring values.

However, the most important danger for the ADPLL operation is the rounding in the
proportional part. Imagine that o is smaller than 1. In this case, small phase error x; such
that x; - o < 1, yields a zero output of the proportional path, as if o was zero. Hence, small
error cannot be corrected by proportional path, and it is well known that a PLL with a zero
proportional path oscillates [14]. In the context of digital PLL, a small o leads actually to a
variable ai: for large errors it has its nominal value, but for small errors it is zero. Such an
ADPLL exhibits an output phase error oscillating with amplitude corresponding to the limit

between the modes "rounding of small error" and "correct detection of big error".

In contrast, an o larger than 1 is equivalent to a normalized o with an enlarged DCO
tuning step (a reduced resolution). For instance, if o equals 2, in steady state, instead of
switching between two adjacent frequency values, the DCO changes at least two steps each

time. In this case, the high resolution of the designed DCO is wasted.

For this reason, the best choice for o from the point of view of steady-state operation is

around 1.

However, o impacts not only on the steady-state mode, but also on the dynamics of the
PLL in transient mode, stability, etc. These characteristics are usually studied on a LTI
discrete time model presented in Subsection 1.2.7. There are only two parameters defining

the dynamic properties of such a system: the ratio between a and 3 and the PLL gain.
K = Kppp - 0. Kpco rad/sec, (29)

where Kppp is the gain of PFD, which is reversely proportional to ATrpc. Kpco is the gain
of DCO, which is equal to its frequency tuning step.

For a single ADPLL, these parameters are found by standard methods of the control
theory. For a network of ADPLL, extensive studies were made in the frame of the HODISS
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project at Supelec and CEA-LETI, cf. Subsection 1.2.8.

The parameters (K and /o) which define the transient dynamics of the ADPLL can be
achieved by different combinations of ATrpc, K, Afpco. However, due to the rounding in
the digital loop filter, they may have different characteristics in steady state. This is discussed

in the next subsection.

As far as these parameters are defined, the sizing procedure is the following: o is fixed
to 1, and the gains of the PFD and DCO are chosen so to obtain the target value of gain.
Note that the choice of gains of PFD and DCO (actually, their resolutions) must consider the
steady-state mode behavior, (cf. Subsection 2.3.1). The integral coefficient is then chosen.

Usually, the order of magnitude of the ratio 3/ is a small fraction of unity.

We now illustrate the presented analysis on a example of a single ADPLL. First, we
study it with standard tools of the control theory, with use of an LTI discrete time model
(cf. Subsection 1.2.7). We select the appropriate gain K=1.2¢7 rad/s and /o = 0.012. This
yields the phase margin around 68 degree and the gain margin around 13 dB (Fig. 2.3), which

corresponds to a satisfactory transient process.

Usually, DCO is the most complex block for the design. For this reason the sizing of
the ADPLL parameters starts from fixing the characteristics of the DCO (the frequency step
Afpco). Since ot is fixed at 1 and K is known from the LTI model analysis, the required TDC
gain is calculated from Eq. (2.9). If the DCO 3 is chosen (cf. Tab. 2.1), the required TDC

resolution is about 20 ps.

Bode Diagram
Gm =129 dB (at 2.04e+08 rad/s) , Pm = 68.6 dey (at 4.85e+07 rad/s)
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Figure 2.3: Bode diagram of the LTI model of the system (Fig. 1.18): K = 1.2¢7 rad/s and
B/a=0.012
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2.3.3 Step 3: validation of block parameters by transient simulations

The goal of this step is a validation of the study carried out at steps 1 and 2. This validation
is done by behavioral modeling accounting for the quantization and for self-sampling. This
model is implemented at VHDL language, as explained in Subsection 1.2.7. This validation
is necessary, since the steps 1 and 2 provides only an estimation of the PLL parameters,
on the basis of simplified LTI model. A more precise VHDL model is used to validate the
obtained value of parameters, or eventually to correct them.

To validate the choice of the PFD gain after fixing the DCO parameters, we propose two
modeling experiment.

1) We fix the proportional coefficient o as 1 (for reasons explained in Subsection 2.3.2),
and we try different PFD resolutions seeking for the smallest error in the steady-state opera-

tion. The simulation results for three values of TDC resolution are given in Fig. 2.4.

Here we choose DCO 3 in Tab. 2.1 and filter parameters oo = 1, B = 0.012. When
ATrpc = 30ps, the PFD is not precise enough compared with DCO. Although its PFD output
is within £2, the residual error exceeds 40 ps. When ATrpc = 20ps, the maximum residual
phase error has a value less than 40 ps as show in the zoomed figure from 7.3 us to 7.9 us
in Fig. 2.4. However, ATrpc = 10ps is an over high resolution, the DCO cannot generate a
frequency precise enough to follow the phase correction. The steady-state error is far above
40 ps. Hence, we can estimate that 20 ps is an optimal value of PFD resolution, and the loop

gain has an appropriate value with this group of parameters.

