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ABSTRACT

Nguyen, Tri Trong. M.S.Egr., Department of Electrical
Engineering, Wright State University, 2011.

Direct Digital Synthesizer Architecture for IWireless
Communication in 90 nm CMOS Technology.

Software radio is one promising field that can meet
the demands for 1low <cost, low power, and high speed
electronic devices for wireless communication. At the
heart of software radio is a programmable oscillator called
a Direct Digital Synthesizer (DDS).

DDS has the capabilities of rapid frequency hopping by
digital software control while operating at very high
frequencies and having sub-hertz resolution. Nevertheless,
the digital-to-analog converter (DAC) and the read-only-
memory (ROM) look-up table, building blocks of the DDS,
prevent the DDS to be wused 1in wireless communication
because they introduce errors and noises to the DDS and
their performances deteriorate at high speed. The DAC and
ROM are replaced in this thesis by analog active filters
that convert the square wave output of the phase
accumulator directly into a sine wave. The proposed
architecture operates with a reference clock of 9.09 GHz

and can be fully-integrated in 90 nm CMOS technology.



TABLE OF CONTENTS

Page

I. INTRODUCT TON i ttuittitttttes e e es et s s s e e s s e s e s e s e s e s e s e e e s e e e rennen 1
1Y (o} A= Rl I o o PSP P U TPR 1
Contributions Of thiS WOTK e 2
0rganization Of The SIS e 3
Frequency SyYNtNeSIzZerS . e 5
Definition and characteristiCS. 5
Implementation of Frequency Synthesizers.... 6
Direct Analog SyNtRESIZEeT s 7
Phase-locked Loop Frequency Synthesizer ... 8
Delay-Locked Loop (DLL) Frequency Synthesizer............ 11
Direct Digital SynthesSizZer . 12
IT DDS ARCHITECTURE DESTIGN .t 26
Proposed arChiteChUTE i 26
i F =R Ve Lo LT TP PRPUPPPTN 28
10 GHZ FUll AddETr DESIgmN i iiiie ittt sree e sine e 31
PhaSe ACCUMU LA OT tiiiiiiiiiiiie sttt e e et e e e st e e e e st e e e st e e e s esbe e e e e snseeeeasnneeeeeeenenes 36
Pipelined Phase ACCUMULATOT ciiiiiiiiie it siree e sinee s 37
1-Dit Phase ACCUMULATOT wiiiiiiiiiie e 41
YN o E=ol e Yo il I I ot = o PRSPPI 46
High Frequency ANAlog TC . sieessieessneessneeans 46



[ YT 0 ) o 1= 0 S O T ol @ e S 47

High Frequency AMPlifierS. e 50
Cascode CoNfigUTALION ciiiiiee i e s e e e e e e s e e e s aareee s 52
Staggered COoNfigUration e e e enrae e e enees 53
FL1lEET DES IO tiiiiiiiiieiiiie ittt ettt ekt e e e sab e e s anb e e s snn e e snneeaa 58

(O RU R < B o B ok I T OO PO PP TP 64
POWET AMP LI i@ i 64
Class A AMPlifier DeSign . 65
IIT SIMULATION RESULTS coiiiiiiiiieieeer et er s rsi s sai e s s ea e san s eaneeens 70
v SUMMARY & CONCLUSTON iuiiiiuiiieiiirieieieeeiee et rsis s ss s sen s e s enn s sanseaneeens 81
Y FUTURE  WORK Lttt ettt s e s s e e s s s s e s s e s e e e e e e eas 83
VI RE B RE N CE S ottt e e eas 84
VII ATTACHMENT: 8-BIT DDS VHDL FILES.iiiinniiiiiiinnnnnn 87



Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure

Figure

10:

11:

12:

13:

14:

15:

16:

17:

18:

19:

20:

21:

LIST OF FIGURES

Architecture OF DAS [ 1 T iiiiiiieiiieiiiineeeseessseneesseeens 7
Integer=N PLL=FS [ 1 ] o snnneeessnineeessnneessnns 9
FN-FS using DAC phase interpolation [ 1 ] .. 11
DLL-FS ArchitecCture [ 1 ] 11
Simple DDS Block Diagram [ 4 T, 13
Sine Wave Digital phase wheel [ 4 T, 14
IR I o N 1 L AN = P 16
Sine wave amplitude LUT with 275 pointS....... 17
Digital Phase Out. of 8-bit accu. and M=4........ 17
DDS OULtPpUL WIth M=4. e 17
DDS OULPUL WIth M=L10 i 17
Digital Phase N=8, L=8, M=4 e eiininneeeeen, 21
N=8, L=8, M=4, DDS OULDUL ctreiereeeeeeeeeeeeeereeeeeeeereeneeens 21
Digital Phase N=8, L=5, M=1 e nnnnneenns 22
N=8, L=5, M=1, DDS OULDUL crrriireeeeeiereeeeeseeeeeeseneenenens 22
Digital Phase N=8, L=5, M=2 e siiinnineeeeeens 22
N=8, L=5, M=2, DDS OULDPUL rmrrirerieerererreersrereeeeeesreseesseens 22
Digital Phase N=8, L=3, M=1 .ririiiiireeniinneessnineeenns 23
N=8, L=3, M=1, DDS OULDUL ctrrirreereieseeeeereeeeeeeeneeenenens 23
Sine Wave Mapping Approximation [ 7 ] e, 24
Proposed DDS ArcChiteChLUTe . 27

\Y



Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure

Figure

22

23:

24 :

25:

26:

27 :

28:

29:

30:

31:

32:

33:

34:

35:

36:

37:

38:

39:

40:

471

42

43

44 .

SINE WAVE GO T AT OT ittt ettt e it et e s e s 28

Full-adder fUNCELION e reee e 30
Mirror AT [ L0 T i eeseesi e esseesrsn e 30
Carry-out bit Computation . 31
Full adder desSIigm e 33
10 GHz 27T Full-adder SchematiC..in... 33
Fast—-adder OULpUL WaVefOTM.iiee e 34

Full Adder Average Power Consumption: 1.77 mW...35
Accumulator BlocCk Diagram ... 36
1 bit accumulator delay, sSuUm = 7.06NS.iiieiiiinnnns 38

8 bit Pipelined Phase Accumulator Architecture..39

8 bit accumulator with input word=01h ... 39
8 bit accumulator 1st bit delay=7.7 NS.rinnn. 40
Tapered digital buffers [ 10 ] ., 41
1-bit accumulator created in Cadence......... 42
16-bit Phase ACCUMULALOT e iiiee e e sninre e saneees 42
16-bit Pipelined Phase Accumulator....... 43

16-bit PA w/. M=4000h, 1/f=440ps, avg PWR=12mW..44
16-bit PA w/. M=8000h, 1/f=222ps, avg PWR=11mW..45
LCR T SONATOT titiiiiiiiiiii ittt e ettt et s it e e s sibb e e s abareeean 48
Frequency Response of a Tuned Amplifier [ 14 ]..49
NMOS High Freqg. Small-signal Model [ 15 J. 51

Simple Tuned Amplifier [ 19 ], 51

vii



Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure
Figure

Figure

45:

46

47

48 :

49:

50:

51:

52:

53:

54:

55:

56:

57:

58:

59:

60:

ol:

62:

63:

04 :

65:

06:

67:

Simple Tuned Amp. Small-signal Model [ 19 ].... 52

Tuned Cascode Amplifier [ 19 ] .. 53
Tuned Cascode Amplifier Small-signal Model ......... 53
Stagger—tuning [ 13 J . 54
Butterworth Filter with six poles [ 14 ] ... 95
Chebyshev poles location [ 15 ], 57
Matlab Code, Butt. To Chev. Conv. Coeff. ... 57
Single Stage Filter tuned for 4.545 GHZ.errionn. 60

Single Stage Tuned Filter Frequency Response..... 61

Freqg. response of the 3-stages filter........ 62
3 Stages Stagg.-tuning filter (4.545 GHZ) .ccceern 63
Class A PA waveforms [ 19 ] i, 65
Class A Power Amplifier Cadence Schematic........... 67

PA Frequency Response when driving a 50 Q load..68

PA Sim. & PWR at 4.5 GHz, Avg PWR= 13 mW.....cceeen. 69
16-0D1t DDS SCHhEMATIC ciiiiiiiieeiiiiieeeiiirieeesrrereeesiaeeeesnrnreeessnneees 72
16-bit DDS Simulation, M=8000N .. 73
16-bit DDS Simulation (Zoom IN) ... 74
16-bit DDS PWR consumpt., Avg PWR= 27.72mW........... 76
WORD=4000h, DDS Output 36.5 dB Attenuation....... 77
WORD=C000h, DDS Output 36.5 dB Attenuation......... 78
Spurious Free Dynamic Range, 2" Harmonic ......... 79
Spurious Free Dynamic Range, 3% Harmonic ......... 80

viii



Table

Table

Table

Table

Table

LIST OF TABLES

Classification of Frequency Synthesizers [ 1 ]..... 6
Fractional-N FS, Spurs Reduction Techniques [ 1 110
Approx. of intrinsic MOS gate capacitance [ 10 ]..50
Poles of the Normalized Butterworth Polynomials...55

Butterworth to Chebychev Conversion Coeff, tanh ab8



ACKNOWLEDGMENT

First of all, I would like to thank my adviser and
thesis director, Dr. Saiyu Ren for providing me with
invaluable guidance on my research. Throughout my work on
the thesis, Dr. Ren has opened my mind to new fascinating
knowledge.

I’'m sincerely grateful for her immense patience and
dedication in helping me developing my research and
analytical skills that will be tremendously valuable in my
career as an electrical engineer. Always, she offers me
solutions to problems I encountered with encouragements and
advices.

