ISTANBUL TECHNICAL UNIVERSITY * GRADUATE SCHOOL

DESIGN OF AN OPAMP-RC LOWPASS FILTER
IN 22 NM FDSOI TECHNOLOGY

M.Sc. THESIS

Omer Taha KELES

Department of Electronics and Communication Engineering

Electronics Engineering Programme

JUNE 2022






ISTANBUL TECHNICAL UNIVERSITY * GRADUATE SCHOOL

DESIGN OF AN OPAMP-RC LOWPASS FILTER
IN 22 NM FDSOI TECHNOLOGY

M.Sc. THESIS

Omer Taha KELES
(504201201)

Department of Electronics and Communication Engineering

Electronics Engineering Programme

Thesis Advisor: Assoc. Prof. Dr. Metin YAZGI

JUNE 2022






ISTANBUL TEKNIK UNIiVERSITESI * LISANSUSTU EGIiTiM ENSTITUSU

22 NM FDSOI TEKNOLOJiSINDE OPAMP-RC ALCAK
GECIREN FiLTRE TASARIMI

YUKSEK LiSANS TEZi

Omer Taha KELES
(504201201)

Elektronik ve Haberlesme Miihendisligi Anabilim Dal

Elektronik Miihendisligi Program

Tez Damsmani: Do¢. Dr. Metin YAZGI

JUNE 2022






Omer Taha KELES, a M.Sc. student of ITU Graduate School 504201201, successfully
defended the thesis/dissertation entitled “DESIGN OF AN OPAMP-RC LOWPASS
FILTER IN 22 NM FDSOI TECHNOLOGY”, which he/she prepared after fulfilling
the requirements specified in the associated legislations, before the jury whose
signatures are below.

Thesis Advisor : Assoc. Prof. Dr. Metin YAZGI e
Istanbul Technical University

Jury Members : Assoc. Prof. Dr. Tufan Coskun KARALAR ........ccccoocviiennen,
Istanbul Technical University

Assis. Prof. Dr. Okan Zafer BATUR ...,
Istanbul Bilgi University

Date of Submission : 08 June 2022
Date of Defense : 02 June 2022






To Sekiro,

vii






FOREWORD

First of all, I would like to express my gratitude to my supervisor Assoc. Prof. Metin
Yazg for his support and understanding.

I would also like to thank to MKR-IC, the company where | work, for every bit of
support.

I would like to thank my colleague Hasip Terlemez for his friendship and guidance.

Finally, I would like to thank my family for always being there to support me in every
step of my life. My gratitude to them is infinite and endless.

June 2022 Omer Taha KELES
Engineer






TABLE OF CONTENTS

Page

FOREWORD ..ottt bbbttt bbb IX
TABLE OF CONTENTS ...ttt Xi
ABBREVIATIONS ... .ottt bbb Xiii
SYIMBOLS .ttt ettt et bt b e b e re e e XV
LIST OF TABLES ... XVii
LIST OF FIGURES ......coo o XiX
SUMMARY L.ttt ettt bbbt e b e e et et be st nrenrean XXI
OZET oo Xxiii
1. INTRODUCTION ...ttt bbbttt sttt enens 1
1.1 PUIPOSE OF TNESHS ...ttt 2
1.2 Organization Of the TRESIS ..o s 2
2. OVERVIEW ..ottt sttt ettt ne e 5
2.1 Analog Filter FUNAameNtalS.........ccooueieiiieieiisisiesiesieie e 5
2.2 Types of Lowpass FIlter RESPONSES .........ccooeiiririiieieieieie e 7
2.2.1 Butterworth filters (maximally-flat magnitude response)............c.ccccuvenee.e. 8
2.2.2 Chebyshev type | filters (equal-ripple passband magnitude).................... 10
2.2.3 Chebyshev type Il filters (equal-ripple stopband magnitude)................... 11
2.2.4 Cauer (llIptic) TIIErS ......ccviiiieeee e 12

2.3 Analog Filter Implementations..........cccooereieieninesieee e 14
2.3.1 LC Ladder FIITErS ......eeveiieieeeie ettt 14
2.3.2.0PpaMP-RC FIEIS .....ooiiiie et 16
2.3.2.1 TOW-Thomas DIqUad ...........cceveiiriiiiiiiieeee e 17

2.3.2.2 Sallen-Key CIrCUIL .......cveiireieiicce e 18

2.3.2.3 Multiple feedback CIrCUIt ..........ccereiiiiiiii e 19

2.3.3 OTA-C FILEIS .ottt 20
2.3.4 Switched capacitor FIIErS. ..o 21

2.4 Design Parameters of Analog Lowpass Filters .........ccccooovveviiieneiiiinicrienn, 24
2.4.1 Passhand edge freQUENCY .......cooiiieiiieiieeee e 24
2.4.2 Stopband edge frEQUENCY ......cc.eoviieeie e 24
2.4.3 Passhand FpPIe ......ooooi e 25
2.4.4 Stopband attenUALION.............ccveiiiieeie e 25
2.4.5 Peak Stophand FIPPIE .......ooviiiieieieee s 25
2.4.6 Passhand gaiN.......c..coveiiiiiiiii s s 25
2.4.7 Spurious free dynamic range (SFDR) ........ccoovviiviiinieieic e 25
2.4.8 Effective number of bits (ENOB) .......ccccooviviiiiicc e 25
2.4.9 Total harmonic distortion (THD) ........ccoceiiiiiiiniiieeese e 26

2.5 Fully Depleted Silicon on Insulator (FDSOI) Technology ..........cccocvvveiieenee. 26
3. DESIGNED OPAMP-RC LOWPASS FILTER......ccoeiieeecic e, 29
3.1 DesSign SPECITICALIONS ........eeivieiiiiieiieie et e 29
3.2 3" Order Chebyshev TYPe | FIltEr .........coveveceevceeeeieeeee e 30
3.2.1 Operational ampPlifier ..o 32
3.2.1.1 Folded cascode INPUL StAGE........ccrververierieriiriesiieieie e, 32

Xi



3.2.1.2 Class AB OULPUL SEAJE .....veiveeieeieriienieeie st 33

3.2.1.3 Common-mode feedback CIrCUIt.........cccccovvveiiviie i, 34
3.2.1.4 Bias gENETAION ......oviiiiiiiiieiiei ettt 35

3.3 Variable Gain First Order AMPHTier ..., 35
3.3.1 Offset calibration CIFCUIL.........cccoiiviiii i 36

3.4 SIMUIALIONS ...ttt eb e e e b b e e s be e e sbeeesabaeeas 37
35 LAYOUL. ..t nnee e 44
4. CONCLUSION ...t b e st a e s eba e e s bae e aareas 47
] N[O S TR 49
CURRICULUM VITAE ...ttt sttt s sba e saae e 53

xii



ABBREVIATIONS

AC
ADC
BOX
CMFB
CMOS
DC
DPD
ENOB
FDSOI
MIMO
MOM
MOSFET
NMOS
OTA
PMOS
RDF
RF

RX
SFDR
SoC
SPI
THD

- Alternative Current

: Analog to Digital Converter

: Buried Oxide

: Common Mode Feedback

: Complementary Metal Oxide Semiconductor

: Direct Current

: Digital Pre-Distortion

: Effective Number of Bits

: Fully Depleted Silicon on Insulator

: Multiple Input Multiple Output

: Metal-on-Metal

: Metal Oxide Semiconductor Field Effect Transistor
: N-Channel Metal Oxide Semiconductor Field Effect Transistor
: Operational Transconductance Amplifier

: P-Channel Metal Oxide Semiconductor Field Effect Transistor
: Random Dopant Fluctuation

: Radio Frequency

: Receiver

: Spurious Free Dynamic Range

: System on Chip

: Serial Peripheral Interface

: Total Harmonic Distortion

Xiii






SYMBOLS

C

R

L
gm
dB
dBc

: Capacitance

: Resistance

> Inductance

: Transconductance Gain

: Decibel

: Decibels Relative to the Carrier
: Degree

XV






LIST OF TABLES

Page
Table 3.1 : Design specifications of the filter. ..........cccoceviiieii i, 30
Table 3.2 : OTA power breakdown table.............ccoooiiiiiiiee, 32
Table 3.3 : Filter performance COMPAriSON. .........ccccvveiieieeiieese s s e 44

XVii






LIST OF FIGURES

Figure 2.1 :
Figure 2.2 :

Figure 2.3 :
Figure 2.4 :
Figure 2.5 :
Figure 2.6 :
Figure 2.7 :
Figure 2.8 :
Figure 2.9 :

Figure 2.10 :
Figure 2.11 :

Figure 2.12 :
Figure 2.13 :
Figure 2.14 :
Figure 2.15 :
Figure 2.16 :

Figure 2.17

Figure 2.18 :
Figure 2.19 :
Figure 2.20 :

Figure 2.21

Figure 2.22 :

Figure 3.1 :
Figure 3.2 :
Figure 3.3 :
Figure 3.4 :
Figure 3.5 :
Figure 3.6 :
Figure 3.7 :
Figure 3.8 :
Figure 3.9 :

Figure 3.10 :
Figure 3.11 :
Figure 3.12 :
Figure 3.13:
Figure 3.14 :
Figure 3.15:
Figure 3.16 :
Figure 3.17 :
Figure 3.18 :

Page
Two-port model of an analog filter. ..o 5
Magnitude responses as functions of frequency for a) lowpass, b)
highpass, ¢) bandpass and d) bandstop filter functions. ............c..cc.ccoe.... 7
Butterworth magnitude responsess for orders 2 t0 10. .......ccccccevvrernnens 10
Chebyshev type | magnitude responses for orders 2 to 10.................... 11
Chebyshev type 1l magnitude responses for orders 2 to 10. ................. 12
Cauers magnitude response around passband for orders 2 to 10........... 13
Cauers magnitude response around stopband for orders 2 to 10........... 13
LC ladder filter block diagram. ...........ccccovveiiiiciiiicc e 14
Implemented LC FIIEr. ....cocooiiiiiee e 15
Generalized LC ladder filter configurations...........c.cccoceevevveieiienen, 16

Magnitude response of second order functions for different Q values.