2) We fix the DCO parameters and the ADPLL loop gain K, and we perform three sim-
ulations with different PFD resolutions (10 ps, 20 ps, 40 ps), and with B/a fixed. In order
to maintain the same gain for the three simulations, the  and o are adjusted. As shown in
Fig. 2.5, all three ADPLLs have similar stability and transient process, but only the ADPLL
(ATrpc =20 ps, oo = 1, B = 0.012) has a residual phase error always smaller than 40 ps.

Indeed, for ADPLL (AT7pc = 10 ps, o = 0.5), due to the "rounding of small error", small
PFD output codes (£1) are considered zero by the proportional path, the PLL is undamped
and operates as a second order oscillator. The maximum PFD outputs in steady state are +6.

For ADPLL (ATrpc = 40 ps, o = 2), phase error are amplified by the digital filter, so the
output of filter for DCO varies in a larger range (99~112) compared with ADPLL with ot =1
(104~107). The phase error in steady-state is much larger than for the two other TDCs.

It should be noted that the time of frequency acquisition is different for the three AD-
PLLs. This is because of a limited dynamic range of phase detection in the PFD. At the
beginning of the frequency acquisition stage, since the phase error is large, the output of
PFD saturates at 15 (5-bit signed). The filter with a larger o and P has a faster correction
speed.



44 Chapter 2. Network of distributed ADPLLs

Through these twos sets of simulations (Fig. 2.4 and Fig. 2.5), we have validated our
study in the two previous steps on the impacts of PFD, DCO and filter parameters on the
residual error in steady state. We confirmed that the PFD with Atprp = 20ps is the optimal

choice.

The results of this study can be represented graphically, so to put forward an existence of

an optimal value of the PFD resolution for a given DCO.

Fig. 2.6 traces the maximum residual phase error with different PFD and filter parame-
ters, for two DCOs (DCO 2 and 3). The curves are obtained in the following way. On the
right of the point labelled as "saturation point", we fix o at 1 as simulations in Fig. 2.4, and
only the TDC resolution are varied. On the left of the saturation point, we keep the same loop
gain as simulations in Fig. 2.5. The saturation point indicates the optimal PFD resolution for
a given DCO. For DCO 3, this value is about 23 ps, while for DCO 2, it is about 10 ps.

Similar simulations can also be performed on a network of ADPLL. After a consideration
of steady state behavior and circuit complexity, power, etc., we decided to design a PFD with
a resolution of 20 ps for DCO 3. The detailed specification is displayed in the next section.
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Figure 2.4: Time simulations with different TDC resolution and same filter/DCO pa-
rameters (VHDL model): reference clock frequency: 249.5 MHz, DCO 3 in Tab. 2.1 used
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Table 2.3: 1°" network test chip characteristics summary

Parameter \ Value
Central frequency of the SCA 870 MHz
Frequency range 550~1190 MHz
DCO gain 1.5 MHz/LSB
DCO control word width 10 bits
PFD resolution ~30 ps
PFD output bit number 5 bits
Filter integral path bit number 12 bits
Filter proportional path bit number 5 bits
Timing error ! < 60 ps
Convergence rate ~ 5 MHz/us
Supply voltage 1.2V
Power consumption 3 186.2 mW @ F.;;, = 800 MHz
Clocking core area ~ 0.72 mm?
Chip area ~ 2.04 mm?

! between neighbor nodes
2 with coefficients oo = 1.0 £ 10%, B = 0.0028 + 10%
3 analog and digital

2.4 Specification of the network

The first ASIC prototype of a 4x4 ADPLL network has been designed prior to this study.
This prototype has the characteristics summarized in Tab. 2.3. As analyzed in Section 2.3,
the ADPLL used in this prototype has an over precise DCO and the residual phase error is
limited by the resolution of PFD.

During this PhD work, a 10x 10 prototype has been designed in order to study the clock-
ing network in a large circuit, and to observe especially the phase error between two clock
signals in distance. Before the design of this circuit, a specification has been defined based

on the method presented in Section 2.3 and previous stability study in Section 1.2.8.

In this specification, we did the following modifications compared with the first proto-
type: First, we improve the resolution of PFD to 20 ps and reduce its output to 4 bits; Second,
we reduce the DCO tuning range from =+ 37% to + 10-20%; Third, less number of bits are
used for filter coefficient programming. Fourth, since the DCO tuning range is reduced, less
number of bits can be used for DCO control word (8 bits is decided after analysis). Tab. 2.4
summarizes the specification of the second version test chip design.



