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Abstract

A phase-locked loop commonly known as PLL is widely used in communication systems. A PLL is used in 

radio,  telecommunications,  modulation  and  demodulation.  It  can  be  used  for  clock  generation,  clock 

recovery from data signals, clock distribution and as a frequency synthesizer.

Most electronic circuits encounter the problem of the clock skew. The clock Skew for a synchronous circuit 

is defined as the difference in the time of arrival between two sequentially adjacent registers. The registers 

and the flip-flops do not receive the clock at the same time. The clock signal in a normal circuit is generated 

with  an oscillator,  oscillator  produces  error,  due  to  which there  is  a  distortion from the  expected time 

interval. The PLLs are used to address the problem. A phase-locked loop works to ensure the time interval 

seen at the clocks of various registers and the flip-flops match the time intervals generated by the oscillator. 

PLLs are trivial and an essential part of the micro-processors. Traditional PLLs are designed to work as an 

analog building block, but it is difficult to integrate them on a digital chip. Analog PLLs are less affected by 

noise and process variations. Digital PLLs allow faster lock time and are used for clock generation in high 

performance microprocessors. A digital PLL has more advantages as compared to an analog PLL. Digital 

PLLs are more flexible in terms of calibration, programability, stability and they are more immune to noise. 

The cost of a digital PLL is less as compared to its analog counter part.

Digital PLLs are analogous to the analog PLLs, but the components used for implementing a digital PLL are 

digital. A digitally controlled oscillator (DCO) is utilized instead of a voltage controlled oscillator. A time to 

digital converter(TDC) is used instead of the phase frequency detector. The analog filter is replaced with a 

digital low pass filter. Phase-locked loop is a very good research topic in electronics. It covers many topics 

in the electrical systems such as communication theory, control systems and noise characterization.  
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This project work describes the design and simulation of miscellaneous blocks of an all-digital PLL for the 
60 GHz band. The reference frequency is 54 MHz and the DCO output frequency is 2 GHz to 3 GHz in a 
state-of  the-art  65  nm  process,  with  1 V  supply  voltage.  An  all-digital  PLL  is  composed  of  digital 
components such as a low pass filter, a sigma delta modulator and a fractional N /N +1 divider for low 
voltage and high speed operation. The all-digital PLL is implemented in MATLAB and then the filter, a sigma 
delta modulator and a fractional N /N +1 divider are implemented in MATLAB and Verilog-A code. The sub 
blocks i.e full adder,  D flip-flop, a digital to digital converter, a main counter, a prescalar and a swallow 
counter are implemented in the transistor level using CMOS 65nm technology and functionality of each 
block is verified.

Keywords
PLL, ADPLL, modulator, DLPF, ADC, swallow counter, prescalar, TDC, DCO
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Abstract

A phase-locked loop commonly known as PLL is widely used in communication systems. A 
PLL is used in radio, telecommunications, modulation and demodulation. It can be used for 
clock generation, clock recovery from data signals, clock distribution and as a frequency 
synthesizer.

Most  electronic  circuits  encounter  the  problem  of  clock  skew.  The  clock  Skew  for  a 
synchronous  circuit  is  defined  as  the  difference  in  the  time  of  arrival  between  two 
sequentially adjacent registers. The registers and the flip-flops do not receive the clock at 
the same time. The clock signal in a normal circuit is generated with an oscillator, oscillator 
produces error, due to which there is a distortion from the expected time interval. The PLLs 
are used to address the problem. A phase-locked loop works to ensure the time interval 
seen at the clocks of various registers and the flip-flops match the time intervals generated 
by the oscillator. PLLs are trivial and an essential part of the micro-processors. Traditional 
PLLs are designed to work as an analog building block, but it is difficult to integrate them 
on a digital chip. Analog PLLs are less affected by noise and process variations. Digital 
PLLs  allow  faster  lock  time  and  are  used  for  clock  generation  in  high  performance 
microprocessors.  A digital  PLL has more  advantages as  compared to  an analog  PLL. 
Digital PLLs are more flexible in terms of calibration, programability, stability and they are 
more immune to noise. The cost of a digital PLL is less as compared to its analog counter 
part.