I am also grateful to Professor Raymond Siferd, who
introduced me to the area of RF Analog CMOS, and kindly
served as my committee member.

It has been a privilege for me to learn and grow in
the Electrical Engineering department of Wright State

University.



I. INTRODUCTION

Motivation

In the last few years, there has been a huge evolution
in wireless communication technologies: in both the mobile
technology and the Wireless Local Area Network (WLAN)
technology. With the emergence of the 4G wireless
standard, wireless communication technology holds the
promise of worldwide roaming using a single hand-held
device to satisfy all professional and personal networking
needs.

This recent boom in wireless application has driven up
the demand for inexpensive, fully-integrated, low power,
high performance transceivers.

Typically, Gallium Arsenide (GaAs) and Silicon
Germanium (SiGe) technologies wused to dominate in high
speed application with high costs and high power
consumption. From a cost standpoint, CMOS technology 1is
the least expensive due to its higher production yield and
its higher density of on-chip integrated circuits.
Reducing the number of off-chip components is necessary to
lower <cost and size of circuit card assemblies 1in a
transceiver, CMOS technology is the preferred choice for

integrating RF front-end.



With the constant decrease in transistor’s size in the
deep-sub micron, it 1s possible for CMOS technology to
support high-end RF circuits. Combination of design
techniques such as device scaling (thinner oxide),
shortening of the transistor’s channel-length, lowering of
the voltage supply helps in attaining higher frequencies of
operation and low power consumption.

In the front-end circuit of wireless transceivers,
channel selection and frequency translation are carried out
by frequency synthesizers. This thesis focuses on the
design of one type of frequency synthesizer for wuse in
wireless communication: the direct digital synthesizer
(DDS) .

Contributions of this Work

This work aims at upgrading the DDS technology in such
a way that Direct Digital Synthesis can be used in a wide
range of wireless applications instead of a being
constrained to applications in specific areas.

The objective <can be met by reviewing the DDS
architecture and improving it. This thesis attempts at
replacing the phase to amplitude converter portion of the
traditional DDS with analog active filters that operate at

higher frequencies, consume less power, and generate less



noise than the ROM Look-up table and Digital to Analog
Converter used in the traditional DDS.

This work also suggests a design of high speed full-
adders and digital optimization techniques that boost the
operating speed of the phase accumulator allowing it to be
used in faster DDS.

Organization of Thesis

The thesis 1s organized into seven chapters. This
introductory chapter examines different types of popular
frequency synthesizers widely used in various applications.
The operating concept and characteristics of each type are
pointed out 1in order to compare the advantages and
disadvantages of each type. The theory of operation of the
traditional DDS 1is also explained in this part. The
characteristics that make the DDS attractive in wireless
applications and the ones that 1limit its usage are
described.

The second chapter starts with the proposition of a
new DDS architecture suitable for high speed wireless
applications. The new DDS architecture requires new
building Dblocks that are covered in the rest of this
chapter. A design of a high-speed full-adder cell capable
of operating at 10 GHz is proposed. The adder design 1is

intended for use in the phase accumulator that makes up the



DDS. Delay optimization, parallelism, and combination of
static logic with pass-gate logic allow the full-adder to
operate at high speed using 90 nm CMOS technology without
having to recur to the weak turn-on mode operation.

Next, a design of the phase accumulator that renders
the DDS programmable is presented. Pipelining and delay
reducing techniques are employed to allow the operating
speed of the DDS be independent from the number of Dbits
accuracy of the DDS.

In order to convert the output of the phase
accumulator into a sine wave, active filters are used. The
conversion of filtering consists simply of stripping
harmonic frequencies from the square wave output of the
phase accumulator. The active filter’s configuration is a
3 stages stagger-tuning cascode amplifier. The design
takes advantages of the integrations of on-chip passive
component to achieve high speed operation.

The last function block is the design of the output
driver that serves as an analog buffer between the active
filter and the external load. The design is based on a
class-A power amplifier to achieve the Dbest linearity
possible.

The simulation results of the DDS are in chapter 3.

An overview of the results 1is laid out in chapter 4 to



summarize and Jjudge the accomplishments of the results
versus the objectives. Suggestions for future work, in
chapter 5, are listed to further expand the DDS
capabilities.

Chapter 6 contains references that are cited in this
thesis. The attachment in the last chapter contains VHDL
code for an 8-bit phase accumulator in an FPGA. This code
serves to demonstrate the capability of the pipelining
method applied to large arithmetic logic.

Frequency Synthesizers

Definition and characteristics

The purpose of a frequency synthesizer (FS) 1is to
produce one or multiple requested frequency outputs from
one reference frequency source and a control input.

The quality and performance of an FS 1s characterized
mainly by 1ts bandwidth, its frequency resolution and
finally its frequency purity. A  trade-off of these
qualities and performances is made in choosing the
appropriate type of FS.

Ideally, the output of an FS 1is a pure sinusoidal
waveform. In reality phase noises and spurs exist near the
desired carrier frequency. The phase noise is measured in
dBc/Hz, a ratio of phase noise in 1 Hz bandwidth at the

offset frequency. [ 1 ]



Implementation of Frequency Synthesizers

Frequency synthesizers are classified into four
general groups:
1. Direct analog synthesizer (DAS)
2. Direct Digital Synthesizer (DDS)
3. Phase-locked Loop Frequency Synthesizer (PLL-FS)
4. Delay-locked Loop Frequency Synthesizer (DLL-FS)
Table 1 briefly describes the different
characteristics and application of each of the FS type.

Table 1: Classification of Frequency Synthesizers [ 1 ]

Direct DAS Multiplier + Mixer + Divider + Band-
Synthesis pass Filter
DDS Phase Accumulator + DAC

Indirect PLL-FS Integer-N

Synthesis Factional-N | Phase Estimation by DAC

Random jittering

Noise shaping by ZA

Phase Interpolation

Pulse Generation

DLL-FS Frequency multiplied by number of

equal-spacing phases




Direct Analog Synthesizer

The Direct Analog Synthesizer (DAS) utilizes frequency
multipliers, dividers, mixers and band-pass filter to
obtain the desired synthesized frequency. The architecture

of DAS is shown in Figure 1.

o,
i snap BPE :T select > fi
* multiplicr | bank |2 | SWiteh F—» £,
™ array
o
BPF BPE

LN »(%)—»%—» /10 »@-»:Qj—f-ﬁ
f |

Figure 1: Architecture of DAS [ 1 ]

Multiple output frequencies can be generated from a
single frequency source by repeating the circuits in
cascading stages.[ 2 ] There are many advantages for using
this type of synthesizers. The output signals are clean
with excellent phase noise Dbecause they are derived
directly from a single reference source.

DAS also offer the ability of rapidly switching the
frequency. On the other hand, the 1limitations of DAS
originate from its architecture that produces large size
circuits that, 1in turn, demand large amount of power.
Figure 1 shows an example of DAS. In this example the

output frequency can be calculated as:



f,. = f,+0.1f, +0.01f, [1.1]
The frequency 1s controlled by the frequency division.
In this case the frequency resolution is 0.01f_ .

Phase-locked Loop Frequency Synthesizer

Phase-locked Loop Dbased Frequency Synthesizers are
largely the most commonly used synthesizers. They have
their own benefits and problems. Just as listed in Table
1, there are two types of PLL based frequency synthesizers:
the Integer-N PLL-FS, and the Fractional-N PLL-FS. They
are discussed in the following paragraphs.

Integer-N PLL-FS

The Integer-N PLL based frequency synthesizer (FS)
consists, as shown in Figure 2, of a phase-frequency
detector (PFD), a charge-pump (CP), a loop filter, a
voltage-controlled oscillator (VvCco), and a programmable
frequency divider.

The output frequency of this type of FS is a multiple
of the reference frequency:

fout = N.frgr, where N is an integer [1.2]

From this equation, the frequency resolution is equal
to the reference frequency frgr. To obtain high resolution
in narrow-band applications, the reference frequency must

be small and the frequency divide ratio must be large.[ 1 ]



The low reference frequency and narrow loop-bandwidth
characteristics of the conventional integer-N PLL ©pose
several problems:

e The lock time is long

e The reference spur and its harmonics are located at
low offset frequencies

e The large divide ratio (N) causes the in-band phase
noise to increase.

e The phase noise of the VCO can remain unacceptably

high at low offset frequencies. [ 1 ]

fﬁf ‘f t
2l prp || Charee | floop | iy [,
pump filter

fous/N

divider +N |«

Figure 2: Integer-N PLL-FS [ 1 ]

Factional-N PLL-FS

To overcome the flaws of the conventional integer-N
synthesizers, the Fractional-N frequency synthesizers were
invented. Unlike the Integer-N FS, the fractional
synthesizers support the frequency division ratio as
fractions so that a larger reference frequency can be used

to achieve better frequency resolution.



However, the main disadvantages of the fractional-N
frequency synthesis are the unwanted low frequency spurs
created by the dual-modulus divider. Spur Reduction
Techniques, 1listed 1in Table 2, are needed to make the
fractional-N FS work. An example of the architecture of a
fractional-N FS wusing DAC phase estimation is shown in
Figure 3. An accumulator 1s used to control the
instantaneous divide ratio. If the overflow is equal to 1,
the divide ratio is N+ 1, otherwise it is just Nj.