................................................................................................................ 17
Tow-Thomas filter circuit diagram. .........ccccoeeveieniniineeeeees 18
Sallen-Key filter circuit diagram. ............cccocevvieiiiieiiec i, 19
Multiple feedback filter circuit diagram............cccocevvirenieninieniieienenn 20
OTA-C grounded resistor equivalent. ..........c.ccccceeveiieiinieiieie e, 20
OTA-C grounded inductor equivalent...........ccccooereieniniineniieieenen, 20

: Switched capacitor resistor equivalent. ...........cccccevereiiiiieiienieieienen, 22
First order active filter circuit diagram..........cccooeveieiiiinininiceen, 23
Switched capacitor equivalent of first order active filter. ................... 23
Lowpass filter specification parameters. ..........ccccoceverenenvnienieeiennenns 24

: Cross-section of conventional-well FDSOI process transistors. ......... 27
Cross-section of flip-well FDSOI process transistors. .............cccc.c..... 27

3 order filter Circuit diagram. ..........occvveeeeeeeieeeeeeeeeeeee e 31

Circuit diagrams of a) Switchable capacitor and b) CMOS switch. ..... 31

Operational amplifier first and second stage circuit diagram................ 33
Common-mode feedback circuit diagam............ccccceveniiiniiniinininnenn, 34
Bias generation circuit diagram. ..........ccccovveveiieie s 35
First order variable gain filter circuit diagram. ..........c.ccocvvviinininnnnn, 36
Offset calibration circuit diagram...........ccccvvveveiiieieeie e 37
Open loop response of the operational ampllifier. ............cccccoevvinenenn. 38
Step response of the operational amplifier. ..........cccccooeiiiiiiciiiciee, 38

Frequency response of the lowpass filter around passband corner. .... 39
Frequency response of the lowpass filter around stopband corner. .... 39
Input and output signal waveforms for different gain options. ........... 40
Frequency spectrum of the output signal.............cccoeoveiiiiiiiiicineee, 41
SFDR values for different input signal frequencies. ...........ccccocveveneen. 41
ENOB values for different input signal frequencies. .........c.cccccevvenee. 42
Offset shift for different SPI bit values. .........cccccovvvieviiiieiecceen, 42
Filter frequency response in DPD mode. .........ccccocvvviiiieeiie e, 43
Input and output signal waveforms in DPD mode. ..........cc.ccoovvvennee. 43

XixX



Figure 3.19 : Operational amplifier layout....................
Figure 3.20 : 4™ order opamp-RC lowpass filter layout

XX



DESIGN OF AN OPAMP-RC LOWPASS FILTERIN 22 NM FDSOI
TECHNOLOGY

SUMMARY

Analog filters are widely used in signal processing applications like noise reduction,
blocker rejection, signal detection, anti-aliasing, demodulation, audio processing etc.
They are utilized to allow certain signals to pass while blocking others. Passed or
blocked signals are not time dependent since analog filters are time invariant circuits.
These filters pass or block signals depending on the signal’s frequency, meaning that
signals in specified frequency ranges are blocked or passed. While time domain
responses of the filters are still a critical design consideration, filters are mainly
designed considering the desired frequency domain responses. Main types of filters
can be categorized as lowpass, highpass, bandpass and bandstop according to their
selective frequency range.

There are various types of lowpass filter responses which have different passband or
stopband characteristics. Brick wall response, whose pass and stop bands are separated
at the corner frequency, has a discontinuous frequency response. This type of a
mathematical function is not realizable in real world. On the other hand, realizable
filter responses are continuous functions with finite roll-off slopes between stopband
and passband. The slope at the transition band depends on the order of the filter
function and the type of the filter function. Additionally in real filter functions there
may be permitted fluctuations which may appear in stopband, passband or both. In
Butterworth response, the passband has flat frequency characteristics so it is called
maximally flat magnitude response. Likewise, Chebyshev type 1 filter response has
equal ripples in the passband so it is called equal ripple magnitude response.
Chebyshev type Il filter response, or equal ripple stopband magnitude response, has
equal ripples in the stopband and Cauer filters have ripples in both stopband and
passband.

The question of how to realize filter functions with real circuit elements arises
numerous solutions. Such filter functions can be realized using circuit elements like
resistors, capacitors, inductors and some specialized circuit elements such as
operational amplifiers and switched capacitors. Filter characteristics and design
limitations vary greatly depending on the circuit elements and topologies used. In order
to realize lowpass filter functions, various different circuit topologies are proposed
over the last couple of decades. Filters are classified depending on the circuit elements
employed. LC ladder filters consist of inductors, capacitors and resistors which are all
passive elements. Besides resistors and capacitors, Opamp-RC filters utilize active
circuit elements called operational amplifiers. Moreover, OTA-C filters are
implemented using operational transconductance amplifiers and capacitors.
Furthermore, capacitors, operational amplifiers and switched capacitor circuits are
used to build switched capacitor filters. All the different circuit topologies have their
advantages and disadvantages. It is the designer’s job to determine which topology is
a better choice considering the design specifications and limitations.
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Over the years, shrinking of transistor sizes resulted in reduced analog performance
and lower voltage headroom. For this reason, several process techniques have been
developed. One of them is fully depleted silicon on insulator (FDSOI) technology.
FDSOI technology provide less process variation and leakage current compared to the
similar channel length bulk CMOS processes. For this reason, FDSOI is considered as
an alternative to the further reduced silicon geometries. The channel is electrically
isolated from the transistor bulk by a thin layer of buried oxide. This isolation results
that the amount of leakage current is reduced and parasitic diode effects are lessened.
Also, since the channel is undoped, transistors are more prone to process variations.

With these considerations, an opamp-RC lowpass filter is designed in 22 nm FDSOI
technology to comply with the design requirements. The designed filter consists of a
3 order Chebyshev type | lowpass filter and a first order filter with variable gain. A
Tow-Thomas biquad following a first order RC filter is used in the 3™ order filter. A
high gain-bandwidth operational amplifier is designed to be used in both Tow-Thomas
biquad and variable gain first order filter. Power supply is 0.8 V and total power
consumption is 7.6 mW for the filter circuit. Less than 1dB attenuation or ripple up to
25 MHz and more than 60 dB attenuation after 240 MHz is obtained. Also 81 dB SFDR
and 7.6 bits ENOB values are achieved for full scale input and 800 mV peak-to-peak
output swing.
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TURKCE TEZ BASLIGI BURAYA YAZILIR

OZET

Analog filtreler sinyal isleme uygulamalarinda kullanilan temel bloklardan biridir.
Giiriiltii bastirma, blokor engelleme, sinyal tespiti, ortlisme onleme, demodiilasyon ve
ses isleme bu uygulamalardan birka¢i olarak gosterilebilir. Gegmiste ozellikle
telekomiinikasyon teknolojilerinin gelismesinde analog filtreler kritik rol oynamustir.
Gilinlimiizde ise filtreleme islemlerinin bir kismi1 dijital alana kaymuis olsa da yiiksek
frekansli veya alt dereceli filtreleme islemleri i¢in analog filtreler dijital filtrelere
kiyasla daha uygulanabilir ve daha diisiik maliyetli kalmaktadir.

Analog filtreler belirli sinyallerin ge¢mesine izin verirken belirli sinyallerin de
geemesini engellemek icin kullanilan devre elemanlandir. Filtrelerin sinyalleri
gecirmesi veya bloklamasi bu sinyallerin bulundugu frekans bandina baghidir. Bu da
demektir ki belirli frekans araligindaki sinyaller filtre tarafindan gegirilirken belirli
frekans araligindaki sinyaller de filtre tarafindan bloklanmaktadir. Filtreleri zaman
alanindaki cevaplari her ne kadar kritik olmaya devam etse de filtrelerin
karakterizasyonu asil olarak frekans alaninda yapilmaktadir. Baslica filtre cevaplari
alcak geciren filtre, yiiksek geciren filtre, bant geciren filtre ve bant durduran filtre
olarak kategorize edilebilir. Bu karakterizasyon filtrenin gecirdigi veya blokladigi
sinyallerin frekans araligina gére yapilmaktadir.

Algak gegiren filtrelerin ger¢eklenmesinde baz alinan birkag farkli frekans cevabi
cesidi vardir. Ideal filtre cevabmin gecirme ve bloklama bantlar1 kose frekansinda
ayrilmistir. Bu ayrim siireksiz bir filtre cevabi1 demektir. Bu sekildeki siireksiz bir filtre
cevabinin gercek diinyada bir karsiligi ve uygulanabilirligi yoktur. Buna karsin belirli
bazi siirekli frekans cevaplar1 gerceklenebilir ki bu frekans cevaplarinda gecirme ve
bloklama band1 arasindaki bir transisyon bandinda egim sonludur. Buna ek olarak filtre
fonksiyonlarinda gecirme bandinda, bloklama bandinda veya her ikisinde yiiksekligi
belli dalgalanmalara izin verilebilir. Bu durum goéz oniine alindiginda farkli filtre
cevaplari elde edilir. Butterworth filtre cevabinda gecirme bandi diizdiir ve bu cevaba
ayni zamanda azami Ol¢iide diiz gegirme bandi cevabi da denir. Chebyshev tip | filtre
cevabinda ise gecirme bandi icerisinde yiiksekligi belli olan dalgalanmalar vardir ve
bu filtre cevabina ayni zamanda esit genlik dalgalanmali ge¢irme bandi cevabr da
denir. Benzer sekilde Chebyshev tip 11 filtre cevabi, ya da esit genlik dalgalanmali
bloklama bandi cevabi, bloklama bandinda esit genlikli dalgalanmalar barindirir.
Cauer filtre cevabinda ise hem gecirme bandinda hem de bloklama bandinda
dalgalanmalar vardir.