Digital PLLs are analogous to the analog PLLs, but the components used for implementing 
a digital PLL are digital. A digitally controlled oscillator (DCO) is utilized instead of a voltage 
controlled  oscillator.  A  time  to  digital  converter(TDC)  is  used  instead  of  the  phase 
frequency detector. The analog filter is replaced with a digital low pass filter. Phase-locked 
loop is a very good research topic in electronics. It covers many topics in the electrical 
systems such as communication theory, control systems and noise characterization.  

This project work describes the design and simulation of miscellaneous blocks of an all-
digital PLL for the 60 GHz band. The reference frequency is 54 MHz and the DCO output 
frequency is 2 GHz to 3 GHz in a state-of the-art 65nm process, with 1 V supply voltage. 
An all-digital PLL is composed of digital components such as a low pass filter, a sigma 
delta modulator and a fractional N / N +1 divider for low voltage and high speed operation. 
The all-digital PLL is implemented in MATLAB and then the filter, a sigma delta modulator 
and a fractional N / N +1 divider are implemented in MATLAB and Verilog-A code. The sub 
blocks i.e full adder,  D flip-flop, a digital to digital converter, a main counter, a prescalar 
and  a  swallow  counter  are  implemented  in  the  transistor  level  using  CMOS  65  nm 
technology and functionality of each block is verified.
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Chapter 1 
Introduction

This chapter explains the objective and motivation for carrying out this thesis. It gives a 
brief introduction about the tools that have been used during the project. It also explains 
the working environment for the project, the goals and the outcomes of the project. 

1.1 Motivation 

Recent advances in the integrated circuit (IC) design technology require low area and low 
power design. Digital designs are becoming popular because of their ease of integration 
on  chip.  Also,  it  is  very  easy  to  scale  the  digital  design  and  alter  it  as  the  design 
requirements change. Analog designs in a chip are difficult to redesign. Redesigning an 
analog block to meet the specifications is like designing a new process. This redesigning 
of analog blocks increases the total processing time of a project. Reducing the number of 
analog blocks on a chip can reduce the total processing cycle of that chip. 

An all-digital PLL is one such digital circuit that has many advantages as compared to its 
analog counter part. All-digital PLL shows better performance than the analog PLL and 
require less power and less area. Testing and verification of an all-digital PLL is easy as 
compared to the analog PLL. All-digital PLL provides faster lock time as all the blocks are 
completely digital.A digital PLL has high immunity to noise whereas in an analog PLL the 
control voltage of the voltage controlled oscillator (VCO) is highly affected by the noise. 
Analog  PLLs  with  different  orders  and  architectures  have  been  developed  but  less 
research is carried out on the all-digital design of a PLL. The aim behind this project work 
was to implement low power, cost and area effective designs for miscellaneous blocks of 
an  all-digital  PLL by  taking  advantage  of  the  enormous  benefits  of  the  digital  design 
techniques.
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1.1.1 All-Digital RF Transceiver
All-digital RF transceiver is a mega project carried out at Electronics system division at the 
department  of  Electrical  Engineering  in  Linköping  University.  In  order  to  provide  an 
opportunity to the final year students to work in an industry like environment, this project is 
divided into many sub projects. The researchers at Electronics systems and the final year 
students both participate in this project through a shared forum. Every week interactive 
sessions were carried out between the students working on various parts of this project 
and the supervisor Dr. J Jacob Wikner to discuss the progress and the problems faced by 
the students during the project. 

Figure 1.1.1 gives an overview of an all-digital RF transceiver project and its sub projects. 
The aim of this project is to find architectures with low power consumption, digital/all-digital 
solutions  and  high  speed  applications.  60  GHz  band  has  been  chosen  as  a  target 
application, which includes WiGig, ECMA-387 and WirelessHD. The main focus in the 
project will be on IF frequencies rather than actual RF front end. The outline of the system 
is given in Figure 1.1.2.
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Figure 1.1.1: Overview of an all-digital RF transceiver.
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The purpose of the RF-front is to lower the frequency of the signal from 60 GHz so that the 
digital RF transceiver can handle this signal. At this stage of the project the main focus is 
on the sub components of the project, which include:

• Analog-to-digital converter (ADC) 
ADC converts  analog  (continuous time)  signal  to  a  digital  (discrete-time)  signal 
using the process of sampling. 

• Digital-to-analog converter (DAC)
The operation of  a DAC is reverse of the ADC operation. It  converts the digital 
signals to analog signals. 