Table 2: Fractional-N FS, Spurs Reduction Techniques [ 1 ]

Technique Feature Problem
DAC phase cancel spur by DAC analog mismatch
estimation

Random jittering | randomize divide ratio | frequency

Jjitter

EA noise shaping |modulate divide ratio quantization
noise

Phase inherent fractional interpolation

interpolation divider Jitter

Pulse generation |or multiphase VCO interpolation
jitter

10
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Figure 3: FN-FS using DAC phase interpolation [ 1 ]

Delay-Locked Loop (DLL) Frequency Synthesizer

Frequency synthesis can be accomplished with Delay-
Locked-Loops. In general, DLLs are not the best choice for
frequency synthesizers due to the fact that the frequency
is not reprogrammable and that the delays can be hard to
control. Rather, DLL are useful to de-skew clock signal,
to multiply frequency or to generate multiphase signals.
[ 3 ] The DLL-FS consists of a phase detector, a charge
pump, a low pass filter, a voltage controlled delay line,
and an edge combiner. The block diagram of a DLL-FS 1is

shown in Figure 4.

L

edge combiner

Y fo

Figure 4: DLL-FS Architecture [ 1 ]
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Direct Digital Synthesizer

Direct digital synthesis (DDS) is a technology that
uses digital circuits to generate a programmable frequency
output signal from a fixed-frequency clock source and a
digital tuning word. In its simplest form, the DDS 1is
formed by a phase accumulator and a phase to amplitude
converter.[ 4 ] A digital phase accumulator is wused to
accumulate the phase angle of a sine wave, then, a decoder
matches the phase to the corresponding amplitude contained
in a look-up table (LUT). The digital tuning word is used
to program the phase angle increment. Its width (number of
bits) determines the tuning resolution of the output
frequency.

The integration of DDS onto a single transceiver chip
enabled this technology to Dbe cost-competitive, high-
performance, and small. Gradually, DDS are employed in a
broader range of applications. In certain areas, the DDS
is an attractive substitution to the traditional PLL
synthesizers. The DDS has the following distinct advantages
over other types of frequency synthesizers.

DDS Advantages [ 1 ]:

e Micro-Hertz frequency tuning resolution and sub-

degree phase tuning capability

12



e Fast “hopping speed” when changing from one output
frequency to another.

e No de-tuning or analog parameters degradation due to
components aging

e FEase of digital control interface

Traditional DDS Theory of Operation

/ PHASE ACCUMULATOR \

n-bit Carry

TUNING WORD

M f
- Z\' PHASE Phase-to- DIA out
. Amplitude 7 > C E E
7 ) REGISTER o e CONVERTER
2448 n 14-15
BITS BITS

SYSTEM CLOCK

)

Figure 5: Simple DDS Block Diagram [ 4 ]

The architecture of the basic DDS, shown in Figure 5,
is composed of an N-bit phase accumulator, a phase to
amplitude converter and a digital converter. At the
subsystem level, the phase accumulator consists of “N”
adders and chains of registers. The phase to amplitude
converter consists of a sine-wave amplitude look up table
(LUT) and Digital to Analog Converter. [ 4 ]

The theory of operation of the basic DDS can be easily

understood by digitalizing the amplitude of a sine wave

13



into bits of a computer memory as shown in Figure 6. Each
address of the memory contains the amplitude data at an
angle in the 360° phase of a sine wave. When a DAC scans
through the entire memory of the LUT, one address per clock
interval, the output of the DAC forms a sine wave. The
role of the phase accumulator is to increment the address
of the LUT which corresponds to incrementing the angle.
The incremental step in the address reading is set by the
digital control input. The number of skipped addresses
reflects the change in the frequency of the sine wave. To
obtain a smoother sine wave a low-pass filter 1is necessary

after the DAC.

Digital Phase Wheel

@——-.,_\_
e/
e .
T Jump Size
/ A
,'f P \.‘
FARERN \ 4
/ \ o \
‘I.f jf M "‘. |
[ /
I

J , L
+ ¢ ? 0000...0

‘\.‘ !
*\\ '/ 111..1
..\71__'__7_(__

Figure 6: Sine Wave Digital phase wheel [ 4 ]
Another easy way to understand the basic operation of
the DDS operation is through modeling a simplified 8-bit
DDS in MATLAR. An example of MATLAB codes 1is shown in

Figure 7.

14



In this model, a DDS with an 8-bit phase accumulator
and a 5-bit address LUT is simulated. The digital control
input, also called the frequency tuning word “M”, 1is given
as “47.

Setting M as the frequency tuning word, N as the N-bit

phase accumulator, and f; as the clock frequency, the output

frequency of the DDS, fp can be defined as:

MXfC
fo=— [1.3]
“N” defines the frequency resolution of the DDS. A
wider “N” Dbit phase accumulator can have sub-hertz

frequency resolution, but also required a wider memory.

“M” programs the incremental step of the phase and
equivalently the incremental step of the LUT addresses to
read. The phase accumulator cycles back to the beginning
address on overflow. The faster the phase accumulator
overflows, the higher is the output frequency.

The first plot obtained from the MATLAB codes, shown
in Figure 8, represents a scan through the "“L-bit” wide
memory of the LUT which contains 2" numbers of data points.
Each address contains a preset amplitude of the sine wave.
The second plot in Figure 9 shows the phase accumulation,
done Dby adding the frequency tuning word “M” to the

previously accumulated phase at every clock tic.

15
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(Matlab Codesz for the basic DD

ERHEFNTNAETIP&&#F&FFF&Exw

clear all: % clear all old memory

L=5: % # of addresses in LUT

=5 % # of bit in phase accumulator
M=4: % frequency tuning word

i=0; % wariable

phase=[0]; % phase ouput
% J3etup 3ine Wave amplitudes in LUT
% Diwide 360 degreesz phase into 2L sections
for ® = -pi:2%pi/ (2 L) ipi-(2%pi/(2~0))
i=i+l; % from 0O to 31
LUT{i)=sin(=x);
end
t=0:1:2*L-1
plot(t, LUT,':hs'); title('53ine Awplitude LUT'):
®xlahel [ 'Addreszez');
vlabel | 'dmplitude']:
grid on:
pause;
F¥¥*%*Phase Accumulator#*sxdsss
for x = Z2:2*N
prhase (x)=phasze (x-11+H1;
if phasei(x)1>2~N-1
phase(x)=phazse (x]-2*N
end
end
t=1:1:2*N
plot(t, phase,'--b."'); title('Phase bAccumulation');
®xlabel('Clock Cyclez');
vlahel ('Digital Phase Output'):
grid on:
pause;
FEHFEEFPhase to anplitude decodep#F%&%
for » = 1:2*N
addr=int3Z (phase(x) /2 (N-L)+1):
ampl (x)=LUT {addr) ;
end
plotit, anpl,'--b.');citle('D4AC Output');
®xlahel('Clock Cycles'):
ylabel (| 'implitude'):
grid am:

Figure 7: DDS in MATLAB
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the 8-bit phase
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Phase Accumulation
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Figure 11: DDS Output with
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The digital output of the phase accumulator is

Sine Amplitude LUT

Once the maximum phase
used to match to the correct address of the LUT.

accumulator discards

beginning.
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FEach point on the graph represents the sine wave amplitude

points from the LUT are used to plot the sine wave.

Figure 10: DDS Output with M=4
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11 shows another output of the DDS with a frequency tuning
word 4 times greater as previously. The output frequency
becomes four times greater and the output sine wave uses 4
times less data points.

Limitations of the traditional DDS

For years, the DDS have stood in the shadow of PLLs
for many reasons. They were known to consume a great

amount of power while being a source of spurious noise

energies. There 1is a performance trade-off in a DDS
system. A wider operating bandwidth causes the power
consumption and the spurious level to increase.[ 5 ]

Their capability of fast frequency hopping and
superior frequency resolutions tuning have put them for use
in very specific applications such as instrumentation, and
military radar systems and communications: the basic DDS
architecture is certainly not suitable for portable
wireless communication without modification.

The main deficiency of the traditional DDS is in its
architecture. Conceptualized many decades ago, the
architecture of the DDS does not favor both high speed
operation and low power consumption. Furthermore, the
spurious generation behavior of the DDS complicates designs
enormously. Various analysis methods were developed to

allocate the locations of the spurs. Once the frequency

18



locations of the spurs are foreseen, spurs management takes
place to reduce the spurs to an acceptable level or to push
the spurious line spectrum out of the operating bandwidth.
As a result, most DDS applications are constrained to
operate with only a fraction of the bandwidth.[ 1 ]

The DDS has six sources of noise and spurs: [ 6 ]

1. “"The phase noise of the reference clock”

2. “The truncation of the phase accumulator Dbits

addressing the sine ROM LUT”

3. “A distortion from compressing the sine ROM LUT”

4. “The finite precision of the sine samples stored in

the ROM LUT”

5. “The DAC conversion”

6. “The post-filter error”

Alike any other digital systems, inevitably the
spectral characteristics of the reference clock appear at
the output of the DDS as a result of clock feed-through.
However due to the frequency division, the noise generated
by the reference clock is attenuated.[ 1 ] Low phase noise
and low-spurs clocks are always preferred in DDS designs.
Today’s technology offers clock generator with Jjitters in
the femto-second. For the reason that DDS devices work
with sampled data, the Nyquist sampling theorem applies.

The output frequency of a DDS can’t exceed half of the
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reference clock frequency. Therefore, the reference clock
frequency is out of the operating bandwidth of the DDS.

At the output of the DDS, another source of noise is
from the reconstruction passive low-pass filter. This
filter 1is needed to remove the high frequency sampling
components of digital switching. Since the filter 1is
passive, the amplitude response and delays are of concerns.
[ 6]

® Phase Truncation Error

In application requiring fast frequency hopping in the
sub-hertz resolution, a DDS system with a minimum of 32-bit
phase accumulator and an 8-bit D/A could be conceptualized.
This size of DDS demands for 4-gigabytes of memory in order
to meet the resolution’s demand. However, altogether,
cost, size, power consumption, and operating speed forbid
the use of such a memory size. The DDS designer is forced
to reduce the size of the LUT. As result, several bits
(LSB) from the outputs of the phase accumulator can be
discarded or truncated. This reduced-size LUT leads to
phase truncation error which contributes to noise.