Filtre cevaplarinin nasil ger¢eklenebilecegi sorusunun birden fazla cevabi vardir. Filtre
cevabt cesitleri direng, kapasitor, endiiktor gibi pasif devre elemanlar1 veya
operasyonel yiikselteg, anatarlanan kapasitor gibi aktif devre elemanlar1 kullanilarak
gerceklenebilir. Filtrelerin karakteristik 6zellikleri, tasarim Olgiitleri ve kisitlamalari
devrede kullanilan elemanlara ve devrenin topolojisine 6nemli 6lciide baghdir. Algak
geciren filtrelerin gergeklenebilmesi i¢in son birkag on yil igerisinde gesitli devre
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topolojileri onerilmistir. Baslica filtre topolojileri farkli bagliklar altinda toplanabilir.
LC merdiven filtrelerde direngler, endiiktorler ve kapasitérler kullanilir. Bu da
demektir ki LC merdiven filtrelerde sadece pasif elemanlar kullanilmaktadir. Bu
sebeple bu filtrelerden kazang saglamak miimkiin olmamaktadir. Ayrica gliniimiiz
teknolojilerinde transistor boyutlart olduk¢a kiiciilmiisken endiiktér boyutlari
transistorlere kiyasla ¢ok biiylik olmaktadir. Bu da kisith tasarim alani olan
tasarimlarda biiylik sorun teskil etmektedir. Opamp-RC filtrelerde direng ve
kapasitorlere ek olarak operasyonel yiikseltegler de kullanilir. Operasyonel
yiikseltegler aktif elemanlar olup gii¢ harcamaktadir. Opamp-RC filtreler kullanilarak
birinci ve ikinci dereceden filtre fonksiyonlar1 gergeklenebilir. Bu da demek olur ki
daha yiiksek dereceden filtre fonksiyonlart da opamp-RC filtreler araciligiyla
gergeklenebilir ¢linkii ikinci dereceden daha yiiksek olan filtre fonksiyonlar1 bir¢ok
ikinci dereceden ve eger filtre fonksiyonu derecesi tek ise ek olarak bir birinci
dereceden fonksiyonun carpimi olarak ayristirilabilir. Boylece ikinci dereceden
filtreler ve eger filtre derecesi tek ise ek olarak birinci dereceden bir filtre arka arkaya
baglanarak daha yiiksek dereceli filtreler elde edilebilir. Opamp-RC filtreler lineerligi
yiiksek olmasi sebebiyle siklikla tercih edilmektedir. OTA-C devrelerde ise
kapasitorler ve operasyonel transkondiiktans yiikseltegler kullanilir. Bu filtrelerde LC
merdiven filtrelerde kullanilan endiiktorler ve direngler terine transkondiiktor
yiikseltecleriyle birlikte kapasitorler kullanilarak ayn1 filtre fonksiyonlari
gerceklenebilir. Boylece endiiktorlerin kapladigt asir1 serim alanina gerek kalmadan
aynt fonksiyonlar gergceklenmis olur. Ayrica transkondiiktor yiikselteglerin
transkondiiktans degerleri kalibre edilerek filtre fonksiyonunu olusturan elemanlarin
degerlerini kalibre etmek miimkiin olmaktadir. Anahtarlanabilir kapasitor filtrelerde
ise kapasitorlere ve operasyonel yiikselteglere ek olarak topolojinin isminden de
anlasilabileceg@i tizere anahtarlanabilir kapasitorler kullanilir. Bu filtrelerde direng
eleman1 yerine anahtarlanabilir kapasitorler kullanilmaktadir. Bdylece iiretim
sirecinde varyasyonlar gosteren direngler yerine anahtarlanabilir kapasitorler
kullanilmis olur. Tiim bu farkli filtre topolojileri kendilerine ait avantajlara ve
dezavantajlara sahiptir. Bu avantajlari, dezavantajlar1 ve tasarim spesifikasyonlarin
gdz oOniinde bulundurarak tasarlanacak filtrenin topolojisini se¢cmek filtre
tasarimcisinin gorevlerinden biridir.

Filtrelerin tasarlanma amaclarina gore veya kullanildiklar1 sisteme ve etkilesime
gectikleri bloklara bagli olarak saglamalar1 gereken belirli spesifikasyonlar vardir. Bu
spesifikasyonlar frekans alaninda olabilecegi gibi zaman alaninda da olabilir. Gegis
bandinin sinir1 gegis bandi kose frekans olarak adlandirilirken bloklama bandinin sinir1
ise bloklama bandi kose frekansi olarak adlandirilir. Bu frekanslar ve bloklama
bandinda saglanmasi gereken soniimleme degeri filtre tasariminda kritik 6nem tagir.
Buna ek olarak filtre tasarimi gegirme bandindaki ve bloklama bandindaki dalgalanma
degerleri belirli sinirlar igerisinde kalacak sekilde yapilmaktadir. Frekans alanindaki
spesifikasyonlara ek olarak zaman alaninda da spesifikasyonlar bulunmaktadir.
Filtrelerin isledikleri sinyallere ekledikleri giiriiltii ve isledikleri sinyallerin
lineerliginde yol actiklar1 bozulmalar da goz oniline alinmaktadir. Bu parametreler
tasarlanacak filtrenin frekans cevabi g¢esidinin segilmesinde ve filtre topolojisinin
seciminde rol oynar.

Yillar igerisinde transistor boyutlarindaki kii¢ciilme analog performansta diisiisii ve
voltaj paymdaki diislisii de beraberinde getirmistir. Bundan dolayr CMOS gdvde
teknolojisine alternatif yeni teknolojiler gelistirilmistir. Bu teknolojilerden biri de
FDSOI teknolojisidir. FDSOI teknolojisinde gdmiilii oksit katmani transistor kanalini
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govdeden izole eder. Bu izolasyonun sonucu olarak FDSOI teknolojisindeki
transistorlerde CMOS govde teknolojisindeki transistorlere kiyasla kagak akim miktari
azdir, liretim siirecindeki performans varyasyonlari daha azdir. Bu sebeple FDSOI
teknolojisi diisiik kanal genislikli CMOS govde teknolojisine bir alternatif olarak
goriinmektedir. FDSOI teknolojisinin getirdigi en 6nemli avantajlardan biri de her
transistoriin ~ govde geriliminin  bagimsiz  sekilde ayarlanabilir olmasidir.
Transistorlerin kanallar1 govdeden gomiilii oksit tabakasiyla ayrildigi igin farkli
transistorlerin kanallar1 arasinda izolasyon saglanmis olmaktadir. Bu izolasyon govde
gerilimi degerinin ayarlanmasi agisindan serbestlik tanimaktadir. Bu sebeple esik
gerilimini kaydirma amaciyla govde gerilimini degistirmek miimkiin olmaktadir. Buna
ek olarak transistorii govdeden siirebilmek de daha kolaylagsmaktadir. Kanalin
govdeden izole olmasinin 6niinli a¢tig1 uygulamalardan biri de NMOS transistorlerin
PWELL kuyular1 yerine NWELL kuyulara gergeklenebilmesidir. Boylece NMOS
govde gerilimleri kaynak gerilimine kadar yiikseltilebilmektedir ve esik gerilimleri bu
sekilde asagi cekilmektedir. Ayni sekilde kanalin gdvdeden izole olmasi PWELL
transistorlerin NWELL kuyular1 yerine PWELL kuyularina ger¢eklenmesine olanak
saglamaktadir. Boylece PMOS transistorlerin govde gerilimleri toprak gerilimine
baglanarak esik geriliminde azaltma saglanabilir. Bu tasarim esnekligi voltaj aralig
diisiik olan tasarim teknolojilerinde kritik 6nem tasimaktadir. NMOS transistorlerin
NWELL kuyularina ve PMOS transistorlerin de PWELL kuyularina gerceklenmesi
tersyiiz kuyu konfigilirasyonu olarak isimlendirilmektedir.

Bunlar g6z onilinde bulundurularak, belirli spesifikasyonlar1 saglamak iizere 22 nm
FDSOI teknolojisinde bir opamp-RC alg¢ak gegiren filtre tasarlanmistir. Tasarlanan
filtre dordiincii dereceden olup liclincli dereceden bir Chebyshev tip I algak geciren
filtreden ve birinci dereceden ayarlanabilir kazangli algcak gegiren filtreden
olusmaktadir. Uglincii dereceden filtreyi bir birinci dereceden RC filtreyi takip eden
Tow-Thomas devresi olusturur. Hem Tow-Thomas devresinde hem de birinci
dereceden ayarlanabilir kazangh algak geciren filtrede kullanilmak {izere yiiksek
kazang¢ bant genislikli bir operasyonel yiikselte¢ tasarlanmistir. Filtre 0.8 voltluk
gerilimde 22 nm FDSOI teknolojisinde tasarlanmistir. Toplam gii¢ tiiketimi 7.6 mW
civarindadir. 25 MHz frekansina kadar maksimum 1dB dalgalanma veya soniimleme,
240 MHz frekansi sonrasinda ise en az 60 dB soniimleme saglanmistir. Ayrica 81 dB
SFDR ve 7.6 bit ENOB degerleri tepeden tepeye 800 mV c¢ikis genligi i¢in
saglanmaktadir.