• Timing circuitry: Phase-locked loop (PLL)
A PLL is used to compare the input/reference frequency to the output frequency. It 
generates an output signal that is in phase with the input signal. The timing circuitry 
in this case should be very accurate so that it minimizes the jitter. Increased jitter 
can effect the performance of ADC and DAC by effecting their performance metrics 
such as signal-to-noise ratio.

There are three variations for a PLL implementation: a digital PLL, an all-digital PLL and an 
analog  PLL.  In  the  all-digital  RF  transceiver  project  an  all-digital  PLL  has  been 
implemented. There are four groups of master thesis students working on the all-digital 
PLL project. Different parts of the PLL are divided among these groups. This thesis work 
will mainly focus on the miscellaneous blocks of an all-digital PLL [1].

1.2 Specifications of All-Digital Phase-Locked Loop

In this thesis work, design and simulations of the miscellaneous blocks of an all-digital 
phase-locked loop are explained. These miscellaneous blocks include: a digital loop filter, 
a sigma delta modulator and a fractional divider. The specifications for the complete all-
digital PLL setup are given in Table 1.2.1. 
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Figure 1.1.2: System outline where the digital RF project fits in the middle.
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Item Min Type Max Unit

Process node - 65 -

Supply Voltage - 1 - V

Reference frequency - 54 - MHz

Output frequency 2 - 3 GHz

Temperature range -40 - 125 deg

Table 1.2.1: Specifications for the all-digital PLL project.
The miscellaneous blocks of the all-digital PLL, discussed in this thesis, fulfill all the above 
requirements.

1.3 Objectives of Thesis work 
The main objectives and tasks of the thesis work are:

• Selection of suitable architectures for the miscellaneous blocks of an all-digital PLL. 
• Study and implementation of the mathematical models of the selected architectures 

and their performance verification in MATLAB. 
• Behavioral modeling and performance analysis of the selected architectures using 

Verilog-A to get a bit and cycle accurate model of the designed architecture.
• Implementation of the schematic level circuit for the miscellaneous blocks and their 

performance analysis to ensure that all specifications are fulfilled. 
• Integration  of  all  blocks  of  the  all-digital  PLL  implemented  in  the  MATLAB. 

Simulations and performance analysis of the whole PLL in the MATLAB.

All of these objectives were fulfilled during the thesis project except for the simulation of 
the whole PLL in MATLAB. Section 1.4 gives an in sight on the organization of the thesis. 

1.4 Organization of Thesis
This thesis is divided into several chapters. The chapters are organized in a manner to 
help the reader to understand the basics of the all digital PLL and then its implementation. 
At the end of each chapter a conclusion about the work carried out is given. After reading 
each chapter, the reader will have sufficient background knowledge to analyze the related 
results.
The  report  starts  with  the  brief  Introduction of  the  whole  thesis.  The  second  chapter 
Phase-locked loop gives overview of general architecture and working of the PLL. In this 
chapter  analog  PLL is  explained in  detail.  Various  sub parts  of  the  analog  PLL,  their 
advantages and architectures are also explained. After reading this chapter, the reader will 
be able to understand the basics of the PLL.  Third chapter All-Digital Phase-locked loop 
explains all about the all-digital implementation of the PLL. Architecture of the all-digital 
PLL is explained with the help of the figures. The chapter justifies the need of an all-digital 
PLL in the presence of analog counterpart. Digital loop filter is one of the important sub 
parts of an all-digital PLL. Fourth chapter Digital Low pass Filter is about digital low pass 
filter in PLL. The chapter starts with the general introduction of the low pass filter and the 
types of the digital filters. Then it explains the implementation of the filter carried out in this 
thesis. All the implemented architectures are explained in complete details. Sigma delta 

24



 LiTH-ISY-EX--12/4578--SE

modulator is used with the divider to give the averaging of the dividing ratios by divider. 
Fifth part of the report, Sigma Delta Modulator, focus on the general discussion about the 
sigma delta modulators. The discussion follows the explanation of the analog sigma delta 
modulators, their functionality and their utilities. Following the same discussion the next 
part of the report is about digital sigma delta modulators. Chapter six of the report, Digital  
Sigma Delta Modulator, focus on the digital sigma delta modulator architectures and their 
importance in all-digital PLL. It contains in depth details of the architecture that has been 
chosen for this thesis work. Sigma delta modulator is used with the divider, so in this thesis 
a complete chapter, Fractional Divider, is dedicated to the explanation of the divider of an 
All-Digital PLL. Seventh chapter provides complete description of the architecture and the 
sub parts of the fractional divider. The architectures, functionality and control signals of all 
the sub parts are explained in detail. 