2.4. Specification of the network

Table 2.4: 2" network test chip specification

Parameter \ Value
Central frequency of the SCA 1 GHz
Frequency range central frequency £ 10 - 20%
DCO gain 1-1.5MHz/LSB
DCO control word width 8 bits
PFD resolution ~20 ps
PFD output bit number 4 bits
Filter integral path bit number 8 bits
Filter proportional path bit number 2 bits
Supply voltage 1.2V

Power consumption

< 1 W @ central frequency

47
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2.5 Conclusion

In this chapter we have introduced the architecture of the ADPLL network designed in this
PhD project. It is a 10x 10 network based on the principle presented in Chapter 1.2.1. Pre-
vious work on the first test chip has justified the feasibility of this approach and has also
shown some problems as explained in Chapter 1.2.10. Section 2.3 in this chapter addressed
the problem of block parameter limitation on the residual phase error and proposed a method

on three steps to minimize the residual error at low cost.

Finally, we have derived specifications for the implementation of clocking network,
which are used as input data for design of each block. The implementation of blocks is
detailed in the following chapters.
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ADPLL blocks design
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This chapter present the transistor-level design of the blocks composing the network of
ADPLL: the phase frequency detector (PFD) (Section 3.1), the digital filter (Section 3.2),
the digitally controlled oscillator (DCO) (Section 3.3) and the serial programming interface
(Subsection 3.3.4).
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3.1 Phase frequency detector (PFD)

3.1.1 The digital PFD architecture

The structure of the PFD designed in the second prototype is given in Fig. 3.1. The difference
between the first prototype is that the TDC receives the input signal, and not the MODE
signal. The task of the bang-bang detector is only a detection of the sign of error. The output
of the TDC is then combined with the sign bit to obtain a signed 2-complement digital word.
As in the first prototype, the PFD has a linear characteristic (cf. Fig. 3.1(b)).

CLKi > SIGN
BB-PFD m
CLK2 > +> g” [TL}

Arithmetic| .
block m

—~P cri[1]

L | m
TDC

\/

(@ (b)

Figure 3.1: Proposed phase/frequency detector for clock network: (a) block diagram and
(b) transfer function

3.1.2 Improvement of time-to-digital converter

In this subsection we discuss the architecture of TDC allowing a measurement of the absolute
timing error AT between two clock signals.

TDC architecture

The TDC used in the first test chip has an flash ADC architecture, implemented with a single
delay chain(cf. Fig. 1.14). Such a TDC has a quantification step of the same order as the
elementary buffers delay available in the technology, which is about 30 ps for CMOS 65 nm.
As analyzed in Chapter 2, 20 ps is required in order to optimize the system operation.

Another modification in the original TDC architecture concerns the dynamic range. In
the first prototype, it was (0-450 ps), which corresponded to a phase error of A9, = 0.4 -27 if
the nominal output DCO frequency is 1000 MHz. However, if the network operates properly,
the phase error will be few percents of the period, and the role of the PFD will be to measure
small errors. hence, such a big linear range of PFD is not useful. For this reason, the
parameter AQ, was chosen to be 21t/32. For the nominal DCO output frequency 1 GHz, A,
correspond to 125 ps. This range is obtained with 6.25 measurement steps: we round this
value down to 7, so to allow the output TDC word to be coded by 3 bits. When output of the
TDC is combined with the sign of the phase error, one bit is added, the output PFD word has
4 bits and the real dynamic range is +=140 ps. Consequently, the PFD designed for this test

chip is a 4-bit detector with a resolution of 20 ps.
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To obtain the desirable resolution of TDC, we designed an architecture based on Vernier
delay line (Fig. 3.2) inspired by the work of [11]. The Vernier delay line utilizes two delay
chains (Fig. 3.2(a)). One delay chain (the left one in Fig. 3.2(a)) consists of buffers with delay
71 while the other delay chain has buffers with delay 7. The time interval to be measured AT
is defined by the starting and ending events given by the rising fronts of the signals P, and
P;. Assume that P, comes before Py and Ty is larger than T,. As signals P, and P; propagate
through the delay lines, the time difference between them is decreased by Tz = T — T, after
each stage. The position in the delay line, at which the delayed P; signal catches up the
delayed P, signal defines the time difference between the original P; and P, signals with a
resolution of Tx. The principle of this operation is depicted in Fig. 3.2(b). The resolution of
this TDC does not depend on the delays of the unit elements used in the delay chains, but
rather on their difference. Therefore, time intervals that are smaller than a single inverter
delay in a given process technology can be measured. In order to have 7 measurement steps,
6 stages are necessary. The TDC outputs values are from O (the error is less than Atrpc) to
6 (the error is greater than 6AT7pc).

Qo

AT >(7-7)

| QU AT >2(T-7)

Q2

AT >3(1-7)

CK Qn
D Q

AT >Mn+1)7 -7)

(a) (b)

Figure 3.2: Time-to-digital converter based on Vernier delay line: (a) block diagram and
(b) principle of operation

As for any quantifier, there is a risk of metastability if after a certain number of delay
stages, the value of the interval is reduced to a value within the setup/hold timing window
of the output register. Moreover, the rising edges of CK of sampling registers in Fig. 3.2 do
not arrive at the same time. They are the same signal with different delays, thus with skews.
This results in glitches at the output of PFD.