The following examples show the effect of phase
truncation when utilizing an 8-bit accumulator along side
with a 5-bit LUT. The maximum total of 32 points is used

to draw the sine wave. The memory’s reduction went from
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256 (2%) addresses to 32 (2") addresses. When programmed
with a frequency tuning word of 4, the amplitude reading of
the DAC skips three addresses of the LUT at every clock.
Per consequence, the DDS just use eight amplitudes out of
32 to construct the sine wave.

fozﬁ—f—c with M=4 [1.4]

28 64 '

The following figures illustrate the effects of phase
truncation at the output of the DDS.

In the first example, in Figure 12 and Figure 13, a

full sized LUT is simulated to serve as references. The

output of the phase accumulator is not truncated. The

output of the DAC shows a smooth sine wave.

Phase Truncation Spurs

400 T T T
: : : i | — Full Phase

. | — Trunc. Phase

Degrees Phase
[
(=]
=
Amplitude

1 1
150 200 250 300
Clock Cycles Clock Cycles

Figure 12: Digital Phase N=8, Figure 13: N=8, L=8, M=4, DDS
L=8, M=4 Output

In the second example, the LUT is reduced by 3 bits;

reducing from 8 bits (N) to 5 bits (L). In Figure 14, the

output of the phase accumulator resembles a staircase.
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Phase Truncation Spurs
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Figure 14: Digital Phase N=8, Figure 15: N=8, L=5, M=1, DDS
I=5, M=1 Output

Since the lower bits are discarded (truncated), the

phase accumulator repeats the same output for several clock

cycles. The ending result at the output of the DAC is a

less smooth sine waveform, shown in Figure 15.

Phase Truncation Spurs DAC Qutput
1 T T T fuiind T
B 7
s 1
H ;
] ! ©
£ : ]
o . E]
5 : =
: £
= ' <
@ ;
2 :
0 1 1 1 1 Il
0 50 100 150 200 250 300
Clock Cycles Clock Cycles

Figure 16: Digital Phase N=8, Figure 17: N=8, L=5, M=2, DDS
L=5, M=2 Output

The tuning word is increased in the next example from

1 to 2. The phase accumulator increases the digital phase

output faster. The same phase outputs are repeated less
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often after each clock cycle. However, the sine waveform
remains distorted. If the tuning word is increased again,
there is a value where the sine wave becomes smooth because
the digital phase output is not repeated.

Via this MATLAB simulation, 1t can be observed that
spurs resulting from phase truncation can vary drastically
with the output frequency. However, the phase truncation
sequence is periodic.

The acceptable reduction of the size of the LUT
depends of the design of the low-pass filter used to smooth

out the sine waveform.

Phase Truncation Spurs DAC Output
400 T T T T
: 3 : - Full Phase 3
350k A — Trur‘wcl. Phase :
g i
2 ;
& % O frmm - Fonee _.J,, .......... 4
8 £ [ : | : :
& 02f-emo ek e R 4
o : : : : :
B lll """""" . e B
: : (- : :
)] S b b .
— =
| e I [ J """"" 7
N i i | B § L } | |
0 50 100 150 200 250 300 0 50 100 150 200 250 300
Clock Cycles Clock Cycles

Figure 18: Digital Phase N=8, Figure 19: N=8, L=3, M=1, DDS
L=3, M=1 Output
Figure 18 and Figure 19 show a highly distorted sine
waveform that requires high amount of filtering.
= Phase to Amplitude Mapping Error: the finite precision

of the sine samples stored in the ROM LUT
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The finite precision in the sampled sine ROM amplitude
stored in the LUT leads to error in the DDS output. Many
algorithms were developed with the idea of reducing the
mapping error. Even the complex algorithms have error if
the memory size is limited. When the look-up table and DAC
have finite resolution, spurs will be generated.[ 7 ]

An approximation of the amplitude of the sine wave is
stored for every timed interval. The nearest value 1is
chosen so that the stored amplitude corresponds to a bit-
word the DAC can read. Figure 20 shows a mapping
approximation of a sine wave. A good design rule requires
the sine amplitude data to be 3-bit wider than the

resolution of the DAC. [ 1 ]

Figure 20: Sine Wave Mapping Approximation [ 7 ]
= FError of DAC
At high speed (>50 MHz) and high resolution
applications (>10 bits), the DAC dominates as a source of

noise and spurs in the DDS. [ 6 ]
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Ideally, the DAC conversion occurs immediately without
delay. Realistic DACs have a settling time that limits the
operating frequency of the DAC. The internal circuit of the
DAC has a propagation delay and the output driver has a
limited slew rate.

Another error parameter of the DAC is the integral
nonlinearity (INL). The integral nonlinearity describes
the linearity of the transfer function of the DAC. It
corresponds to the maximum deviation from an ideal output
conversion. Preferably, a value of INL less than *1 LSB is
desirable in a DDS system.

Additionally, another type of nonlinearity affects the
DAC’s output accuracy: 1it’s the differential nonlinearity
error (DNL) . The (DNL) corresponds to the difference
between an actual step height and the ideal value of 1 LSB.
Preferably, a value of DNL less than 1 LSB is desirable in

a DDS system. [ 6 ]
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II DDS ARCHITECTURE DESIGN

Proposed architecture

A successful DDS design designated for wireless
communication must deviate from the traditional DDS
architecture. The phase to amplitude converter has speed
constrains, consumes relatively large amount of power, and
introduces noise to the output.

The proposed architecture eliminates the ROM LUT and
the DAC altogether. The phase to amplitude converter 1is
replaced by active filter banks with the individual filters
tuned to a fraction of the DDS bandwidth. The input to
the filter bank comes directly from the phase accumulator.
The role of the filter bank is to convert the input square
wave 1into a sine wave by removing the harmonics content
frequency from the digital square wave input. From the
frequency tuning word information, a multiplexer connects
the phase accumulator to the appropriate filter which
operates at the correct bandwidth frequency. Following the
filter, the sine wave output is connected to an output
driver through a de-multiplexer. The architecture of the

proposed design is shown in Figure 21.
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Figure 21: Proposed DDS Architecture
The role of the phase accumulator has changed from
being an address counter to directly a frequency generator.
The phase information is no longer needed since the ROM LUT
is no longer used. With the analog filter’s role of a sine
wave generator, the new purpose of the phase accumulator is
to generate a frequency.

As the frequency tuning word is accumulated inside
the phase accumulator at every clock tic, the outputs of
the phase accumulator changes state after a certain number
of clock cycles. The frequency at which the outputs switch
states can be controlled directly via the wvalue of the
frequency tuning word.

Once the frequency tuning word is entered, one output

or a combination of outputs creates digitally the desired
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frequency under the form of a square wave output. The
square wave output is connected to the analog filter banks
via multiplexers. The multiplexer, de-multiplexer, and
decoder are not covered in this thesis.

The analog filter bank, which is replacing the phase-
to-amplitude- converter, operates as a Harmonics Stripper.
As shown in Figure 22, filtering is wused to convert the
digital square wave output of the Phase Accumulator into a

sine wave.

Square Harmonics Sine
Wave - S tripper o Wave

Figure 22: Sine Wave Generator
The last building block in the proposed architecture
is the output driver. It is used as a buffer between the
de-multiplexer and external load of the DDS.

Fast Adder

Full-adders are standard cells found in every digital
processing application. Beside the standard adders found
in most libraries, many different designs are published in
countless papers to obtain different performances. Certain
designs focus on reducing transition activity and recycling
charge to obtain low-power of operation because switching

activity and node capacitances affects the power
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dissipation.[ 9 ] Other designs have low short-current
power consumption because their logic is not based on the
static CMOS. [ 8 ] Large arithmetic circuits requiring
high number of adders may favor adders with low number of
transistors count.

For this DDS, the propagation delay of an adder is
critical. The delay of an adder depends generally on three
characteristics of the circuit: first, the number of gates
in the critical path, second, the number of transistors in
series in the pull up/down path, and last, the transistor
sizes. Bubble 1logic can reduce the number of inversion
levels in a ripple adder.

The performance of the adders is influenced by the
logic style of different circuit families; Static CMOS,
Transmission Gates, Complementary Pass Transistor Logic
(CPL), Cascode Voltage Switch Logic (CVSL).. Each family
has its own advantages and limitations. [ 10 ]

The objective of the adder design is to build an adder
in 90nm CMOS technology, capable of operating at 10 GHz,
but, without using the depletion mode, the weak turn on
mode, or the current mode.

All full adders perform the same function that can be

described by the truth table in Figure 23.
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Figure 23: Full-adder function

Mirror Adder

Shown in Figure 24 is the most popular full-adder used
in digital circuits, the mirror adder. It’s built from 28
transistors, of which, 4 transistors are used to invert the
SUM and Carry-out (COUT) outputs. In a ripple adder
configuration with even number of bits, inversion property
can be employed to the COUT bit to save two transistors per
adder. And at the same time, the carryout propagation

delay is reduced.

Sum

|||—-4

Figure 24: Mirror Adder [ 10 ]
The design principle Dbehind the mirror adder is
complete symmetry for turn ON/OFF with a maximum of three

series transistors for pull UP/DOWN, guaranteeing identical
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rise and fall transitions. The diffusion capacitances at

node Cout must be kept at the minimum.

10 GHz Full Adder Design

In the mirror adder, the computation of the SUM needs
to wait for the COUT delay.

In order to reduce the delay of the SUM the
computation of the SUM and the computation of the COUT can

be separated in parallel paths.