The report ends with the suggestions for the future work and appendix. Appendix contains 
the code for some of the main blocks that are implemented during this project. 
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Chapter 2 
Phase-Locked Loop

2.1 Introduction

A phase-locked loop is  one of  the most  important  necessity  in  modern day electronic 
systems. Phase-locked loop is a control system whose major task is to generate the output 
signal with phase related to the phase of input or reference signal. PLL is a closed loop 
feedback system that compares the output phase with the input phase and generates 
phase  error.  This  phase  error  is  given  to  an  oscillator.  According  to  phase  error,  the 
oscillator increases or decreases the oscillation frequency. 

Phase-locked loops are widely used in radio, telecommunications, computers, television 
applications,  RF  applications,  frequency  synthesizers,  clock  synchronization, 
microprocessor clock generation and many other electronic applications.

2.2 Applications 

Phase-locked  loops  are  widely  used  for  clock  generation.  A  PLL  is  also  used  for 
synchronization in bits or symbols and threshold extension or coherent demodulation in 
space communication.

2.2.1  Clock Generation
Different electronic systems operate at different frequencies. A PLL is used to generate 
clock  to  these  systems.  A PLL  can  multiply  a  reference  frequency  clock  up  to  the 
processor's operating frequency. This multiplication factor is usually quite large [1].
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2.2.2  Clock Recovery
High speed serial data streams such as the data from the magnetic head of disk drive are 
sent to the receiver without any synchronizing clock. The receiver generates a clock from 
an approximate frequency reference and then the phase aligns to the transition in the data 
stream  with  the  PLL.  This  whole  process  is  known  as  the  clock  recovery.  For  the 
successful clock recovery, data stream must have a transition which is enough to correct 
any drift in the oscillator of the PLL [1].

2.2.3  Skew Reduction
Due to the process variation like temperature and voltage change, there will be a finite 
delay between the clock edge and the received data. The clock signal should be received 
and amplified before the data driven by the flip-flops, specially the signal and the data 
should be sent in parallel. To eliminate this delay a PLL on the receiver side is set, such 
that the clock at each flip-flop is phase matched to the received clock [1].

2.2.4  Spread Spectrum
Every electronic system give away unwanted radio frequency energy causing interference. 
To reduce interference the designer can use a spread spectrum PLL with high Q-receivers. 
PLLs are used to spread the energy over a large portion of the spectrum which, in return, 
will reduce interference [1].

2.2.5 Clock Distribution
The reference clock is applied to the chip and then to the phase-locked loop. The PLL 
distributes the output  clock.  The clock distribution is  at  a balance state,  such that  the 
distribution of output clock reaches each and every point. One of the output clock in the 
clock distribution is applied as a feed back input to the PLL circuit. A PLL compares the 
distributed clock and the incoming reference clock. The phase and frequency of its outputs 
will vary until the phase & frequency values of the reference & feedback clocks match. At 
this state, the frequency of reference and feedback clocks is same and the PLL is said to 
be locked. The clock distribution of the PLL is shown in Figure 2.2.1 [1].
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Figure 2.2.1: Block diagram of clock distribution of PLL.
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2.2.6  Reduction of Noise and Jitter
The most general property of a PLL is to align the reference and the feedback clock edges 
close to the differential phase. The average time difference between phases is called static 
phase offset. The static phase offset is also known as the steady state phase error. The 
variance between the reference and the output clock phase is known as the tracking jitter. 
Normally, the steady state phase error should be zero, and the tracking jitter should have a 
small value.

Due to this jitter, the oscillator block in the system generates the phase noise. PLLs with 
Emitter Coupled Logic (ECL) block can be designed to reduce phase noise. Digital PLLs 
may also increase the power consumption.

One of the main advantages of the PLL is that the phase and frequency of generated clock 
remains unaffected by abrupt changes in the voltages of power and ground lines. This 
property is known as substrate and supply noise rejection [1].