Bu tez kapsaminda analog filtrele cevaplarinin ¢esitleri, filtrelerin gerceklenmesi icin
kullanilan temel topolojilert, filtrelerin performans metrikleri ile alakali temel bilgilere
yer verilmistir. Ardindan FDSOI teknolojisinden ve bu teknolojinin gévde CMOS
teknolojisine kiyasla sagladigi avantajlardan bahsedilmistir. Son olarak da belirli
spesifikasyonlari saglamak iizere tasarlanan filtrenin yapisi ve simiilasyon sonuglarina
yer verilmistir.
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1. INTRODUCTION

In signal processing, analog filters are considered as essential building blocks
particularly in the telecommunication applications [1], [2]. Analog filters have played
a critical role in a variety of technological breakthroughs and provided
telecommunication companies with substantial profits. Early developments in
transmission line applications gave rise to the electronic filter theory since the
electronic filters were first and mainly used in transmission lines in telecommunication
applications. The introduction of network synthesis techniques, on the other hand,
considerably increased the designer's level of control on the design parameters. So that
engineers were capable of realizing more complex mathematical filter functions with
more precision. While for many filtering applications digital filters are used with the
development of integrated circuitry, analog filters still essential for applications such
as frequency duplexing, power amplifier impedance matching, suppression in

conversion mixers, anti-aliasing in data converters [3].

With the consideration of the applications and demands, different types of filter
topologies are developed. Firstly, as a result of the advancement in the transmission
line theory, passive filter topologies like LC ladder filters are constructed. In the recent
decades with the improvements on the network synthesis techniques, active filters such
as OTA-C, opamp-RC, switched capacitor filters are developed. Compared to the
earlier developed passive filters like LC ladder filters, active filter topologies provide

more reliability and easier implementation with reduced complexity.

Opamp-RC filters are one of the commonly used active filter topologies. This type of
filters include operational amplifier circuits in addition to resistors and capacitors.
Closed loop nature of the opamp-RC topology results that these filters achieve
exceptional linearity [4], [5] in addition to low noise performance and large voltage
swing [6] while the performance of an opamp-RC filter heavily depends on the
operational amplifier’s gain-bandwidth product, gain and output impedance.

Multistage operational amplifiers are commonly used for opamp-RC filter applications



since they can achieve high gain and gain-bandwidth product, with large voltage swing
at the output.

Shrinking transistor sizes has resulted in development of new processes alternative to
the bulk CMOS process because of the reduced analog performance and low voltage
headroom. Fully depleted silicon on insulator (FDSOI) technology is considered one
of the alternatives to the further shrunk bulk CMOS processes. FDSOlI MOSFETs
provide improvement in process variation, leakage current and analog performance
compared to the bulk CMOS counterparts [7], [8], [9]. For this reason, FDSOI is
considered as an alternative to the further reduced silicon technologies. FDSOI
MOSFETs also provide design flexibilities such as independent back gate biasing and

flip-well configuration.

While designing an analog filter, firstly a mathematical filter response is selected or
constructed considering the requirements and specifications. There are well known
filter functions such as Butterworth response, Chebyshev response etc. After
determining the filter response and filter order, a filter topology is selected as which
the filter will be implemented. Design of additional peripheral blocks may be required

to calibrate the frequency response of the filter or output DC offset voltage.

1.1 Purpose of Thesis

In this thesis, lowpass filter responses and filter implementation circuit topologies are
examined. Additionally, FDSOI process technology and its advantages over bulk
CMOS processes are mentioned. Finally design of an opamp-RC lowpass filter circuit
in 22 nm FDSOI technology is explained and simulation results are presented.

1.2 Organization of the Thesis

This thesis consists of 4 chapters.

In the first chapter a brief introduction is given. Purpose and organization of the thesis

are presented.

In chapter 2, an overview of analog lowpass filters responses, lowpass filter circuit
topologies and filter performance parameters are given. Additionally, an overview of

FDSOI technology is presented.



In chapter 3, the design of the opamp-RC lowpass filter is explained in detail. Also,
simulation results of the designed filter are presented. Finally, layouts of the filter and

opamp circuits are given.

In chapter 4, the thesis is concluded.






2. OVERVIEW

In this chapter, fundamental information about analog filters is given. After that,
common methods of analog filter implementation are mentioned including certain
topologies. Then design and performance metrics for analog filters are briefly

explained. Finally, FDSOI process technology and its benefits are addressed.

2.1 Analog Filter Fundamentals

Analog filters, or continuous time filters, are essential to variety of electrical
engineering applications. A few of these applications are, noise reduction, blocker
rejection, signal detection, demodulation, audio processing, etc. Analog filters are used
simply to pass certain signals and attenuate others. Analog filters are time invariant
circuits so passed or attenuated signals are not time dependent. These filters are
designed to pass or attenuate signals in particular frequencies. This means that analog
filters are analyzed and designed mainly considering frequency domain while transient
responses of the filters are still a critical aspect of the design. Analog filters are realized
using resistors, capacitors, inductors and some specialized circuit elements such as
operational amplifiers. Depending on the circuit elements used, filter characteristics

vary greatly as will be explain in following chapters.

An analog filter can be modelled as a two-port device as in Figure 2.1 below.

O
+ +
VZ

s

Figure 2.1 : Two-port model of an analog filter.



When input and output quantities are expressed by their Laplace transforms, the filter’s
transfer function can be defined as

. o v,
1) = TGy 0@, 2l ire) 1)

Vi Vil
Transfer function of a filter indicates how much attenuation does the filter have and
how much phase shift is created by the filter at any given frequency. Magnitude of the
transfer function is commonly expressed in dB as the following equation where « is a

measure of attenuation (or gain when negative sign is removed).
a(w) = —201log|T(jw)| dB (2.2)

Depending on the frequency range of pass and stop bands, filters are categorized as

follows:

= Lowpass filter has a characteristic where passband extends from zero
frequency to a frequency called cutoff frequency (or passband corner

frequency) denoted as w (or f¢).

= Highpass filter stopband extends from the corner frequency w. to infinity
while signals that has frequency between zero and w are stopped. Highpass
filter characteristic is complementary to lowpass filter.

= Bandpass filter has a passband ranging from w, to w,, while signals out of this

band are stopped.

= Bandstop filter characteristic is complementary to the bandpass filter. Signals
with frequency between w; and w, are stopped while signals at other

frequencies are passed. This filter type also referred as notch filter.

Magnitude responses as a function of frequency for four filter types can be seen in the
Figure 2.2. Dark blue solid lines represent ideal filter functions and red dashed lines

represent realistic filter functions.
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Figure 2.2 : Magnitude responses as functions of frequency for a) lowpass, b)
highpass, ¢) bandpass and d) bandstop filter functions.

2.2 Types of Lowpass Filter Responses

For the ideal lowpass filter characteristic, stopband and passband are distinctly
separated at the cutoff frequency. However, this brick wall response is not realizable.
Real filter responses can only have finite slope roll-off between passband and stopband
which means there is a transition band between. The sharpness of this roll-off depends
on the filter order. If the filter order is higher, a sharper transition will occur, so it will
be closer to the ideal filter response. In addition to the roll-off characteristic, real filters
exhibit fluctuations in stopband, passband or both. These fluctuations are called
ripples. When all considered, different types of filter responses vary greatly. Most

commonly used types of these responses are mentioned in following chapters.



2.2.1 Butterworth filters (maximally-flat magnitude response)

Butterworth response is a filter response type that have flat passband response meaning

that there are no ripples at the passband.

The filter transfer function T (jw) which is a complex function can be written as
T(w) =ReT(jw) +jImT(jw) (2.3)

Knowing that Re is an even and Im is an odd function, following is also true

T(—jw) = ReT(jw) = j Im T (jw) (2.4)
which means
T(—jw) = T"(jw) (2.5)
Since
T(—jw) T*(jw) = (Re T(jw))? + (Im T(jw))* = [T (jw)|> (2.6)

following equation is also correct
IT(w)|? = T(jw) T(—jw) (2.7)
It is clear that this is also an even function, meaning that
ITG)I? = IT(—jw)? (2.8)

At this point let’s write the function as a division of a numerator and denominator
polynomials which will must be even functions, and n representing the degree of the

polynomials

N Go))? X (w?) (2.9)

TGl =15 GE = ¥




noting that w is the normalized frequency. Now it is handy to define a function K (jw)

which is the deviation of the T,,(jw) transfer function from unity as

_ Y(w?) . Y(w?) — X(w?) (2.10)
- X(w?) B X(w?)