To solve these problems, we propose the circuit displayed in Fig. 3.3. The solution relies

on two points: First, to observe which signal arrives first at each stage, instead of using
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Figure 3.3: Structure of proposed time-to-digital converter

one of them to sample the other, we compare the two delayed signals by the arbiter circuit
used for BB block (cf. Fig. 1.13). This helps filtering metastability during the comparison;
Second, to avoid glitches at the output of TDC, the outputs of all arbiters are sampled at the
same time by the signal named SAMPLE. The generation of SAMPLE is explained later in
this section.

As shown in Fig. 3.3, the entry of the delay line (t;) is a signal called START, whose
falling edge signifies the beginning of the interval whose duration is to be measured. The
other delay line (T2, T2 < 71) has an entry STOP, whose falling edge marks the ending of
the interval. The two signals for the delay line inputs are generated from the clocks whose
phases are being compared:

START = ref OR div
STOP = ref AND div 3.1

The operation of the TDC is presented on an example of the time interval Ar such that
AT] — ATy < Ar < 6(AT) —ATy).

The two signals START and ST OP representing the interval are sent to the two delay
lines. In each stage, an arbiter decides which signal comes first, and sets "1" at the cor-
responding output (cf. Subsection 1.2.4). Since STAR arrives before STOP, and the first
arbiters of the chain detects that START arrives before ST OP. However, as T is larger than
Ty, after each stage delay between two signals is reduced by Atrpc = T1 — T2. After a certain
number of stages M, the delayed STOP signal will arrive before the delayed START signal.
Hence for stage i, 0 < i < M, Biyy = 0, while for i > M, B,y = 1. This data provides an

idea about the value of the initial time interval under measurement.

The reading of the TDC measurement result is done synchronously with the falling edge
of the signal SAMPLE. It is obtained by delaying the START pulse by 3 delays of t1, which
allows enough time for establishment of the arbiter outputs and metastability resolving. We
can observe that at the falling edge of CK, Q takes the complement value of the input D B first
in TDC). By consequence, the registers in the TDC contain a digital word in thermometer

code representing the time interval to be measured. For stage i, 0 <i < M, §; = 1, while for
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i > M, S; = 0. The obtained thermometer code can be one of the 7 values from 000000 to
111111. It is then combined with the SIGN and converted to a 2’s complement binary code
as output of the PFD.

We note that in the three last stages (arbiters 125-135) only delays t; are used. Other
blocks (delays T, and arbiters) are dummy, and provide equivalent load for the last stage as

for the previous stages. This is important for the linearity of TDC within its dynamic range.

Implementation of blocks of the TDC

In the implemented TDC, the key cells which are D-register, arbiter and delay are imple-
mented as custom cells. The register and the arbiter are the same as implemented in the first
prototype, and are described in [74]. Here we provide information about the implementation
of the delays.

The delay elements 71 and T, are the essential blocks of the architecture, since they decide
the resolution of TDC (Atrpc). The two delay blocks have the same schematic topology (cf.
Fig. 3.4) but employ transistor with different sizes.
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Figure 3.4: Schematic diagram of the delay cells in Vernier TDC

As shown in Fig. 3.4, the delay cell is based on a 2-stage inverter line (M and M3 4)
with additional pull-down NMOS (Mg g 10) and pull-up PMOS (M5 7 9) whose gate ports are
controlled by binary signals D(2 : 0) and m respectively. For such a circuit with given
sizes of transistors, the load capacitance is fixed. However, by programming D(2 : 0), we can
choose the number of transistors turned on, thus we can tune the charging and discharging
current of the inverters. It should be noted that since Mg g 10 have the identical size (the same

case for Ms79), the delay of the cell is decided by the number of tuning transistors turned
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Table 3.1: Values of t; and 1, with different N,

Non ‘ T1 (PS) ‘ T2 (PS)

0 81.5 68.7

1 77 64

2 73.6 60.8

3 71 58
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Figure 3.5: Simulated transfer function of the designed flash time-to-digital converter:
measuring resolution 20.5 ps, range 0-152.5 ps

on (defined as N,,). By consequence, one delay cell can have four different delay values
(Non from O to 3). For instance, if Mg g 10 and Ms7 9 are all turned off (N,, = 0), it has
the smallest current and largest delay. If all the transistors are turned on (V,, = 3), it has
the smallest delay. Tab. 3.1 displays the values of t; and T, with different N,,, obtained by
post-layout simulation. From the table we can see that if we want ATrpc to be about 20 ps,
we can set the N,, of delay cell T; to be 0 and that of T, as 2 in schematic level design. In
physical design, we just need to connect D(Z—()> to supply or ground rail, according to the

wanted delay value.

With all the cells presented above (arbiter, register and delay), we designed the TDC cir-
cuit in transistor level. Precise transistor-level simulations provided a 20.5 ps quantification
step of the TDC, with D = {000} for t; and D = {101} for 1. Fig. 3.5 demonstrates the
code/error characteristics obtained from the post-layout simulations of the designed TDC.