2.2.7 Frequency Synthesis
Frequency Synthesis is mostly used in digital  wireless communication systems like the 
global system for mobile (GSM) and the code division multiple access (CDMA). In digital 
communication systems a PLL is used for up conversion and down conversion. Usually for 
high performance needed at the base station terminals the transmission and reception 
circuits are built with different components to meet the performance levels. But in most 
cellular devices these applications are integrated into a single circuit to reduce the cost 
and size of the handset [1].

2.3 Analog Phase-Locked Loop

A phase-locked loop (PLL) is one of the most important techniques used for the generation 
of clock frequency signals. PLLs are used in FM demodulation, telecommunication, carry 
synchronization,  clock  multiplication  in  microprocessors,  frequency  division  and 
multiplication and clock and data recovery.
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 Figure 2.3.1: Block diagram of a phase-locked loop.
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 Figure 2.3.1 shows basic block diagram of a PLL architecture. A PLL is locked when the 
phase of input signal matches with the phase of reference signal. It responds to both the 
frequency and phase of the input signals. The phase detector takes two signals, f ref and 
f feedback ,where f ref is the reference signal or input signal and f feedback is the feedback signal 
generated by the divider. 
These two feedback and input signals are compared and an error signal is generated. This 
error signal is the voltage proportional to phase difference between f ref and f feedback . A large 
phase difference will give large phase error. Similarly a small phase difference will give a 
small phase error. The phase error is zero in locked condition.
This error signal is given to the charge pump. The charge pump controls the charging and 
discharging of the loop filter. The loop filter is an essential part of the PLL. It allows the low 
frequency  signal  and  eliminates  the  high  frequency  components  of  a  signal  while 
smoothing the output signal. The output signal is given to the input of a VCO. A VCO is 
heart  of  the  PLL.  The  variation  in  the  oscillation  is  dependent  upon  the  increase  or 
decrease in the input voltage. An analog PLL consists of the following components:
Phase Detector: To compare the difference of the input reference frequency and the VCO 
frequency.
Charge Pump: To control the charging or discharging current of the loop filter.
Loop filter: To smooth the output.
Voltage Controlled Oscillator: To oscillate the frequency.
Divider: To divide the VCO frequency.
The detailed description of the architecture and the working principles of each of these 
components starts from section 2.3.1.

2.3.1 Phase Detector
PLLs are feedback of many control  systems. They compare phase of two signals and 
produce  a  phase  error.  A phase  detector  compares  the  reference  frequency  and  the 
feedback frequency and generates the output signal which is linearly proportional to the 
phase error. Ideally, the average output V out is linearly proportional to the phase difference (
 ) between the two input signals V 1t  and V 2t  .
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 Figure 2.3.2: Characteristics of a phase detector.
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 Figure 2.3.2 shows characteristics of  a phase detector.  It  shows the slope of the K pd

,which is the gain of the phase detector. K pd  is expressed in V/rad. The gain of the phase 
detector is zero when the phase difference (  ) between two input signals is zero [2].

2.3.2 XOR Gate as a Phase Detector
Another  type of  the  phase detector  is  an  exclusive  OR gate.  Figure  2.3.3 shows the 
exclusive OR gate. 

XOR gate generates the output pulses on both the rising and the falling edge of a signal. 
 Figure 2.3.4 shows the rising and falling edge of XOR gate.

XOR gate acts as a phase detector. This XOR phase detector takes two inputs V 1t  and 
V 2t  and generates the phase difference  . The phase detector is related to the width 
of the output pulses and is proportional to the phase difference. 

2.3.3 Phase Frequency Detector
The phase frequency detector has two inputs A and B and two outputs QA(Up) and
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Figure 2.3.3: Block diagram of a XOR  gate.
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QB(Down) . It uses a D flip-flop to generate the output whenever rising edge of the clock is 
observed with respect to the data signal or the reference signal. 

Initially the two outputs will be zero i.e QA=QB=0 . When A goes high, QA will rise. When 
there  will  be  rising  transition  on B , QB will  go  high.  These  output  signals  are  used  to 
generate a reset and an AND gate is used for its implementation. Figure 2.3.5 shows the 
block diagram of a phase detector [2].