K[ = T, Gia)| 7 = 1

For a lowpass filter it is obvious that it would require that |K (jw)| is close to zero at
lower frequencies and it is much higher in upper frequencies. Simplifying the

equations (2.9) and (2.10) by choosing
X(w?) =1 (2.11)

Means that the function will not have any zeros in finite frequencies. The simplified

equations are as follows

1
T (iw)|2 = (2.12)
ITa)] 1+ Yw?+ Y,w* +...+Yw?n

IK(jw)|? = Yow? + Yyo* +... +Y5,0%" (2.13)

In order to have the flattest possible response in passband, at zero frequency
derivatives of the |K(jw)|? should be zero. This possible when coefficients of the
|K (jw)|? polynomial are zero (except for Y,,,, otherwise transfer function would be

equal to zero) as shown in

d™(IKGw)l?)
“dnm | 0 form=123..n-1 (2.14)

w=0

YZ = Y4_ =...= YZ(TL—I) = O (215)
Y,,, can be replaced with £2 as, creating the expression
K(o)I? = Ypo™" = e?w?" (2.16)

and



_ 1 1
|Tn(](l))|2 = 1+ ana)zn = 1+ 82(‘)271 (217)

When &2 chosen to be 1, the new transfer function is called Butterworth response:
T (j)? = — (2.18)
n(o)l” = 1+ w2

From the equation (2.18) it can be seen that at the w = 1 frequency, attenuation is 3dB
independent of the function degree. Also, for large values of w attenuation slope is
nx20dB per decade. In the Figure 2.3, Butterworth magnitude responses for filters with

orders 2 to 10 can be seen.
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Figure 2.3 : Butterworth magnitude responses for orders 2 to 10.

2.2.2 Chebyshev type I filters (equal-ripple passband magnitude)

For the Butterworth response, |K(jw)|? is monotonically increasing. On contrary
when a definite amount of ripple is allowed in the passband, some other functions can

be utilized to construct a filter response. Instead of as in the equation (2.16)
IK(jw)|? = e20®" (2.19)

The |K (jw)|? polynomial can be set as

10



IK(jw)|? = e2C3(w) (2.20)
Where C,,(w) is a confined function named Chebyshev polynomial expressed as
C2(w) =cos(ncos tw) for|w| <1 (2.21)
The Chebyshev magnitude response is

1
T,(jw)|* = ————— 2.22
The ripples are confined between 1 and 1/v1 + €2 inside the passband and the
response a steeper roll-off compared to the Butterworth response. In Figure 2.4,
magnitude response for Chebyshev | filters, that has 1 dB passband ripple, with orders

2 to 10 can be seen.
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Figure 2.4 : Chebyshev type | magnitude responses for orders 2 to 10.
2.2.3 Chebyshev type I filters (equal-ripple stopband magnitude)

Starting from the equation (2.22)

1

ITe1 )| = TTe2C2 (@) (2.23)

Which can be subtracted from 1 to obtain

11



1 182G (w)

- w)|?=1-— = 2.24
1= TGl =1 =S = Th e2cz(w) (2.24)
Then replacing w with 1/w to get a function as
1e2C2(1/w
T, (jw)|? = n(1/w) (2.25)

1+ €2C2(1/w)

which is called inverse Chebyshev (or Chebyshev 1) response. This response has a
flat behavior at the low frequencies and it has ripples at high frequencies opposite to

Chebyshev | response. Ripples have a maximum at £2/v/1 + £2 at the stopband (w >
1).

In Figure 2.5, magnitude response for Chebyshev Il filters having stopband ripple
maximums at -30dB, with orders 2 to 10 can be seen.
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Figure 2.5 : Chebyshev type Il magnitude responses for orders 2 to 10.

2.2.4 Cauer (elliptic) filters

In this type of response |K(jw)|? in the equation (2.10) is replaced by a function
IR, (jw)|?. Where R, (jw) is equal to

A(jw)

IRu(j)| = Foros

(2.26)
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Where poles and zeros are selected on the jw axis to create equal ripples in passband
and stopband both. In other words, Chebyshev type | and Chebyshev type 1l responses
are fused together. In Figure 2.6 and Figure 2.7, magnitude response for Cauer filters

that have stopband ripple maximums at -30dB and passband ripple of 1dB, with orders
2 to 10 can be seen.
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Figure 2.6 : Cauer magnitude response around passband for orders 2 to 10.
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Figure 2.7 : Cauer magnitude response around stopband for orders 2 to 10.
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2.3 Analog Filter Implementations

Filter functions are mathematical expressions. In order to be implemented in practical
applications, these filter functions should be realized using real circuit elements. There
are various ways of implementing a filter function. Passive circuit elements as
resistors, capacitors, inductors can be used along with active circuit elements such as

OTAs and switches. Depending on the circuit elements used, filters are categorized.

2.3.1 LC Ladder Filters

LC ladder filters are a type of passive filters which use no active elements that uses
power. Independent of the order, LC ladder filters contain only two resistors. Other
than the two resistors, there is also an LC ladder whose number of steps depends on
the order of the filter. Values of the L and C elements are determined by the filter
function which is to be implemented. In Figure 2.8, a block diagram for an LC ladder

filter is illustrated.

RS
——VV\—O0— —O—e—o0
+ +
LC R
6—’ v, Ladder § L Vo
—o—!i —O—e—0
le

Figure 2.8 : LC ladder filter block diagram.

The reflection coefficient A(jw) can be expressed as

. _ —Rs—271,(jw)
A(jw) = +m (2.27)
Meaning that
= AGent

As an example, For a Butterworth filter for which

14



A RS
Viw)l 1+ w2
|A(jw)|? will be equal to
2n
: 2 _
l[AGw)|* = TF o

When R; = R, and K = 1/2 following equation will be correct

wn

B,(jw)

|AGw)|? =

where B, (jw) is the nth order Butterworth polynomial.

(2.29)

(2.30)

(2.31)

As an example, for a 3" order Butterworth lowpass filter implementation will be as

follows:
53

A(s) =
(5) s34+2s2+2s+1

From the equation (2.28)

2s2+2s4+1 ™ 1

Z = =
11(5) 2s3+2s2+2s+1 st 1
1

2.<;+—S_I_1

Using the equations, this filter can be implemented as given in the Figure 2.9.

@ v — §1
e

11

Z

Figure 2.9 : Implemented LC filter.

(2.32)

(2.33)

Required L and C values for common filter responses are generated aforetime so that

designers can utilize such tables for practical filter design. The two generalized

15



configurations for normalized LC ladder filter circuit diagrams are shown in Figure
2.10.

1 L, Ly
— a—0— TN vos
+
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Q

Figure 2.10 : Generalized LC ladder filter configurations.
2.3.2 Opamp-RC Filters

One way to realize filter functions is by using operational amplifiers. There are
numerous ways to realize a second order filter function. Second order rational
functions are referred as biquadratic functions, and circuits realizing these functions
are called biquads. General form of a biquadratic function for a lowpass filter is stated

as

A

Wy 5
s?2+—5s+w
0 0

Tip(s) = (2.34)

where Q is the quality factor of the biquad. Normalized second order lowpass functions

with different Q values are shown in Figure 2.11 bellow.
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Figure 2.11 : Magnitude response of second order functions for different Q values.

It is critical that some circuits can implement such second order filter functions using
operational amplifiers, since higher order filter functions can be broken down into a
multiplication of multiple second order functions and one first order function if the
function order is odd. This translates that by cascading the multiple second order filters
(and a first order filter if the function order is odd), higher order filters can be
implemented. This method provide useful since biquadratic filters are fairly
straightforward to realize. There are various circuit topologies for implementation of

biquadratic functions using operational amplifiers.

2.3.2.1 Tow-Thomas biquad

Tow-Thomas biquad circuit can be used for implementing a biquadratic filter function
that has no finite transmission zeros. This means filter types such as Butterworth,
Chebyshev Type | can be realized using a Tow-Thomas biquad. The circuit is shown

in Figure 2.12. The transfer function of the lowpass output is as follows [10]

Re/R,4
R3R,C1 Gy

1 N R¢/R,
R2Ci * R3RsCiC

Tip(s) = — (2.35)

s2+s

This means that

17



6/ 4 RZ R6C1
) and Q = (2.36)
o w/RgRsClcz JRaR< | RaC:

As can be seen in equations (2.35) and (2.36), Q and w, values can be tuned
independently. By adjusting the R, resistor, Q can be changed without effecting the

pole frequency which clearly is an advantage for the designer.

R5
AN
R2
AAA
C1
I C2
1 R4
R1 AN
f oA = R3
M\ — R4
+ —AAA—
4 + —0Y,

Figure 2.12 : Tow-Thomas filter circuit diagram.

Performance parameters such as dynamic range, supply noise rejection and harmonic
distortion are greatly improved when fully differential topologies are utilized [11],
[12]. In fully differential implementations of Tow-Thomas biquad, inverting operation
done by the third operational amplifier will be accomplished by inverse connections

therefore there will be only two operational amplifiers needed in the circuit.

2.3.2.2 Sallen-Key circuit

Some circuits can implement a second order filter function with only one operational
amplifier. Sallen-Key topology is one of them. Circuit schematic is shown in Figure
2.13. Transfer function of the circuit is as follows [13]

K
T(s) = R chlcz (2.37)

R,C, T chl) TR R2C1€2
and
1

1 RiR,C,C, 2.38
wo:,IR1R2C1C2 andQ=1_K+ 1 + 1 -
R,C;,  R,C;  Ry(G
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Figure 2.13 : Sallen-Key filter circuit diagram.

For the real differential implementation of Sallen-Key filters, differential difference

amplifiers [14] which have four input nodes and two output nodes are required.