Make into
Pass gate

PmM27
N:M28

Figure 25: Carry-out bit Computation

As shown in Figure 25, the delay of 2 transistors in
series in the COUT computation can be reduced by re-
arranging the transistors. M15 and M16 can form a NAND2
gate with M5 and M3. M17 and M14 can form a NOR2 gate with
M1 and M2. M13 and M4 become a pass—-gate that select to
pass either the NAND2 gate output or the NOR2 gate output
depending on the 3*¢ input. The logic computation is shown

in Figure 26.
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The computation of the SUM consists of computing two
inputs with a XNOR2 gates. Then, the output of the XNOR2
gate is inverted. The third input is used to select either
the non-inverted output or the inverted output to pass to
the inverter. In both the COUT and SUM computation, a

pass—-gate 1is used to reduce the number of transistors in

series. Then an inverter gate 1is used to correct the
voltage level drop cause by the pass gate. The logic
computation for the SUM is shown in Figure 26. The final

adder consisting of 27 transistors is shown in Figure 27.

Simulation result from Cadence, for the proposed full
adder is shown in Figure 28. The top 3 waveforms are the
inputs A, B, and Ci. The bottom 2 waveforms are the
outputs SUM and COUT. The simulation matches the truth
table shown in Figure 23. The propagation delay for this
adder is about 22 ps.

The average power consumption, shown in the simulation

in Figure 29, is about 1.77 mW, when operating at 10 GHz.
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Figure 26: Full adder design
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Figure 27: 10 GHz 27T Full-adder Schematic
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Transient Response
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Figure 28: Fast-adder Output waveform
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Phase Accumulator

Essentially, an accumulator is composed of an adder
whose sum 1is loaded into a register. The output of the

register is fed back into the adder as shown in Figure 30.

A | T R
—... E
g

i

Adder s

B t

L - 2]

.-o-F""-F- r

Figure 30: Accumulator Block Diagram

A\Y ”

In an n-bit accumulator, n number of adders and
registers form an n-bit ripple accumulator where the carry-
out bit ripples from one accumulator to the next through
registers. At every clock tick, the accumulator adds the
already accumulated total phase with the frequency tuning
word. After a number of clock ticks, and the maximum phase
is attained, the accumulator discard the overflow carry-out
bit and keep accumulating. The phase accumulator is used

A\Y

as a variable increment counter of “n” bits. [ 11 ] The
speed of counting 1is programmed via the frequency tuning

word.
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Pipelined Phase Accumulator

The purpose of this section 1is to highlight the
advantages of the pipeline method without which the phase
accumulator wouldn’t be able to attain higher operating
frequency. The illustration 1is done with the use of an
FPGA operating at a much lower frequency. The FPGA
evaluation board used has a Xilinx Spartan 3E, and Xilinx
ISE software was used to program the FPGA.

The pipelined architecture is an efficient way to
reduce the propagation delay in wide arithmetic logic
systems, such as adders and accumulators. The concept is
to section the full operation into small parts. [ 13 ]

Each part is buffered from the next stage by registers
which allow all the stages to operate at the same time.
One stage just has to wait for the previous stage, rather
than all combined delays of the entire chain upfront. The
delay 1is reduced down to one stage regardless how wide the
arithmetic logic is. [ 12 ]

Figure 31 shows a simulation of 1-bit accumulator in
Xilinx. The initial states of all 1I/0Os are zero.
Following the transition of a in and c¢ in from 0 to 1,
s _out changes state after 7.6 ns. Therefore, the delay of

a 1 bit accumulator is about 7.6 ns. Without pipelining,
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an 8-bit accumulator would have eight times the delay of

the 1-bit accumulator.

uml 00,078 1076 ns]
YCurrent Simulaty
Time: 1000 ns 100 ns 102ns 104ns 106 ns 1%8ns
Cocbcrrrrenberrrenbierececbicrib b
allain 1
allc.in 0
oladk |1
alsod |1
allc_out 1 o
alpeiod | 2. 0000000] |
o/l duy_cyce | 05 05 :
glofset | 0 0

Figure 31: 1 bit accumulator delay, sum = 7.6ns

With pipelining applied to an 8-bit accumulator Dby
introducing registers as shown in Figure 32, the delay of
an 8-bit accumulator is measured to be about 7.7 ns in the
simulation shown in Figure 34. The overall delay of the
pipelined 8-bit accumulator is reduced to the delay of the
1-bit accumulator shown in Figure 34.

Figure 33 shows the outputs of the 8-bit pipelined
phase accumulator. With an input tuning word is “0I1h”
(decimal=1l), the LSB (a_out(0)) changes state at every
clock cycle, the LSB-1 (a out(l)) changes state at every 2
clock cycles, the LSB-2 (a out(2)) changes state at every 4

clock cycles and so forth..
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Figure 32:

Current Simulation

8 bit Pipelined Phase Accumulator Architecture
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Figure 33: 8 bit accumulator with input word=01lh
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Figure 34: 8 bit accumulator 1lst bit delay=7.7 ns

Digital Buffers

In order to drive the inputs of the full-adder,
digital buffers are inserted into the feedback loop of the
phase accumulator. The digital buffers allow a small size
gate to drive a big load with a reduced delay time.

Shown in Figure 35 are two circuits with different
delay propagations. The time delay that a small gate takes
to drive a large size capacitance (; could be problematic.
The time delay can limit the operating frequency especially

in a feedback line. To reduce delay, several buffer stages
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with different scales of transistors can be inserted into a

feedback line as shown on the second circuit in Figure 35.

Logic .
mm :bﬂ iﬁf
registers registers

Figure 35: Tapered digital buffers [ 10 ]

1-bit Phase Accumulator

The schematic of 1-bit phase accumulator, made up of a
full-adder, two registers and several stages of differently
scaled digital buffers, is shown in Figure 36.

The 16-bit accumulator is formed from sixteen cells of
1-bit accumulator connected back to back. The schematic of
the 16-bit accumulator is shown in Figure 37.

In Figure 38, a chain of sixteen registers is added to
the output of the 16-bit accumulator to form the pipeline

structure.
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in Cadence

Figure 37:

42
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Figure 39: 16-bit PA w/. M=4000h, 1/f=440ps, avg PWR=12mW
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Transient Response
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Figure 40: 16-bit PA w/. M=8000h, 1/£f=222ps, avg PWR=11lmW
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Figure 30 and Figure 40 shows the simulated output of
the phase accumulator with different input frequency tuning
WORDs : 4000h (16384 1in decimal) and 8000h (32768 1in
decimal) . A latency of sixteen clock <cycles can be
observed in both simulations as an effect of the pipeline
architecture. The measured periods obtained from the two
simulation match the theoretical calculations. The output

frequency can be calculated as followed with equation

[1-3]:
for = 9.09 GHz X == = 2.2725 GHz [2.1]
for = 9.09 GHz X 2= = 4.545 GHz [2.2]

Analog Filter

In this part, the active filter design of the DDS is
explained. The filter serves to remove the harmonics
frequencies from the square wave output of the phase
accumulator in order to convert it into a sine wave. The
proposed active filter 1is a multi-stage staggered-tuning
cascode amplifier.

High Frequency Analog IC

Active circuits have replaced the bulky inductors in
filters for decades. Gradually, the rise in the operating

frequency 1in electronics has significantly reduced the
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values of the inductor enough (nano-Henry) to allow the
realization of inductors on a chip. [ 15 ]

Generally, active filters using operating amplifiers
or Operational Trans-conductance Amplifier (OTA) can be
used up to 1 GHz. In the gigahertz frequencies, these
inductive-less active filters demand semiconductors
technologies and process other than CMOS (ex. GaAs, SiGe..).

On the other hand, CMOS analog circuits using on-
chip inductors and capacitors can be integrated on the same
die as digital circuits and operate at high frequencies.
[ 18 ]

Resonant «circuits and tuned amplifiers which were
developed during the vacuum  tubes areas for radio
communication using large inductors, now reappear in high-
frequency analog VLSI applications with on-chip passive
components.

Resonant Circuits

A resonant circuit 1s a circuit that selectively
passes a certain frequencies from a source to a load while
attenuating all other frequencies. By definition, the
resonant circuit 1s a band-pass filter. The parallel
resonance circuits, particularly, are interesting because

current sources can be used as an exciter. The Dbasic
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parallel resonant circuit, or RLC filter, is composed of a

capacitor in parallel with an inductor and a resistor.

Figure 41: LCR resonator

The admittance of the RLC tank is:
. 1 , 1
Y—G+]a)C+jw—L—G+](a)C—J) [2.3]
From the above equation, the resonant frequency can be
found as:

(€-7) =0=aw = [2.4]

In the equation [2-3], at the resonant frequency, the
admittance is equal to G (or R‘U due to the cancellation of
the reactive terms.

A tuned amplifier is a band-pass filter that uses
resonant circuits to tune to the desired frequency
response. The characteristics of a tuned amplifier can be
represented in the frequency domain as shown in Figure 42.
How close a tuned amplifier comes to having the
characteristics of an ideal band-pass circuit depends on
the quality (Q) of the circuit.

The quality factor of the resonant circuit is defined

as the ratio of the center frequency and the bandwidth. A
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higher wvalue of Q corresponds to a narrower bandwidth,
hence a faster roll-off. The shape factor of a resonant

circuit is the ratio of the 60 dB bandwidth and the 3 dB

bandwidth. [ 14 ]

(o)

AA =348

A =3B

“-_ .‘

BW(b)
Figure 42: Frequency Response of a Tuned Amplifier [ 14 ]

The quality factor can be defined as:

Q=£—5V=\/%, with fozx/fafczzﬁ [2.5]
Cc

The RLC filter 1s a second-order resonator or tank
circuit. In consideration of the pole-zero perspective,
the impedance of the parallel RLC tank circuit can be re-

written in the s-domain as [ 16 ]:

7 = 1__ 1 __1 S __1 S (2.6]
-7 1 N — ~ 1 1 — ~ .
Y E+SC+(E) C 52+S(ﬁ)+ﬁ C (S_Spl)(s_spZ)
where,
st a1 4 ( 1 )2 L 2.7
=TIV 0=  2rc — N\ \2RC LC [2.7]



High Frequency Amplifiers

MOSFET at High Frequency

Operation at high frequency requires the examination
of the parasitic elements of the active device. The
parasitic capacitances of a MOSFET cause the gain to fall
at high frequency. The gate capacitive effect, which is
mainly the cause for reducing the MOSFET performance, 1is
composed of three parasitic capacitances(y, (4, and Cg .
Table 3 shows the calculation to obtain the capacitance
values from the geometry of the MOSFET.