2.3.4 Charge Pump
The Up and Down signals from the phase detector are given to the input  of  the charge 
pump. The charge pump consists of both current sources and open or closed switches. 
These switches are either charging or discharging the current of the loop filter.

When Up signal is present at the charge pump, the switch S1 is closed (on) and I1 current 
charges the loop filter. When Down signal is present, the switch S2 is closed (on) and I2

current discharges the loop filter. Figure 2.3.6 shows the block diagram of a charge pump 
[2].
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Figure 2.3.5: A phase frequency detector. 
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2.3.5 Charge Pump with Phase Frequency Detector
Complete operation of a charge pump with a phase frequency detector is shown in Figure
2.3.7. When signal A leads signal B by a finite amount, the output signal QA is generated 
and QB is almost zero. QA will turn on the switch S1 , it will charge the capacitor CP and QB

will turn off the switch S2  [2].
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Figure 2.3.6: Charge pump.
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This charging of  the capacitor,  increases the voltage V out .  Due to  increase in V out ,  the 
oscillations of the VCO also increase. The output of the phase frequency detector is shown 
in Figure 2.3.8.
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Figure 2.3.8: Output of phase frequency detector.
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2.3.6 Loop Filter
A loop filter is a combination of a simple capacitor with a resistor as shown in Figure 2.3.9. 
The architecture of the loop filter depends on the order of the filter.

Generally, VCOs are controlled by the voltage, not current. Thus, in a charge pump PLL, 
the function of the loop filter is to convert the output current of the charge pump to the 
VCO control voltage. In addition, low pass filtering is needed since it is not desirable to 
feed pulses into the VCO. The most important characteristics of a loop filter such as the 
loop bandwidth,  settling time and phase noise are highly  dependent  on the loop filter 
design.

2.3.7 Voltage Controlled Oscillator
A  VCO  is  a  voltage  controlled  oscillator.  The  VCO  output  frequency 0 is  linearly 
proportional to the control voltage V c . It is generated by the phase detector. This linear 
relation between the control voltage and the output frequency simplifies the PLL design. 
The voltage controlled oscillator is a heart of the PLL. The block diagram of a VCO is 
shown in Figure 2.3.10.

This control voltage must be produced by the phase detector, demanding a phase error by 
the PD characteristic. General characteristic of a voltage controlled oscillator is shown in 
Figure 2.3.11.
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Figure 2.3.10: Block diagram of VCO.
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The output of the VCO can be formulated by the following relation:

out=0K vco⋅V cont . (2.3.1)

here 0 , the intercept to V cont , equals zero. K vco represents gain or sensitivity of the
VCO. It is expressed in rad/s/V. 2−1 is achievable tuning range of the frequency [2].
The control voltage is fed as input to the VCO. So we can write V 1 as:

V 1=(ω1−ω0)/K vco . (2.3.2)

and

0=V 1/K pd=1−0/K vco⋅K pd . (2.3.3)

Equation(2.3.3) depicts two points: The phase error varies with variation in input frequency 
and if we minimize the phase error K pd , K vco should be maximized.

2.3.8 Performance Parameters of  Voltage Controlled Oscillator

2.3.8.1 Center Frequency 
The center frequency is known by the environment in which the VCO is used. It is possible 
that the clock generation circuits of a microprocessor might be used to run at the clock rate 
or at twice the clock rate. The present day CMOS VCOs center frequencies can be as high 
as 10 GHz [2].

2.3.8.2 Tuning Range
The mid range value is called the tuning range. The VCO oscillates in the tuning range. 
Tuning range is the one of the most important parameters of the VCO. The tuning range 
depends on two parameters: The change in the VCO center frequency with process and 
temperature variation and the frequency range which is dependent on the applications [2].
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Figure 2.3.11: Linear characteristics of voltage controlled oscillator.
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2.3.8.3 Tuning Linearity
The tuning characteristics of the VCO are non linear due to non idealities. The gain of the 
VCO, K vco is usually constant. The non linearity decreases the settling behavior of the PLL. 
For this reason the gain variation should be small across the tuning range. Figure 2.3.12 

shows the non linear characteristics of the VCO. The VCO shows high gain in the middle 
of the range and a low gain at the two extremes[2].