2.3.2.3 Multiple feedback circuit

Another type of biquad is the multiple feedback circuit. Multiple feedback circuit is a
single operational amplifier filter. As the name suggests, there are more than one
feedback across the operational amplifier. Circuit schematic for a lowpass multiple
feedback filter is shown in Figure 2.14. Transfer function of the multiple feedback

circuit is as follows [15]

1
T.p(s) = RiR3CiGo (2.39)
i 245 (g + LS ) 1 |
ST TS\RLC, T RyC T R3Cy) T RyR5CLG

and

_ 1 _ C,/C;
“= [RRsec 40T (240
2R3C1 G, JR3/Ry +/Ry/R3 + \/R3R5/R;

For the adjustment of Q without effecting the w,, R, value can be set independently.
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Figure 2.14 : Multiple feedback filter circuit diagram.
2.3.3 OTA-C filters

Basic filter elements such as resistors, inductors, integrators can be replaced with
circuit elements that are created using transconductance amplifiers. By replacing these
elements with their OTA-C equivalents, passive filters can be transformed into OTA-
C filters. Since LC ladder filter can realize filter functions as described in earlier
chapters, OTA-C filters can be implemented simply by replacing LC ladder elements
with corresponding OTA-C equivalents. Equivalent circuits for a grounded resistor

and a grounded inductor are interpreted in Figure 2.15 and 2.16 respectively.

N/ i~

Figure 2.15 : OTA-C grounded resistor equivalent.

\on

Vi)

Figure 2.16 : OTA-C grounded inductor equivalent.
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For the resistor equivalent circuit,

ly=gmVi=1 (2.41)
SO

hol g (2.42)

11 gm e .

For the inductor equivalent circuit,

1
Ve = gmiV1 7 (2.43)
and
Iy = gm2V = I (2.44)
1

L = gm29m1V1E (2.45)

4 C
— = S Leg (2.46)

=¥ =
Iy Im19m2

For OTA-C filters, circuit elements can be tuned via the g,,, values and no inductors

or resistors are required to be implemented in the filter.

2.3.4 Switched capacitor filters

Realizing resistors with switched capacitors, these filters can have very small corner
frequencies without the need of large resistors. Additionally, frequency parameters
will be very precise since clock frequencies which are generally created by crystal
oscillators are very accurate and RC parameters depend on the ratios of the ratios of
the capacitor values which is also very accurate. A switch capacitor equivalent of a

resistor is shown in Figure 2.17. @, and @, are non-overlapping clock signals.
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Figure 2.17 : Switched capacitor resistor equivalent.

From charge transfer,
Aq =q1—qz = (v, —V2)Cs (2.47)

When the frequency of the clock is much higher than the frequency of v; and v,

sources (or signals), the equation can be approximated as

=1 Y — V-, (2.48)

I~ —
T

where T is the period and f is the frequency of the clock signal that flips the switches.

Therefore, the equivalent resistance is

R, w21 (2.49)
T feGs |
This means that an RC time constant will be as
G (2.50)
T = — .
Y feCs

As an implementation example, a first order active filter circuit and its switched

capacitor version are shown in the Figures 2.18 and 2.19 respectively.
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R1

Figure 2.18 : First order active filter circuit diagram.

Figure 2.19 : Switched capacitor equivalent of first order active filter.

For the circuit in Figure 2.19, the transfer function will be as

G, G (2.51)

so that a very accurate transfer function can be obtained which will depend on the

ratios of the capacitor values.
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2.4 Design Parameters of Analog Lowpass Filters

Analog filters have numerous requirements and restraints depending on the application
and depending on the parts of the system which the filter will co-operate with. These
requirements and restraints are defined for the system to be able to function properly
as awhole. Such design parameters and performance metrics for analog lowpass filters

will be defined in this chapter. Also, some of these parameters are illustrated in the
Figure 2.20.
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Figure 2.20 : Lowpass filter specification parameters.

2.4.1 Passband edge frequency

An analog lowpass filter is expected not to attenuate the input signals in a certain
frequency band which is called the passband. The passband starts from the zero

frequency and extends up to the passband edge frequency. Depicted as fr in Figure
2.20.

2.4.2 Stopband edge frequency

For a lowpass filter the frequency band in which the signals are attenuated up to a
desired point is called the stopband. Stopband ranges from the stopband edge
frequency to the infinity. The frequency band between stopband edge and passband
edge is called the transition band. Depicted as fs in Figure 2.20.
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2.4.3 Passband ripple

Magnitude fluctuations in the filter frequency response are called ripples. They are
measured in dB. Ripples inside the passband are tagged as passband ripples. Certain
amount of passband ripples can be tolerated in the filter. Depicted as Ap in Figure 2.20.

2.4.4 Stopband attenuation

Stopband attenuation is the measure of how much the signal is attenuated in the
stopband, compared to the signal at the passband. Together with the width of the
transition band, defines the required roll-off slope of the filter. Depicted as As in Figure
2.20.

2.4.5 Peak stopband ripple

There can be ripples in the stopband as well although this time the important parameter
is not the amplitude od the ripple but its maximum value. This parameter should not
exceed a certain value so that the stopband requirements will not be troubled.

2.4.6 Passband gain

Active filters can provide gain at the output compared to the input signal. The gain is
the ratio of the amplitude of the signal at the output to the signal at the input. This gain
is defined as a voltage gain and expressed in decibels. Depicted as Ag in Figure 2.20.

The gain equation is shown as follows.
Ag = 201og(|Vour/Vinl) (2.52)

2.4.7 Spurious free dynamic range (SFDR)

As a measure of linearity, the ratio of the fundamental output signal amplitude to the
largest spur amplitude is called spurious free dynamic range. It is expressed in

decibels. The equation is shown as below.

SFDR = 20 lOg(|V(Fundamental)/V(Lon‘gest Spur)l) (2-53)

2.4.8 Effective number of bits (ENOB)

Ratio of the signal power to the power of the noise and distortion is called signal to
noise and distortion ratio (SINAD). ENOB is calculated using the SINAD value and
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helps to determine how much effective resolution bits can be obtained from the signal
that is at the output of the filter. SNDR and ENOB are calculated as below.

PSignal
SINAD = 101o ( ) (2.54)
8 PNoise + PNoise
SINAD — 1.76dB
ENOB = 2.55
0 6.02dB ( )

2.4.9 Total harmonic distortion (THD)

Total harmonic distortion is the ratio of the total power of the harmonic signals to the
power of the fundamental signal. Expressed in decibels or in percentage.

(2.56)

THD = 10 log (2 PHarmonics)

P Fundamental

2.5 Fully Depleted Silicon on Insulator (FDSOI) Technology

When process variation, short channel effects and leakage currents are considered,
fully depleted silicon on insulator technology provides better performance compared
to the bulk CMOS technology therefore it is considered as an alternative to the further
reduced bulk CMOS silicon geometries [16], [17], [18]. A thin layer of buried oxide
layer (BOX) under the channel electrically isolates the bulk of the transistor from the
channel resulting in reduced amount of leakage current. The undoped fully depleted
channel is less prone to process variations compared to transistors with channel
dopants which means reduced random dopant fluctuations (RDF). Since device
channels are isolated from the bulk silicon, isolation between different devices is also
improved. The buried oxide layer isolates the source and drain of the transistors from
the substrate, so the parasitic diodes effects are lessened between source/drain and
substrate. A cross-section of conventional-well FDSOI NMOS and PMOS devices is

shown in Figure 2.21.
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Figure 2.21 : Cross-section of conventional-well FDSOI process transistors.

One major advantage of an FDSOI MOSFET is that the body bias of the MOSFET
device can be set freely since the channel of the MOSFET is isolated from the body.
This also means that NMOS devices can be placed in NWELL instead of PWELL and
similarly PMOS devices can be placed in a PWELL. This architecture is called flip-
well and it allows threshold reduction by forward body biasing. Body biasing ability
creates a design flexibility which can be utilized for bulk driving and threshold voltage
shifting. A cross-section of flip-well FDSOI NMOS and PMOS devices is shown in
Figure 2.22.

Forward
N-well NMOS  Body Bias PMOS P-well
contact cor&;:)act
P+ P+

Flip-Well BBOX

Figure 2.22 : Cross-section of flip-well FDSOI process transistors.
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3. DESIGNED OPAMP-RC LOWPASS FILTER

The circuit is designed to be implemented on a mm-Wave 5G Multi-Input Multi-
Output (MIMO) radio solution system-on-chip (SoC) as a baseband filter. It is required
that the filter circuit needs to filter unwanted signals received from the RF receiver
block and deliver the filtered signal to the ADC input. Consequently, the filter has
requirements stated by the system design as well as the requirements stated by the RX
and ADC blocks since there will be an interface on each side. In this chapter, design
specifications and design the design of the opamp-RC filter in 22 nm FDSOI

technology is explained.

3.1 Design Specifications

The opamp-RC lowpass filter is designed in 22nm FDSOI technology using the
CADENCE design environment. The supply voltage domain is 0.8 V. The transistors
used are the low voltage domain transistors with conventional-well and flip-well

options.

The filter is required to have two operation modes one of which is the normal mode
where the filter operates as a baseband filter with 12 dB gain and 25 MHz passband
corner frequency. The passband corner frequency in this case defined as the frequency
at which 1dB attenuation occurs. Stopband corner frequency is determined as 240
MHz and 60 dB attenuation compared to the passband is expected in the stopband. In
this mode the passband ripple is expected to remain under 1dB. The output of the filter
should have at least 7 effective resolution bits meaning that the ENOB of the filter
output signal should more than 7 bits. Additionally, magnitude of the highest spur at
the output of the filter should be 65 dB under the fundamental signal. This means that
the SFDR at the output should be no less than 65 dB.

The second mode of operation is where the filter is used as a 0 dB gain buffer and the
passband corner frequency shifted forward so that there will be no more than 1 dB
attenuation up to 75 MHz (up to the third harmonic frequency of a 25 MHz signal). In

this mode the passband is required to be flat. This mode is included in the design
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because there is an application of the digital pre-distortion (DPD) technique in the

receiver chain of the SoC.