From Fig. 3.5, three regions of TDC operation can be noted:

1. The time interval is less than the first delay element plus the delay of one logic gate

(Eq. (3.1)): the output register generates a word with all zeros;

2. If the time interval to be measured is greater than the delay of the first buffer but less
than the total delay of the line: first bits of the register are at 1, and the rest are at zero
(Fig. 3.2(b));
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3. The input time interval is greater than the overall line delay: all bits of the register are
at ’1’. The TDC is unable to discriminate the time interval values, and the TDC output

1s in saturation providing the maximal code.

In that way, the output of the parallel register SO — S5 provides a thermometer code from
000000 to 111111 representing the measured and quantified value of the time interval in the
range 0, 7-Atrpe).

3.1.3 Implementation of PFD

The block diagram of the implemented PFD is presented in Fig. 3.1. The output of PFD is
obtained by combining the TDC and BB detector outputs through an arithmetic block. The
role of the arithmetic block is a generation of the binary coded 2’s-complement signed word
corresponding to the measured phase error. Its absolute value is composed of the thermome-
ter coded output word of the TDC and the sign provided by the BB detector, accordingly to
the following formula:

PFD,yy = (TDC,y + 1)SIGN. (3.2)

The arithmetic block is implemented by standard design flow starting from a behavioral
description in VHDL, by using Design Compiler of Synopsis and Encounter of Cadence.

The TDC outputs values from 0 (the error is less than Atrpc) to 6 (the error is greater
than 6Atypc). Hence, the PFD,,, is in the range [—7,—1]U[1,7]. The minimum output of
PFD is £1 to maximize the information carried by the output code (cf. Subsection 1.2.4).
The PFD has two output of 4 bit binary signed words: the error e,;[n] and its complement

value é,[n].

The sub-blocks for the PFD are assembled and Fig. 3.6 presents the layout of designed
PFD. The I/O ports are located on the border of the cell and placed at Metal3 layer. The
supply network is organized so to provide the compatibility with the global floorplan of the
clock network chip.The designed PFD has a total area of 53.8x31.4 um?, which is smaller
compared with the first version(53.0x40.04 um?) PFD designed with the same technology.
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Figure 3.6: Layout of the proposed PFD
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3.2 Digital filter in the ADPLL network

The architecture of the filter is similar with that used in the first prototype. The modifications
aimed essentially a reduction of the power consumption (cf. Section 1.3), an acceleration of
the speed of error correction. The implemented architecture benefits from the reduced word
width of the PFD output, and from reduced range of the coefficients for the programmable
Proportional-Integral filter. This allows also a reduction of the delay in the proportional

branch of the filter, which is critical for the error correction in the steady-state mode.

As in the first prototype, the filter includes an error combining blocks at its input. It

processes phase errors between the local clock and clocks issued from neighboring PFDs.

3.2.1 Architecture of digital filter

The schematic of designed digital filter is displayed in Fig. 3.7. It has four entries allowing
receiving at most four 4-bit signed words as inputs and generates an 8-bit unsigned word for
the DCO control (the output of the adder ADDS). This signal is encoded to A, B and C,
which are applied to the inputs of the DCO (cf. Section 3.3).

—»|Decoder C| 3 C
Kp (0,1, 0.5,0.25) B2T A
2

8|3 d 8
Decoder B| 7 -1

N BZT B Q

A i}

Divider

Decoder A| 7 B
-

Figure 3.7: Loop filter for error signal processing: four input gain controllers followed by
the four-input adder, PI filter and three B2T decoders.

The error combining block (from inputs to ADD3) has the same structure as the one
presented in cf. Subsection 1.2.5. The weighting coefficients of the gain blocks Kw; — Kwy
are programmable. Each gain can take independently a value in the set {0,1,2,4}. The adders
(ADD1-3) operate with four 4-bit operands and produce a 8-bit sum. This adder is based on
the carry look-ahead (CLA) architecture. Its delay is less than 510 ps in the worst case.
The filter processes the average value of the sum of errors (e,i1, €2, €3 and e,iq)(cf. [29]),
so the output of the adder ADD3 is followed by the block "Divider", which calculates the
mean value of quantified phase errors. In fact, at functional level, this block is not necessary,
because a division by N can be realized implicitly by programming both the proportional and
integral coefficients N times smaller. However, the introduction of an explicit division has

two advantages:
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1. The calculation after division is simplified: less bits are needed for operators (adders,
multipliers and integrators), thus the arithmetic operation is faster and the filter has

smaller area;

2. The proportional and integral coefficients for all ADPLLs in the network are unified:
without this block "Divider", K, and K; should be programmed diversely in function
of the number of E,; entries, which depends on the position of the ADPLL and the
configuration of network. This needs a pre-calculation of coefficients for each filter
and each configuration, which is unnecessary extra effort for users of the proposed

methodology.