Table 3: Approx. of intrinsic MOS gate capacitance [ 10 ]

Triode Saturation Cutoff

1 2 0
Cbs EVVLCbX §VVLC0X

1 0 0
Cga > WLCox
Cbb 0 0 WLCyx

The Jjunction capacitances, which are composed of Cg

and Cy,, also contribute to high frequency gain degradation

but at a lower degree.[ 15 ] To simplify calculation, only
(%S and Cwi are includes in the high frequency small signal

model of the MOSFET. Figure 43 shows (4 and (g in the

small signal model of a MOSFET operating at high frequency.
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Figure 43: NMOS High Freq. Small-signal Model [ 15 ]

Tuned Amplifiers

Tuned amplifiers achieve high frequency operation by
operating within a narrow bandwidth. Additionally, the
tuned filters help to attenuate spurious noise outside the
operating. The simplest tuned amplifier, shown in Figure
44, consists of a MOSFET and a parallel RLC resonant

circuit as the load.

5

—————— VouT

VIN

Figure 44: Simple Tuned Amplifier [ 19 ]

At low frequency, the load inductor acts as a short,
causing the gain to be zero. At high frequency, the load
capacitor acts as a short and the gain also goes to zero.
At the resonant frequency the gain 1is gyR with the

cancellation of the reactance terms. The bandwidth is

1 to =
equal to —.
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Figure 45: Simple Tuned Amp. Small-signal Model [ 19 ]

The small signal model of the simple tuned amplifier,
shown 1in Figure 45, helps to determine the cutoff high-
frequencies. The internal equivalent capacitance (,; of the
MOSFET can be quite large due to the Miller capacitance
multiplication effect. This parasitic capacitance can
shift downward the resonant frequency of the output RLC
tank circuit. The equation for this C, is [ 19 1:

Coq = Cyal1+ gmReq] = Cpall + gm(Rs +1,)] [2.8]

Cascode Configuration

Cascading two transistors on top of each other, in a
cascode configuration helps to reduce the Miller effect.
The cascode amplifier 1is a combination of a common-source
configuration with a common-gate configuration. De-tuning
effect cause by the Miller capacitance is also eliminated;

making the cascade configuration an ideal for use at high

frequencies. Figure 46 shows the circuit of the tuned
cascode amplifier. The small signal model 1is shown in
Figure 47.
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Figure 46: Tuned Cascode Amplifier [ 19 ]
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Figure 47: Tuned Cascode Amplifier Small-signal Model

Staggered Configuration

In consideration of the Dbandwidth performance, a
single tuned amplifier may not satisfy the frequency
response requirement. The bandwidth can be improved by
using multi-stage filters in a stagger-tuning manner. The
resulting frequency response offer maximal flatness around
the center frequency, a wider bandwidth, and a faster roll-
off in the cut-off band.

The process of designing a stagger-tuning amplifier

starts with building a stagger-tuning band-pass Butterworth

A\Y ”

filter with “n” number of poles corresponding to “n” number
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of stages. The Butterworth filter offers the maximum
flatness in the pass-band frequencies. [ 14 ]

If needed, the second step consists of transforming
the Butterworth filter into a Chebychev filter to obtain
stepper roll-off in the cutoff band, but, in exchange for

some ripples in the band-pass.

Individual
responses

Overall
response

_ B B
@ 2\/5 [ON) + 2\/5
Figure 48: Stagger Tuning [ 14 ]

Step 1: Butterworth

The Butterworth filter contains only poles. In the

pole-zero graph, the poles of a Butterworth filter are

located on a circle with radius wg and they are spaced

1800 , .
apart by an angle of — with “n” being the order of the

. . . 1800
filter (number of poles). The first pole 1is located e

from the jo axis, as shown in the Figure 49 below.
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Figure 49: Butterworth Filter with six poles [ 14 ]

Figure 49 shows the location of the poles of a
normalized Butterworth on the pole-zero graph for filters
that are of 1°° order to 8" order.

Table 4: Poles of the Normalized Butterworth Polynomials

Order Poles
1 -1+ 350
2 -0.707 £ 7 0.707
3 -1+ 30, -0.5 % j 0.866
4 -0.924 + 7 0.383, -0.383 £ j 0.924
5 -1+ 3530, -0.809 £ 5 0.588, -0.309 £ j 0.951
6 -0.966 + j 0.259, -0.707 + 7 0.707, -0.259 + j 0.966

For example, a design consisting of a three staggered-
tuning stages Butterworth filter 1is needed. The center
frequency of this filter is 1 GHz and the bandwidth is 200

MHz .
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One of the three stages is tuned at the center
frequency. The tuning frequencies of the other two stages
are staggered one at a lower frequency and one at a higher
frequency. Their equal distances away from the tuned

frequency can be calculated:
=% x cos () = 100 Mhz x 0.866 = 86.6Mhz [2.9]

Step 2: Butterworth to Chebyshev Transformation

The Chebyshev filter, as shown in Figure 50, is very
similar to the Butterworth filter, except that the poles of
a Chebyshev filter lie on an elliptical shape instead of a
circle. There 1s a simplified method to transform the
poles of a Butterworth filter directly into the poles of a

Chebyshev filter, while keeping the same bandwidth. For an

A\Y 44 AN} ”

n” order Chebyshev filter with “r” amount ripple (in dB),

the real magnitude of the Chebyshev pole (|P;|) can be
calculated from the real magnitude of the Butterworth pole

(IPgl) [ 15 1:

1

.
\/10%)—1

|Pc| = |Pg| tanha , with a ==sinh™! [2.10]
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Figure 50: Chebyshev poles location [ 15 ]

%Coefficient of conversion Butterworth-Chebyshev
r=[.05 0.1 0.2 0.3 0.4 0.57; ripple (dB)
n=[(2 3456 7 8]; %# of stages
for m=1:6
for k=1:7
epsilon(m, k)=sqrt (10" (r(m)/10)-1);
a(m,k)=(1/n(k))*asinh(l/epsilon (m, k));
X (m, k)=tanh (a(m, k) ) ;
end
end

Figure 51: Matlab Code, Butt. To Chev. Conv. Coeff.

In Figure 51, a MATLAB code 1is created to compute the
“tanh a” coefficient for different order filter and
different level of ripple in the pass-band. The result is
shown in Table 5.

For example, for a design requiring a three stages
filter with a maximum pass-band ripple of 0.5dB, the

conversion coefficient is 0.53089.
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Table 5: Butterworth to Chebychev Conversion Coeff, tanh a

r (dB) n=2 n=3 n=4 n=5 n=6 n="7
0.05 | 0.89817 | 0.75094 | 0.62387 | 0.52633 | 0.45227 | 0.39516
0.1 0.85896 | 0.69604 | 0.56808 | 0.47441 | 0.40514 | 0.35258
0.2 0.80062 | 0.63159 | 0.50652 | 0.41896 | 0.35576 | 0.30849
0.3 0.76771 1 0.58923 | 0.46789 | 0.38498 | 0.32591 | 0.28206
0.4 0.73652 | 0.55705 | 0.43934 | 0.36021 | 0.30432 | 0.26305
0.5 0.70994 | 0.53089 | 0.41657 | 0.34065 | 0.28736 | 0.24816

Filter Design

Three Stages Stagger-Tuning

The following calculations were intended for the
design of a three stage stagger tuning filter with the
following specifications:

EXAMPLE :
e Center frequency: 4.545 GHz
e Ripple: 0.5 dB
e Bandwidth: 400 MHz

e 1 nF fixed inductor

_BW 400 MHz

A
f 2 2

= 200MHz

[2.
Stage 1:

T
f, = fo — Afcos (g) = 4.545 GHz — (200 MHz X 0.866025) = 4.37GHz

[2.
_ fi y 1 437GHz y 1 410
Q1 = BWsin(30°) ~ tanha 400 MHz x 0.5 0.53089
[2.
Ry1 = Liw Q1 = 1nH X 2m(4.37 GHz) x 41.2 = 1131.24 Q
[2.
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1 1

¢ = = = 1.325pF
LT Ix@nrfi)?  1nH x (21 - 4.37 GHz)? P
[2
Stage 2:
T
f, = fo — Afcos (E) = 4.545 GHz — (200 MHz X 0) = 4.545GHz
[2
£ 1 4.545GHz 1 14
= X = X = .
Q2 BWsin(90°) tanha 400MHzx1 0.53089
[2
Ry = LywyQy = 1nH X 2m(4.545 GHz) X 21.4 = 611.32 Q
[2
L ! = 1.226pF
L= IX(2nf,)2  1nH x (21 - 4545 GHz)?2 %P
2.