These two modes of the filter will be referred as normal mode and DPD mode in this
chapter. Since SFDR and ENOB parameters depend on the full-scale voltage level at
the input of the filter, which is not specified at this stage of the project for the DPD
mode, these parameters are not addressed in this thesis. Specifications for normal mode

and DPD mode are given in Table 3.1 as below.

Table 3.1 : Design specifications of the filter.

Specification Normal mode DPD mode

1dB passband corner > 25 MHz > 75 MHz
Stopband corner < 240 MHz -
Stopband attenuation > 60 dB -

Passband ripple <+1dB <+1dB
SFDR > 65 dB -
ENOB > 7 bits -

Power consumption <10 mW <10 mW

“Unspecified at this stage of the project

Considering the specifications, a continuous time analog filter is designed. Continuous
time analog filters are convenient choices for high frequency and high dynamic range
filtering [19], [20]. The designed filter is a 4" order opamp-RC lowpass filter.
Designed 4™ order filter consists of two sub-blocks. These sub-blocks are a 3" order
Chebyshev type | lowpass filter followed by a variable gain first order lowpass filter
both of which are implemented as opamp-RC configurations. The required passband
corner frequency and stopband attenuation is provided by the 3" order lowpass filter
while the variable gain first order filter also contributes the attenuation. Variable gain
first order filter provides 12 dB gain in normal mode and drives the ADC which is the
load for the filter circuit. These circuits are designed together to have the desired

specifications.

3.2 379 Order Chebyshev Type I Filter

In order to provide the required stopband attenuation and passband corner frequency
while confining the passband ripple, a 3rd order Chebyshev Type | Filter with a
passband corner frequency of 25 MHz is designed. The passive RC circuit followed
by a Tow-Thomas biquad together creates a 3rd order filter with a Chebyshev type |

response. Schematic view of the 3" order filter circuit is shown in Figure 3.1.
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Figure 3.1 : 3" order filter circuit diagram.

The frequency response of the filter is determined by the resistor and capacitor values
which suffer from process variations. For this reason, a calibration method is
implemented to compensate the effect of process variation on the filter response. In
order to calibrate the filter frequency response, the capacitors are designed as
switchable capacitors controlled by Serial Peripheral Interface (SPI) so that the RC
product can be kept in a desired interval. Moreover, in the DPD mode where passband
corner frequency is shifted above 75 MHz, switchable capacitors are adjusted to reduce
the capacitance values of the filter. Schematic of the switchable capacitor blocks and
schematic of the switches used in the switchable capacitor blocks can be seen in Figure
3.2.

VouT

<}> VOUT

s17 s2] s3] s4 o Vet
CE ci ci CE _| PLNT I_
T T 7T

VIN

o

VIN
(a) (b)

Figure 3.2 : Circuit diagrams of a) Switchable capacitor and b) CMOS switch.

In order obtain a flat passband in the DPD mode, Q defining resistor of the Tow-
Thomas biquad is designed to be adjustable. The S1 and S2 switches in the Figure 3.1
are switched ON to decrease the Q defining resistor value by bypassing the R5 and R7
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resistors. Thus, a more Butterworth-like flat passband filter characteristics is obtained
in DPD mode.

3.2.1 Operational amplifier

Operational amplifier is a critical part of the biquad. For the non-ideal operational
amplifiers’ effect on the transfer function of the filter to be negligible, designed
operational amplifier must have a gain-bandwidth product around 100 times the filter
passband corner frequency [21], [22], [23]. In this case, the amplifier is designed to
have 2.5 GHz gain-bandwidth product. Additionally, the open-loop DC gain of the
amplifier is designed to be more than 60 dB to prevent the excessive passband ripples.
In the aspect of time domain behavior, the amplifier should be able to operate without
generating too much high order harmonics at the output so that the filter can satisfy
the linearity requirements and the noise generated by the amplifier should not
compromise the filter’s ENOB specification. Also, since operational amplifiers’ power
consumption is restricted by the filter specifications.

The designed operational amplifier is a fully differential two stage transconductance
amplifier. The first stage is a folded cascode input stage while the second stage is a
class AB output stage. Also, a common-mode feedback circuit is included since the
designed amplifier is fully differential. In an effort to reduce the threshold voltages, all
transistors in this design are in flip-well configuration where NMOS are in NWELL
biased with VDD and PMOS are in PWELL biased with GND. Total power consumed
by one operational amplifier is 2.6 mW. Power breakdown table can be seen in Table
3.2.

Table 3.2 : OTA power breakdown table.

Total Power Biasing CMFB Stage 1 Stage 2
2.6 mW 024mW  02mW 096mW 12mW

3.2.1.1 Folded cascode input stage

First stage of the operational amplifier is a rail-to-rail input folded cascode stage as
shown in Figure 3.3. Rail to rail input with input transistors N1, N2 and P1, P2 assures
that the filter can function properly with wide range of input common-mode levels.

Folded cascode structure provides gain without contributing to the noise. N6, N10 and
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P7, P12 transistors create floating current mirrors to bias the output stage. P4, P5, P10
and P9 transistors are biased by the common-mode feedback circuit so that the output

common-mode voltage level is set to a desired value.

In terms of noise, the critical transistors in the design are N8 and N4 mosfets. The
flicker noise of these transistors has the highest contribution to the integrated output
noise of the operational amplifier. In order to further improve the noise performance
of the operational amplifier, N8 and N4 transistors can be replaced with larger area
transistors. This way the flicker noise will be reduced with a cost of power

consumption.
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P11 VBPC \—l_\_gll Plgj_l—/ '

—CJVINP
VINM D K

&g
i g

D> | l

vOUTP {H H> VOUTM

Figure 3.3 : Operational amplifier first and second stage circuit diagram.
3.2.1.2 Class AB output stage

N7, N11 and P8, P13 transistors in the Figure 3.3 are the output stage transistors of the
operational amplifier. This is a class AB output stage first introduced by Monticelli
[24]. The output stage contributes to the gain while allowing a rail-to-rail swing at the
output and high slew-rate so that the linearity of the signals at the output is not
compromised. Since the amplifier has two gain stages, compensation is required for
bringing the dominant pole closer to zero (away from the second pole) to ensure the

stability of the amplifier.
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3.2.1.3 Common-mode feedback circuit

Operational amplifier being fully differential, a common-mode feedback circuitry is
required to set the output common-mode voltage to a desired value. A modified 5-
transistor OTA is used as an error amplifier as shown in Figure 3.4. Transistors P15
and P17 are employed to imitate the P6, P11 cascode transistors of the differential

amplifier so that the common-mode error is reduced.

vDD > ] L
VCMFB_I |_P1 4 o1 6_J |_
o 15J VBPC LP 17
VCM Fifﬁ X1
c5
d
z
O]
R2
voutp | C6

GND<> |

Figure 3.4 : Common-mode feedback circuit diagram.

The stability of the common-mode feedback loop is ensured by the same compensation
capacitors that compensate the open loop amplifier response. This means that in order
to improve the stability of the common-mode feedback loop, the compensation
capacitance of the OTA must be increased. On the other hand, this will decrease the
gain-bandwidth product of the differential amplifier which is not desirable. For this
reason, a multi-path common-mode feedback is used for further improving the stability
of the common-mode feedback circuit without effecting the differential mode open-
loop response [25]. Output of the error amplifier is fed to the bias transistors in two
branches. P4, P10 transistors in Figure 3.3 are biased by the error amplifier output
node named CMFB and P9, P10 transistors are biased by the RC filtered error
amplifier output node named CMFBa. This way without decreasing the low frequency
gain of the common-mode feedback loop, the stability is increased with a cost of a

slight reduction in common-mode gain-bandwidth product.
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3.2.1.4 Bias generation

Gate bias voltages of tail and cascode transistors of the operational amplifier are
generated by the bias generation part. As shown in Figure 3.5 two input current
branches receive reference currents to generate bias voltages for the operational
amplifier circuit. N25, N26 and P22, P23 transistors imitate the differential input
transistors to generate biases for the tail transistors of the differential input stage. Diode
connected N30 and P27 transistors generate the bias voltages for the floating current
sources. While diode connected N15 and P18 transistors generate gate voltages for
cascode transistors, N16 and P19 transistors generate gate voltages for cascode tail

transistors.
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Figure 3.5 : Bias generation circuit diagram.
3.3 Variable Gain First Order Amplifier

The variable gain first order filter is a first order opamp-RC lowpass filter which has
a passband corner frequency at 60 MHz. It contributes to the stopband attenuation of
the 4™ order filter without affecting the passband corner frequency, provides gain to
the input signal, and calibrates the output offset caused by the preceding 3" order filter
block and by the gain amplifier itself. Schematic of the circuit is shown in Figure 3.6.
Transistors R3 and R6 are switchable resistors which can take three different values to
create 3 different gain options. 12 dB, 6dB and 0dB gain options can be selected by
the changing the assigned SPI bits. In the normal mode of the 4™ order filter, 12 dB
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option is selected. 6 dB and 0dB gain options are implemented for testing and
debugging purposes. 0 dB gain option is selected also in the DPD mode. Additionally,
in the DPD mode, C1 and C4 capacitors are switched OFF to shift the passband corner
frequency of the first order filter to a very high frequency (above 75 MHz).

The same operational amplifier used in the 3™ order filter block is used in the variable
gain amplifier. Additionally, there are two offset calibration circuits in the variable

gain first order filter.