However, it should be noted that a 2-bit number (numKw) should be programmed to-
gether with other coefficients. It indicates the number of entries, in other words, the divisor.
The integer value of numKw could be 1, 2 or 4. All are powers of 2 in order to simplify the

arithmetic operation (in case of dividing by 3, the divisor 4 is used).
After the division, the value is sent to the integral and proportional paths.

The calculations inside the filter are achieved in fixed point arithmetic. For the propor-
tional path, the 2-bit parameter K, allows choosing the proportional coefficient o from a set
of 4 values {0,1,0.5,0.25}.

o = 0, whenKk,=3;
1
2Kp>

3.3)
when others.

Each value of o in the subset 1,0.5,0.25 is a power of 2, thus the multiplication is simple
enough allowing the whole proportional path processing to be finished within one cycle.
Hence no delay is introduced in the proportional path so that it can react quickly to the
measurement result of PED in each clock cycle. The ADDS receives the rounded-to-integer

result of the proportional branch, on 8 bits.

The integral coefficient 3 is defined as a ratio:
K.
where K; is in the range (0,28 — 1). Since the accumulator in this path (ADD4 and FF2 in
Fig. 3.7) takes time for calculation, the divided value is buffered with a register FF1, provid-
ing time of two clock cycles for the arithmetic operations. This is necessary for sufficient

timing margin in the integral path.

The architecture of the integrator path is given in Fig. 3.7. The main point of the inte-
grator design is an appropriate choice of the size of the integrator register FF2. Here we

summarize the integrator path design procedure.
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A particularity of an integrator is an unlimited range of the output when this block is
considered alone. Hence, a design of an integrator requires a specification on the range
of the output value. This specification is defined by the system-level considerations and is
practically ensured by a feedback. For the case of the PLL, the integrator defines the rough
value of the frequency of the DCO; hence, the normal operation range is that of the DCO
input (0, 255).

The integrator outputs unsigned integer values on 8 bits, receives input integer values on
7 bits. According to Eq. (3.4), the integral coefficient has a precision of up to 12 binary digits
after the binary point. To achieve an integration without loss of information, the accumulator
must be able to store a number on 12+8=20 bits. The 12 LSB are then ignored (this is
represented by the block dividing by 2712 in Fig. 3.7), and only the integer part on 8 bits is
applied on the final adder ADDS.

After the global system reset, the integrator outputs 0, and the initial frequency of the
ADPLL network node is the minimal one. If the target frequency is close to the maximal
output frequency, the accumulator should increase its value from 0, and the frequency acqui-
sition time can be long. To reduce the maximal frequency acquisition time, the integrator is
preset with an initial value of 128 (the middle of the scale). This is done by adding a constant
offset of 128 to the output value of the filter.

The parameters (Kw, Kp, Ki, numKw) are programmed to each loop control block in the
network by using the SPI technique presented in Subsection 3.3.4. 20 bits are necessary for

each node, and they are organized as shown in Fig. 3.8.

Ol1]2]|314]|5]|6]|7]|8]|910]11)12]13]14]15]|16]|1718]|19
x| x| x| = > -
-5 wg I\Jg Ns ~. S

mywnu

Figure 3.8: Programming sequence of parameters

3.2.2 Implementation of the filter

The digital filter has been implemented using standard RTL-to-GDS design flow with help
of EDA tools. It was at first described in VHDL language (cf. Appendix A for details). The
gate-level netlist and the layout was synthesized using standard cell library of STMicroelec-

tronics.

At the layout level, the standard cells composing the filter were placed and routed to-
gether with the DCO and PFD macroblocks (blackbox view at Encounter), so to optimize
the chip area. The details of implementation of this physical block called NODE is pre-
sented in Fig. 6.6, and is discussed in Section 6.3. The digital filter occupies a area of about
7.6 x 10°> um? in the NODE.
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3.3 Digitally controlled oscillator (DCO)

Basically, the DCO presented in this section has the same architecture with the first DCO
designed for the first test chip (cf. Subsection 1.2.6) but with reduced tuning steps thus less

tri-state transistors in parallel for each stage.

3.3.1 DCO Architecture

Detailed architecture of the DCO is given in Fig. 3.9. It is a ring oscillator controlled by
three thermometer coded signals A, B and C converted from a 8-bit binary code generated
by the loop filter. The ring oscillator is constituted with 7 stages. Each stage contains one
main inverter (MIy — MIg), which is always active. The tuning inverters are connected in
parallel with each stage and distributed over all 7 stages of oscillator. Each tuning cell is
a controllable inverter associated with a local control logic decoding the row and column

actuation code.

These tuning elements are also organized in three arrays implementing a coarse and a
fine frequency tuning. If we reserve 4 fine tuning steps for each coarse tuning step as in
Subsection 1.2.6, and we want totally 256 tuning steps, 64 coarse tuning steps are needed.
Since the ring oscillator has 7 stages plus 1 virtual stage, for the first array we need only 8
rows instead of 32 rows in Fig. 1.16. Consequently, only one row of 7 virtual extension cells
is enough for the 8 rows in the first array (the last row does not need an extension because
256 steps means 255 changes from 0 to 255).