Stage 3:

5t
fi = f, — Afcos (Z) — 4.545 GHz + (200 MHz X 0.866025) = 4.72GHz

2
__f 1 ATHz 1
s = BWsin(30°) " tanha ~ 400 MHz x 0.5 0.53089 ~
[2
Ry3 = LywsQs = 1nH X 2m(4.72 GHz) X 44.4 = 1317.59 Q
[2
(== ! = 1.138pF
VT Ix@2rf)? 1nHx (2n-472GHz)2 P
[2
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Single Stage Filter Schematics
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Figure 52: Single Stage Filter tuned for 4.545 GHz

The schematic of a one stage tuned filter, drawn with
Cadence, 1s shown in Figure 52. This filter is tuned to
4.545 GHz with the tank circuit consisting of L1, CO, and
R1. Rl1 is set to 611 @, CO is set to 1.226 pF, and L1 is
set to 1 nH, approximately. Cl and C2 are 1pF capacitor

used for DC wvoltage decoupling. Vgl, Vg2 and RO bias ON
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the N-channel MOSFETs, TO and T6. Vgl is set to 0.45 Vdc
and Vg2 is set to 0.95 Vvdc.

Transistors, T0 and To, are set 1n the cascode
configuration. Their widths are set to 50 um.

Figure 53 shows the frequency response of this one

stage active filter.
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Figure 53: Single Stage Tuned Filter Frequency Response

Three Stages Stagger-Tuning

The three stages staggered-tuning cascode amplifier,
shown in Figure 55, consists of three single tuned

amplifiers connected back to back, in series. The wvalues
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of the passive components of the resonant circuits were
selected based on calculations done from equations [2.11]
to [2.23]. 1 pF capacitors are used for DC voltage
decoupling.

Figure 54 shows the frequency response of each of the
stage filter (black, red, purple).

The overall response (green), shown in Figure 54, 1is
the sum of the three frequency response of the individual

stages.
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Figure 54: Freq. response of the 3-stages filter
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Output Driver

Power Amplifier

The purpose of the power amplifier (PA) is to give the
DDS the capability of driving an output load impedance of
50 Q. The alternative method to using power amplifiers is
to use analog buffers consisting of operational amplifiers.
The design of such operational amplifier operating at high-
frequency is a challenging task, but, it can achieve wider
frequency response.

Power amplifiers can be classified into two categories
based on how the active devices behave. The first category
is the trans-conductance PA, which acts as a voltage-
controlled current source. The output current of trans-
conductance PAs is controlled by the input voltage.

The second category of power amplifiers is the
switching PA (Pulse Width Modulation) which uses the active
device as a switch to modulate the output voltage or
current. [ 18 ]

Classes A, AB, B, and C belong to the trans-
conductance PA family. Classes D and E are switching PAs.
Class F can be either switching PA, or trans-conductance

PA, depending on how hard the active devices are driven.
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Within the trans-conductance amplifier family, many
distinctions in the operation of the amplifier separate the
amplifiers into different classes. In the «class A
amplifiers, the transistor is biased ON 100% of the times.

The transistor has a conduction angle of 360° (100% of a

cycle). Typical waveforms of a class A amplifier are shown
in Figure 56. Since the device 1is turned ON 100% of the

time, no nonlinearities due to signal clipping are
introduced. For this reason, the class A amplifier 1is
often considered the most linear of all of the class A
amplifiers. However, the efficiency of the class A PA 1is

very poor and rarely exceeds 30-40%.

Vin & la & Vout 4

Vi

> > >
L L L

time time time

Figure 56: Class A PA waveforms [ 19 ]

Class A Amplifier Design

The design requirement for the amplifier is to be able
to drive a 50 Q load with 10 dBm minimum output power with
a supply voltage of 1.2 Vdc. The following calculation
determines if the supply voltage can deliver sufficient

power to the load without impedance transformation:
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P =@= L.2° =0.0144 W
max 2R, 2% 50

(with full output swing) [2.24]

Pmax )
Bm =1 =11. B
dBm Ologlo(lmw 58 dBm

[2.25]
From the obtained results, the amplifier isn’t
required to have any impedance transformation.

With a load of 50 Q, the peak current is:

Vpp 1.2
—=—=0.0244
R 50
[2.26]
The PA efficiency 1is predicted to be:
kR .0144W _ 509
T=py  024aax12v_ "7
[2.27]

The active device is ©predicted to consume the
following power:
Pross = Ppc X (1 —n) =0.0144 W [2.28]
Figure 57 shows the schematic of the class A amplifier
drawn with Cadence. The amplifier consists of two DC
decoupling capacitors, Cl and C2, a resistor, R5, used to
bias the MOSFET ON with 0.95 Vdc at Vgl, a choke inductor,
set at approximately 25 nH, and a N-channel MOSFET with the
width set to 42 um.
Figure 58 shows the frequency reponse of the PA, the

amplifier exhibit relatively flat frequency response from 1
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GHz to 10 GHz. The lower 3dB frequency of the PA is
approxmimatley about 314MHz.

Figure 59 shows the transient response and the power
dissipation of the PA, when operating at 4.545 GHz. The
output is 180° out of phase with the input. The output has
approximaltely a voltage swing of + 500 mV. The power of
the PA peaks at 14.7 mW and the average power dissipation

is about 13 mW.
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Figure 57: Class A Power Amplifier Cadence Schematic
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IIT SIMULATION RESULTS

All the sub-components of the DDS discussed in the
previous section were built in Cadence using 90nm CMOS
technology. The schematic in Figure 60 shows the circuit
of the Direct Digital Synthesizer which is used for the
final simulation. The circuit contains a 16-bit phase
accumulator, 16 registers, a digital buffer cell consisting
of four stages inverters, a three-stage staggered-tuned
cascode filter, an output driver and a 50 Q load.

Missing from the complete DDS system is the
multiplexer cell, de-multiplexer cell and the decoder cell
that select the analog filter.

Only one analog filter from the filter bank, tuned for
one operating frequency and bandwidth, was built and used
in the simulation to show the conceptual operation. The
analog filter bank can be Dbuilt from copies of the
presented filter tuned at different frequency bands.
Initially designed to operate at 10 GHz, the clock
frequency has to Dbe reduced down to 9.09 GHz (Period:
0.11lns) for proper operation.

The input word used for the simulation is 8000h (32768

in decimal) to output a 4.54 GHz sine wave. Only the MSB
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output of the phase accumulator 1s needed for that
frequency. The inputs of the phase accumulator are hard
wired to VDD and GND to facilitate changing the wvalue in
Cadence. In a real circuit, the inputs of the phase
accumulator are connected to other digital logic circuits.

The digital buffer 1is needed to boost the driving
capability of the register cell because of the large input
capacitance of the analog filter.

The analog filter and the output driver use biasing DC
voltages, V1 and V2, set at 0.45, and 0.95 accordingly.
It’s useful to note that to turn OFF the analog filter or
the output driver; one could Jjust set V1 and V2 to zero,
whereas 1n a passive filter bank, the filter has to be
disconnected from the circuit.

The simulation results are shown 1in Figure 61 and
Figure 62. The following waveforms were captured:

1. DDS Output (1°" from top)

2. Analog Filter output (2% down)

3. Phase Accumulator output (3"® down)

4. Clock (bottom)

First, from the simulation shown in Figure 61, it can
be seen that the output of the phase accumulator has a

latency of 16 clock cycles.
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16-bit DDS Schematic
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Figure 62: 16-bit DDS Simulation (Zoom In)
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The output of analog filter stabilizes after approximately
45 ns. In Figure 62, the zoomed-in input waveform of the
analog filter coming from the phase accumulator is a square
wave with an amplitude of 1.2 V. The output of the filter is a
sine wave with a peak-to-peak amplitude of 800mV and a DC
voltage offset of 1.2 V. The output of the DDS is a sine wave,
with 0 VDC, and with a voltage swing of + 400 mV.

With a frequency tuning input word of 8000h
(decimal=32768), the measured DDS output frequency is
approximately 4.555 GHz.

The power consumption of the simulated DDS is captured in
Figure 63. The entire DDS system consumes in average 27.72 mW
with the selected input word of 8000h and clock frequency of
9.09 GHz. The peak power is approximately 125 mW.

The simulation is run again with different input words:
4000h (decimal=16384), and CO000h (decimal=49152).

Figure 64 and Figure 65 shows the result with input words
4000h (2.5 GHz) and C000h (7.5 GHz). The outputs of the DDS
for both inputs are reduced to 15 mVpp; a 36.5 dB attenuation.

Figure 66 and Figure 67 capture the 2" and 3*¢ harmonics
of the DDS system. The peak noise of the 2" harmonics 1is
approximately 27 dB down from the center frequency and the

noise of the 3@ harmonics is 30 dB down from the center.
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IV SUMMARY & CONCLUSION

In order to upgrade the DDS technology for use in
wireless application, several changes were done to the DDS
architecture. High speed optimizations techniques were
applied to both digital and analog circuits to permit
integration of all Dbuilding blocks with 90 nm CMOS
technology.

A new design of full-adder was proposed for the phase
accumulator. The design concept of the full-adder consists
of separating and paralleling the computation of the sum
and the carry-out to reduce delay. Static logic mixed with
Pass-Transistor logic was a way to reduce power consumption
while operating at high speed. The operating speed of the
adder is 10 GHz, with a propagation delay of approximately
22 ps.

Pipelining allows the phase accumulator to operate at
high speed independently from the number of bit accuracy.
RC delay optimization, using digital buffers, reduces the
delay in the feedback line of the phase accumulator. The
16-bit phase accumulator operates at 9.09 GHz

High frequency analog circuits, re-using old RF

technology, the tuned amplifiers, take advantage of the
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integration of the on-chip passive components to achieve
high gain at high speed. The short bandwidth of the tuned
amplifiers can be overcome by using multi-stage stagger-
tuning amplifiers. The attenuation of the filter outside
the operating bandwidth is approximately 36.5 dB. Higher
attenuation can be achieved with a shorter operating
bandwidth.

The output driver, a single ended <class-A power
amplifier, was used to drive the external load to obtain
the Dbest linearity. Alternatively, a differential power
amplifier using the same family of transistor can be used
to produce more output power.