Offset A
Calibration P c2

VINPD
VINM >

DvouT™M

R1
APA
R2 OTA1
A/ —/"' DVOouUTP

Offset C4
Calibration M 1w

Figure 3.6 : First order variable gain filter circuit diagram.
3.3.1 Offset calibration circuit

The offset created by the 3 order filter and the variable gain first order filter amplifier
blocks because of the mismatch of the circuit elements is calibrated by the mismatch
calibration circuits. Schematic of a mismatch calibration circuit is shown in Figure 3.7.
In the offset calibration circuit either NMOS devices or PMOS devices are active
meaning that the circuit has two operating modes. One mode is current sinking mode
in which a controlled amount of DC current is sunk from the output node. The other
mode is current sourcing mode where a controlled amount of DC current is sourced to

the output node. The amount of current sunk or sourced is controlled by 7 dedicated
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SPI bits controlling the gate voltages of binary weighed N1-6 and P1-6 transistors to
obtain 128 levels of calibration (64 positive and 64 negative offset levels).

VDD __]

TP P e

e R
"
L ek el L

oo 1 1 1 |

< 10Ut

Figure 3.7 : Offset calibration circuit diagram.

There are two offset calibration circuits in the variable gain amplifier which are
connected to the differential input nodes of the operational amplifier. While one of the
offset calibration circuits is in current sinking mode, the other one is in current
sourcing mode. Two offset calibration circuits sink and source equal amounts of DC
currents. Since equal amounts of DC currents are sunk and sourced, there is no
common-mode shift introduced at the inputs of the operational amplifier but a DC
offset is created. DC offset shift provided to the inputs of the operational amplifier will
be reflected at the output of the variable gain first order filter. By setting the offset
calibration bits properly, DC offset at the output of the 4™ order filter caused by

mismatch can be reduced below 5 mV by the offset calibration circuits.

3.4 Simulations

Simulation results for the designed operational amplifier and the 4™ order filter are
presented in this chapter. Since the operational amplifier is a critical part of the design,

its simulation results are shown apart from the simulations of the 4th order filter.

Open loop gain and phase of the designed operational amplifier are shown in Figure
3.8. Load capacitance for this simulation is chosen as 1pF because the operational
amplifiers in the filter are required to be able to drive 1pF capacitors of the lowpass
filter circuit without any stability issues. Obtained 70 dB DC gain, 2.55 GHz gain-
bandwidth product and 62.7° phase margin values can be seen in the Figure 3.8 for the

total power consumption of 2.26 mW.
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Figure 3.8 : Open loop response of the operational amplifier.

Step response of the operational amplifier for a 400 mV amplitude differential input

voltage is shown in Figure 3.9 below.
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Figure 3.9 : Step response of the operational amplifier.

Frequency responses of the 4™ order lowpass filter in normal mode for typical, RC

max and RC min process corners are shown in Figure 3.10 and 3.11. Frequency
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responses around passband corner and stopband corner are shown in Figure 3.10 and
Figure 3.11 respectively. Additionally, frequency responses obtained after the
calibration for RC max and RC min process corners are shown as well. Green sold line
is the filter response in typical process corner. Dotted red and blue lines are frequency
responses in RC min and RC max corners when there is no calibration and solid red
and blue lines are frequency responses after the frequency calibration obtained by

changing the SPI control bits of the switchable capacitor circuits accordingly.
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Figure 3.10 : Frequency response of the lowpass filter around passband corner.
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Figure 3.11 : Frequency response of the lowpass filter around stopband corner.

With the calibration capability of the filter, passband frequency higher than 25 MHz,
stopband attenuation more than 60 dB and passband ripples less than 1dB are obtained

for every process corner.

4" order filter transient input and output waveforms for three different gain options are
shown in Figure 3.12 below. 12 dB option is for the normal mode of operation and
other gain options are used for testing and debugging purposes. Input signal in this
simulation is a sinusoidal signal with the frequency of 3.516 MHz and 100 mV
differential amplitude which is the defined full-scale input voltage for the lowpass

filter circuit.
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Figure 3.12 : Input and output signal waveforms for different gain options.
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Frequency spectrum for the output signal of the filter, when a 100 mV differential
sinusoidal signal with 25.08 MHz frequency is applied to the input, is shown in Figure
3.13. At the output of the filter, the magnitude of the fundamental signal is -7.8 dBc
which corresponds to 407 mV differential signal (O dBc corresponds to 1V). As can
be seen in Figure 3.13, the highest spur is at 75.24 MHz with a magnitude of -89.2
dBc. This is expected since the 75.24 MHz is the closest odd harmonic frequency,
which is the third harmonic, of the fundamental signal. Since the filter is fully

differential, the second order harmonic magnitude remains under the third harmonic.
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Figure 3.13 : Frequency spectrum of the output signal.

ENOB and SFDR values obtained from the transient simulations are shown in Figure
3.14 and Figure 3.15. Figures show ENOB and SFDR values for different input/output
frequencies. Input signal amplitude for the simulations is the full-scale amplitude
which corresponds to 100 mV differential and the signal amplitude produced at the

output is around 400 mV differential since the filter gain is 12 dB.
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Figure 3.14 : SFDR values for different input signal frequencies.
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Figure 3.15 : ENOB values for different input signal frequencies.

Offset calibration capability of the filter is demonstrated in Figure 3.16. For different
SPI bit values, obtained DC offset shift is shown. 128 different levels of offset shift

can be achieved with 5 mV steps.
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Figure 3.16 : Offset shift for different SPI bit values.
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For the DPD mode of the circuit, frequency response is shown in Figure 3.17 below.
Filter gain is reduced to 0dB and the passband corner frequency is shifted above 75
MHz. Since the Q defining resistor is reduced in the DPD mode, a flat passband
response is obtained.

Magnitude (dB)

50 60 70 80 90 100 110 120 130 140 150
Frequency (MHz)

Figure 3.17 : Filter frequency response in DPD mode.

DPD mode transient input and output waveforms are shown in Figure 3.18. The input
signal for the simulation is a 100 mV differential amplitude sinusoidal signal with
70.54 MHz frequency.
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Figure 3.18 : Input and output signal waveforms in DPD mode.

In the Table 3.3, comparison of performance parameters for the designed filter and

referred filters in the literature is shown.

43



Table 3.3 : Filter performance comparison.

Parameters This Work [26] [27] [28]

[29] [6] [30]

Technology 22 nm 130nm  130nm 130 nm

Feutoff - 3dB
31 20 40 11.3
(MHz)
Active- Active-  Active-  Active-
Topology RC RC RC RC

VDD (V) 0.8 1.0 0.6 0.55
Order 4th 5th 4th 4th
Response Ch. Ch. But. But.
SFDR (dB) 81.4 - 60.7 -
SNR (dB) 47.2 - 57.2 -
SNDR (dB) 47.1 40.0 55,6 40.0
ENOB 7.53 6.35 8.94 6.35
Power (mW) 7.8 7.5 10,6 35
VFS (% of VDD) 50 - 48 25
Area (mm?) 0.06 1.94 0.24 0.43

FOM (Power/

(OrderX Feutoffx _ 122 _
SFDRXENOB)) - 0
(fw/Hz)

65 nm 120 nm 90 nm

70 5 7

Active- Ring
RC Oscillator

0.6 1.0 0.55
4th 5th 4th
But. Che. But.
65.0 73.0 67.5
55.8 - 61.4
54.4 40.0 58.0
8.70 6.35 9.30
26.2 6.1 2.9
73 35 28
0.38 0.25 0.29

PWM

0.165 0.175 0.164

3.5 Layout

Operational amplifier layout is shown in Figure 3.19.

amplifier is 43.7 x 62.4 um?.
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Figure 3.19 : Operational amplifier layout.

Layout of the filter is shown in Figure 3.20. Layout size of the 4™ order lowpass filter

is 353.8 x 174.3 um? including the top-level power routings.

Figure 3.20 : 4" order opamp-RC lowpass filter layout.
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4. CONCLUSION

In the scope of this thesis, a fully differential opamp-RC lowpass filter is designed in
22 nm FDSOI process technology and simulated. Theory of the analog filter functions
are studied. Most common circuit topologies used for implementation of lowpass
filters are examined. Design and performance parameters of analog lowpass filters are
explained in detail. FDSOI technology and its differences and advantages over bulk
CMOS processes are explained. The design of the opamp-RC lowpass filter is
explained in detail. Specifications and resulting design decisions are described.
Schematics of the 3™ order Chebyshev type I lowpass filter and the variable gain first
order filter, which are the subblocks the designed filter, are presented with detailed
explanation. Schematics of the two-stage operational amplifier and the common mode
feedback circuit are also presented with the design considerations. Additionally,
designed switchable capacitor circuit and offset calibration circuit are demonstrated.
Finally, simulation result of the designed operational amplifier and opamp-RC lowpass
filter are illustrated and layout of the designed filter and operational amplifier are
shown. Included DPD mode in the filter, for transforming the filter to a 0 dB gain

buffer using the dedicated SPI bits when needed, is explained.

The circuit is designed in 22 nm FDSOI technology using flip-well MOSFET devices,
MOM capacitors, polysilicon resistors and 0.8V supply voltage.

In conclusion, the designed opamp-RC lowpass filter has 60 dB stopband attenuation
compared to the 12 dB passband gain and passband ripple less than 1dB. Passband and
stopband corner frequencies are 25 MHz and 240 MHz respectively. 81 dB SFDR and

7.6 bits ENOB values are achieved for full scale input voltage.
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