In summary, the three arrays are organized as follows. The first array consists of 56 (7
stages X 8 rows) coarse-tuning tri-state inverters (CTI). The second array consists of a bank
of 7 additional coarse-tuning inverters (CTIA) (7 stages x 1 row). They are implemented as
the virtual extension of ring stages (cf. Subsection 3.3.2 for details). The CTI and CTIA cells
(totally 63 identical elements) provide 2° equal frequency steps. The third array is imple-
mented with three identical fine-tuning tri-state inverters F' 710 — FT12, which are connected
with stage 1, 3, 5. These cells provide 4 fine frequency tuning steps by each coarse tuning

step. Together with coarse tuning inverters, they provide 256 frequency steps.

The size of transistors in FTI cells is defined by CTI/CTIA transistor dimensions divided
by the number of the fine tuning steps within each coarse tuning step (size ratio 1:4). The
number of fine tuning steps must be a power of two for control simplicity, and set to 4 as
a compromise between the precision (monotonicity may degrade when the number of fine
tuning steps increases) and the obtained gain in the DCO overall number of frequency steps.
In the 8 bit input control binary code, the coarse and fine frequency tuning correspond to the
6 MSB and to the 2 LSB frequency variation respectively.
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Figure 3.9: Core of the proposed oscillator: MI - main inverters, CT1I - coarse-tuning
inverters, F'T1 - fine tuning inverters

3.3.2 Control algorithm

A binary-to-thermometer (B2T) decoder is needed to generate three thermometer coded sig-
nals A, B and C from the 8-bit binary input code W. A, B and C are in charge of row, column
and fine tuning cell controls respectively. From the explanation in Subsection 3.3.1 we can
get that the code A, which controls the row selection (8 rows), should be decoded from the 3
MSBs of W (W (5 : 7)). The code B, which decides the selected stages (7+1 stages), should
be decoded from the middle 3 bits of W (W (2 : 4)). The code C, which controls the 4 fine
tuning steps, are from the 2 LSBs of W (W (0 : 1)). Therefore, the control signals A, B and C
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are defined by the following equations:

A=W%32
B = (W modulo 32)%4 (3.5)
C = W modulo 4

where % means the integer division. The operation (K modulo 2”) on a binary coded signal
K is implemented by selection of p LSB from K, the operation K%(2”) is a right shift of
K by p position. We note that Eq. (3.5) is almost the same as Eq. (1.6) although the two
DCOs do not have the same number of tuning steps and control bits. The reason is that they
have the same number of fine tuning steps in each coarse tuning steps and the number of
stages does not change neither, thus B and C keep the same. As for A, its width is smaller
along with the reduction of rows. Moreover, since A in the old version DCO is always 1 (cf.
Eq. (1.6) in Subsection 1.2.6), we connect the row control of cells in the first row with vdd
(cf. Fig. 3.9), and we don’t need to add 1 to the formula of A.

The logical equation for individual enable signal of the coarse tuning inverters is given
by:

A;UB;j, i=0;
ENyiij=4 AiU(BjNAi—1), 1<i<6; (3.6)
BjﬂAl;l, l:7,

where i € {0,1,..7} and j € {0,..6} are the number of the CTI row and column respectively.

For the additional coarse tuning cells, their enables are given by:
ENgigi=Ai—1,i=1..7. (3.7)

Here i is the index of additional cell equal to the index of the CTI row completed by this
cell. Note that the last CTI row with index 7 doesn’t have the extension. That is because
the coarse tuning cells provide 23 frequency values, and for that 23 — 1 coarse tuning cells is

required.

The corresponding individual enable signals of the code C is given by
ENpii=C; (3.8)
where i = 0..2, i is the index of the FTI cell.

These operations are implemented directly in the tuning cells (Fig. 3.12, Fig. 3.13 and
Fig. 3.14).

Fig. 3.10 demonstrates the order in which the inverters are activated when the input code
changes from 0 to 2016. When the input code is 0014, only MIs are active and the output fre-
quency is the lowest. When the input code equal to 014, FTIO becomes active, so increasing
the charge/discharge current of the stage 1, resulting in the decrease of this stage’s delay and
thus total delay of the loop. After the activation of all FTIs (the code 031¢), the next code
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046 activates the first CTI #000, deactivating three FTIs. The codes 05, — 07,¢ activate
again three FTI. The cycle repeats for the FTIs until the activation of the CTI #001 and so
on. When all FTIs and the first row CTlIs are activated, the code is equal to 1Fjg. The next
code 20¢ keeps the 1st row CTIs on and activates the 1st CTIA in the additional bank. Such
a cycle repeats 8 times when the input code goes from 0 to FFig. At FFjg, all tuning cells
in arrays are active, and total delay of the oscillator loop is the lowest and the corresponding
output frequency is highest.

ode
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Figure 3.10: Ring oscillator cell control table

3.3.3 Implementation
Sizing of tuning cells

Since the number of tuning cells is reduced, the load capacity is not the same as before.
Moreover, the specification has been modified. Consequently, the transistors should be re-
sized. The sizing procedure follows the same methodology used for the DCO for the first
test chip. It is repeated as follows.