The entire chain DDS with only one filter consumes

approximately 30 mW. The measured settling time is about
45 ns. And the Free Spurious Dynamic Range is measured at
27 dB.

The proposed DDS design is feasible for wuse in

wireless applications. All building Dblocks can be
integrated with the low cost 90 nm CMOS technology. The
design offers high operating frequency, low power

consumption, and relatively low noise and spurs.
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V  FUTURE WORK

DDS technology 1is an interesting field that could
offer many advantages to wireless communication. Although
there are drawbacks in the architecture of the DDS, many
published works have Dbeen focused on upgrading the
capability of the DDS.

The replacement of the phase to amplitude converter by
analog filters eliminates the need for a DAC and a ROM LUT.
The outcome has the benefits of reducing power, increasing
the operating frequency, and avoiding the spurs and errors
associated with the DAC and ROM LUT.

Future works can 1include the design of the missing
building blocks to the proposed architecture, which were
not discussed in this thesis: the frequency control word
decoder, the multiplexer and the de-multiplexer. These
blocks are used to switch the analog filter bank.

Also not discussed in this thesis 1s the reference
clock which can be generated from an on-chip phase lock-
loop.

Other future work could consist of designing a
differential power amplifier so that the DDS can deliver
more output power to the external load with a supply rail

voltage of 1.2 V.
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VII ATTACHMENT: 8-BIT DDS VHDL FILES

librarvy IEEE:;

uze TEEE.S5TD LOGIC 1164.ALL:

use IEEE.S5TD LOGIC ARITH.ALL;
use IEEE.STD LOGIC UNSIGNED.ALL:

———- Uncomment the following library declaration if instant

———— any Xilinx primitives in this code.
—-library UNISIH;
——use UNISIM.VComponents.all;

entity fre sync is
Port ( ipputs : in STD LOGIC VECTOR (7 downto 0);:
f clk : in STD LOGIC;
gutputs : out STD LOGIC VECTOR (7 downto 0));
end fre sync;

architecture Structural of fre sync is
component accu 8bit
Port ( a in : in S5TD LOGIC VECTCR (7 downto 0);
clk in : in S5TID LOGIC;
a out : out 5TD LOGIC VECTOR (7 downto 0)):
end component:
component register EBbitc
Port ( input : in S5TD LOGIC VECTOR (7 downto 0}):
r clk : in S5TD LOGIC;
output : out S5STD LOGIC VECTOR (7 downto 0));
end component;
CONMpONENT I_register
Generic(n:natural);
Port ( reg in : in S5ID LOGIC:
reg_clk : in S5TD LOGIC;
reg out : out SID LOGIC);
end component;
component dff
Port ( d : in S5TD LOGIC;
d clk : in STD LOGIC;
g : out STD LOGIC);
end component:;
gignal templ: std logic wvector (0 to 7);
signal tempd: std logic vector (0 to 7);
--8ignal carry: std logic vector(d to 7):
gignal sum: std logic wector (0 to 7);
——signal temp3: std logic wector(D to 7);
begin
rl:iregister Ebit

87



65 port mapignputs,f_clk, templ) ;

1 ——Pipeline in

a7 hl : FCRE i IN O TCO 7 GENERATE

8 J1:IF i > (0) GENERATE

69 shix :n register

T0 generic map(i+l)

71 PCET MAP(templii),f clk, tempZ(i}};
72 END generate jl;

T3 j2:IF i = (0) GEHNERATE

T4 shix :d4dff

75 PORET MARP( templ(i),f clk, temp2(i}};
T8 END generate j2;

77 END» GEMERATE;

T8 ——accumalator

TG al:accu Bkit

80 port map(tempd, £ clk, sum) ;

81 —-—Pipeline out

22 gl : FCR i IN O TC 7 GEMERATE

83 il:IF i « (7) GEMEERALTE

84 shox :n_register

85 generic map(8-1i)

86 PCORT MRP( sum(i),f clk, output=z(7-1)):
87 END generate il;

88 iZ2:IF i = (7) GENEEALTE

89 shox :d4dff

0 PCORT MRF( sum(i),f clk, output=z(i-T7)):
31 END generate i2;

a2 END GEMERATE:;

33 end Structural:;
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library IEEE;

use IEEE.STD LOGIC 1164.ALL:

uze IEEE.STD LOGIC ARITH.ALL:
u=ze IEEE.STD LOGIC UNSIGNED.ALL;

entity accu_Skit is
Port ( a2 in : in S5TD LOGIC VECTOR (7 downto 0);
clk in : in S5TD_LOGIC:
a out : out STD LOGIC WVECTOR (7 downto Q)):
end accu_Skit;

architecture Structural of accu 8kit is
component accu lbit

Port { a_in : in S5STD LOGIC:
¢ in : in S5TD LOGIC:
a clk : in STD LOGIC:

s _out : out STD LOGIC:
c_out : out STID LOGIC):
end component;
gignal temp carry:std logic wector (0 to &):=("0', 0", 'O, 'O, "0, 'O, "0
begin
gl : FCR 1 IN O TC 7 GENERATE
il:IF i = 0 GEMERATE

ac8x : accu_ lbit PCRT MAP(a in(i),'0', clk in, a out(i),temp carry(i)}:
END generate il;
iZ:IF i = (7) GENERATE

ac8x taccu lkic PCORT MAF( a in(i),temp carry(i-1}, clk in, a outi(i},cpen):
END generate i2;
i3:TF (i > 0) AND i <« (7) GENERATE
ac8x raccu_lkbit PORT MAFP( a inii),temp carry(i-1), clk _in, a out(i),temp carry(i));
END generate i3;
END» GENERATE;

end Structural;
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library IEEE;

use IEEE.S5TD LOGIC 1164.ALL;

use IEEE.S5TD LOGIC ARTTH.ALL;
use IEEE.S5TD LOGIC UNSIGHED.RLL;

———— Uncomment the following library declaration if i

———— any Xilinx primitiwves in this code.

—=library UNISIM;
——use UNISIM.VComponents.all:;

entity accu lbit is

Port ( &2_in : in S5TD LOGIC;
c_in : in STD LOGIC:
a clk : in STD LOGIC;

= out @ out STD LOGIC:
c_out @ out STD LOGIC):
end accu_lbit;

architecture Structural of accu lkit is

component dff
Port ( d : in S5TD LOGIC;
d clk : in STD LOGIC;
g : out S5TD LOGIC);
end component;
component full adder

Port ( a : in S5TD LOGIC;
b : in S5TD LOGIC:
c : in STD LOGIC;

= : out STD LOGIC;
co : out STD LOGIC):
end component:;

gignal temp in:std logic wvector(l downto 0):

signal temp c:i:std logicy
signal temp s:std logicy
begin

fl:full adder

port mapia_in, temp =, c_in, temp in(d),

dl:dff

dl:dff

port map(temp in(d),a clk, temp =);
d2:dff

port map(tenp in(l),a_clk, temp c):
process (a_clk)

begin

8_out<=temp s;

C_out<=temp c;

end process:

end Structural;
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library IEEE;

use IEEE.STD LOGIC 1164.ALL;

use IEEE.STD LOGIC ARITH.ALL:
use IEEE.STD LOGIC UNSIGNED.ALL:

———— TUncomment the following library declara

———— any Xilinx primitives in this code.
——library UHNISIM:
——use UNISIM.VComponents.all:

entity full adder i=
Port | in STD _LOGIC:
i 5TD LOGIC:
in STD _LOGIC:
: out S5TD LOGIC:
co @ out STD LOGIC):
end full adder;

w oo oWl
I
-

architecture Behavioral of full adder is=s
begin

2<= a ¥or b xor c;

co<=(a and b) or (a and ) or (b and c);
end EBehavioral;

library IEEE;

use IEEE.STD LOGIC 1164.ALL:

use IEEE.STD LOGIC ARITH.ALL;
use IEEE.STD LOGIC UNSIGHNED.ALL:

———— Uncomment the following library declara

———— any Xilinx primitives in thi=z code.
——library UNISIM;
——use UHISIM.VComponents.all:;

entity 4dff is=
Port ( d : in 5TD LOGIC;
d clk : in S5TD LOGIC:
g : out STD LOGIC):
end dff:;

architecture Behavioral of dff is=s
begin
process (d_clk)

begin
if d clk'event and d clk='1l"' then
g <= d;
end if;

end process;

end Behavioral;
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librarvy IEEE;

use IEEE.S5TD LOGIC 1164.ALL:

use IEEE.STD LOGIC ARTTH.ALL;
use IEEE.STD LOGIC UNSIGNED.ALL;

———— Uncomment the following library declaration if instan

———— any Xilinx primitivezs in this code.
——library UNISIM:
——use UNISIM.VComponents.all;

entity n_register is
Generic(n:natural)

Port ( reg_in : in S5TD LOGIC;
reg_clk : in STD LOGIC;
reg out : out STD LOGIC):

end n_register;

architecture Structural of n register is=s
component dff
Fort { d : in STD LOGIC:
d clk : in STD LOGIC;
g : out 5TD LOGIC);
end component:;
gignal temp:std logic wvector (0 to(n-1}):

begin
gl : FOR i IN 0 TC (n-1) GENERATE
il:TF i = O GEMERATE
dffx : dff PORT MAP( reg in, reg_clk, temp(i + 1});
END generate il;
i2:TF i = (n -1) GENERATE
dffx :dff FCORT MAFP( tempii), reg clk, reg_out };
END generate i2;
i3:IF (i > 0) AND i <« (n -1) GEHNERATE
dffx :dff PORT MAF( tempiil), reg clk, temp(i + 1));
END generate 1i3;
EyD GENERALTE:
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