The ratio between the frequency step AF (AF.qr5e and AFYy;,.) and the initial frequency
Fp is given by the ratio between the currents generated by the main cells (/,,) and the tuning
cells (I;; and Iy;;) respectively. It can be roughly considered that the current generated by an
inverter is proportional to the W/L ratio of the N transistor. Hence, we come to the following

relation:

w w w
(—) : <—> : (_> =Fy: AFcoarse - AFfine (3.9)
L main L cti L fti

The parameters Fy and AFy;,, are given by the specifications (cf. Section 2.4). From the
architecture of the designed DCO, AF¢oarse/ AFfine = 4.

This double relation includes three unknowns (the W /L ratios of the three cell types). The
third missing equation is given by the requirement about the absolute value of Fy or Fj,qy.
The W /L should be such that when all tuning cells are activated, the ring oscillates at the
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maximal desired frequency corresponding to the maximal input code value. A simulation-
based adjusting/tuning has been performed to obtain the desired absolute value of F,;.

After fixing the W /L value, the values of L and W must be chosen. An immediate ap-
proach consists in minimizing the size of the smallest inverter of the architecture. However,
in order to reduce the impact of the fabrication errors on the DCO code-frequency character-
istic, the use of tuning cells with minimal sizes allowed by the technology should be avoided.
We chose the L of the tuning cells equal to twice the minimal size allowed in the used 65 nm
CMOS technology.

The dimensions of the PMOS and NMOS devices in inverters obtained from mentioned

considerations are given in tables in Fig. 3.11, Fig. 3.12, Fig. 3.13 and Fig. 3.14.

PH,, PH, 1
.ﬂ \-E \_E M, \-E M, Cell Main
ceee Parameter | W ym | L um
M| — Mg 1.38 | 0.07
= AEG Mo — Mg 0.98 0.07
N J

Y
8 inverters
Figure 3.11: Schematic of the main inverter of oscillator: 8 inverters connected in parallel.

PHn PH7L+1

Cell CTI
Parameter | W um | L um
M, 1.26 0.2
M, 0.9 0.2
M; 1.26 | 0.06
My 0.9 0.06
Ms 7510 0.28 0.06
Meo.11,12 0.2 0.06

Figure 3.12: Schematic diagram of the coarse tuning cells

Dividers and buffers

The divider block generates three clock signals: CLK is a buffered OSC clock signal (the
output of the ADPLL network clock generator), DIV is a divided-by-4 clock for the feedback
of ADPLL and for the phase coupling with neighbors. The signal DIV8 is a divided-by-8
clock routed on the chip pads for the off-chip test purposes. Only this signal can be properly
measured outside of the chip, because the communication frequency of the I/O pads available
in the design kit is limited to 270 MHz.
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PHn PHn-I—l

Cell CTIA
Parameter | W ym | L ym
M, 1.26 0.2
M> 0.9 0.2
M; 1.26 | 0.06
Ay My 0.9 0.06
M;s 0.28 | 0.06
Mg 0.2 0.06

Figure 3.13: Schematic diagram of the additional coarse tuning cells

PH,  PH,

Figure 3.14: Schematic diagram of the fine tuning cells
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Figure 3.15: Schematic diagram of the feedback frequency divider

Fig. 3.15 shows the schematic of the divider. It consists of input buffering inverter and
three D flip-flops with inverted output. Besides the original clock signal generated by the
oscillator, it generates two additional divided clock signals: the divided-by-4 DIV signal and

the divided-by-8 DIV 8 signal.

DCO Floorplan

The general floorplan of the oscillator includes 8 groups of blocks. They are towered in stack

in the order depicted in Fig. 3.16. These groups are:

e frequency dividers;
e main inverters;

e arrays of CTI cells;
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Frequency dividers & buffers

7 main inverters

Feedback and supply decoupling

8x7 coarse tuning cells

Feedback and supply decoupling

7 additional coarse tuning cells

Feedback and supply decoupling

3x1 fine tuning cells

Figure 3.16: Floorplan of the designed oscillator

e arrays of CTIA cells;
e array of FTI cells;
e feedback line and supply decoupling cells.

The dividers are located far from the sensitive tuning cells. They are aligned with the
main inverter row. A group of CTI cells (composed as 8 x7), a row of CTIA cells, decoupling
capacitors and global loop feedback lines are placed under the main inverter row. The array
of FTI cells is placed at the bottom of this stack.

DCO layout

The proposed DCO has a regular structure. The main challenge of the DCO layout imple-
mentation is placement of the CTI array and routing of the control signals. The implementa-
tion strategy must optimize th<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>