2.3.8.4 Power Dissipation
Power dissipation is one of the important characteristics of the VCO. The oscillations are 
affected  by  the  trade  offs  between  speed,  power  dissipation  and  noise.  Normally  an 
oscillator drains 1 to 10 mV of power [2].

2.3.9 Divider
The  output  of  the  oscillator Fout is  fed  to  the  input  of  the  divider,  which  divides  the 
frequency of an oscillator by the factor M i.e the divider output is Fdivider=Fout /M to the input 
of the phase detector. The phase detector compares the two frequencies Fref and F feedback  
and gives the output. When, the Fdivider and Fref are equal. This condition is known as the 
lock condition of the PLL. Figure 2.3.13 shows the block diagram of a divider.
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Figure 2.3.12: Non linear characteristics of VCO.
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The relation between the output and input of the divider can be formulated as

Fout=M⋅Fdivider . (2.3.4)

where Fout is  the output  frequency of  the oscillator, Fdivider is  the output  frequency of  the 
divider and M is the dividing ratio.

2.4 Conclusion
The report begins with a chapter about the analog PLLs. This thesis mainly focuses on the 
implementation of an all-digital PLL. But to understand the basic architecture and working 
of  a  PLL,  an  analog  PLL was  designed  in  the  beginning  of  this  thesis.  This  chapter 
introduces  the  reader  to  the  basic  analog  PLL.  It  explains  the  architecture,  working, 
advantages and disadvantages of the analog PLL. The sub blocks of an analog PLL are: 
VCO, PD, loop filter and a divider. This chapter provides an in depth explanation of all of 
these  sub-blocks.  The  performance  parameters  of  VCO  like  tuning  range,  center 
frequency, tuning linearity and the power dissipation, are also discussed in the end of the 
chapter.
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Figure 2.3.13: Block diagram of divider.
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Chapter 3 
All-Digital Phase-Locked Loop

3.1 Introduction

Phase-locked loops play a vital  role in many electronic applications. Earlier PLLs were 
designed partially as analog and digital. At present mostly digital PLLs are used which are 
composed  of  the  digital  components.  In  general  implementation,  an  analog  PLL  is 
problematic  and  the  cost  of  an  analog  PLL  is  high,  although  it  gives  good  jitter 
performance compared to the digital PLL. In deep sub micron the design of an analog PLL 
is more complex because the capacitance of the analog filter occupies much space. A 
digital  PLL has many advantages as compared to an analog PLL. In a digital  PLL the 
phase can be less and jitter problem can occur.  All-digital  circuits compared to analog 
circuits are more flexible in terms of calibration and programmability, better test ability and 
they are immune to noise. In addition, the digital PLL can operate at low voltage also. The 
cost of a digital PLL is also less [2].

3.2 Basic Architecture of an All-Digital PLL

The architecture of an ADPLL is same as an analog PLL. The purpose of a PLL is same 
whether its digital or analog. A time to digital converter is introduced in place of the phase 
frequency detector and charge pump. The ADPLL is shown in Figure 3.2.1.
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The analog filter is replaced by the digital loop filter and the VCO is replaced by a digitally 
controlled oscillator (DCO). The TDC gives error between the f ref and f divider in digital bits. 
This TDC output is given to the digital loop filter (DLF) and the output of the filter is then 
passed to the DCO.
The  DCO  has  three  operation  modes:  PVT  (process  voltage  temperature)  mode, 
acquisition mode and tracking mode. When a PLL settles, the DCO will pass these three 
modes with lower frequency range. Thus the PLL will achieve good stability and locking 
condition.

3.3 Sub Blocks of ADPLL
ADPLL has following sub blocks:

1. Time to digital converter (TDC)
2. Digital loop filter (DLF)
3. Digitally controlled oscillator (DCO)
4. Sigma delta modulator
5. Fractional divider

The functionality and architectures of all  of these components are explained in section 
3.3.1 to section 3.3.4.

3.3.1Time to Digital Converter 
Time  to  digital  converter  (TDC)  produces  an  error  which  is  the  difference  between 
reference frequency and DCO output frequency. A TDC gives the fractional part  of fixed 
point representation of the DCO clock frequency. When the DCO output frequency and the 
TDC reference frequency is same, TDC produces zero error and at that time the PLL will 
be locked. It does almost the same work as the phase detector (PD) which is used in the 
analog PLL.
The TDC fractional delay difference between the reference clock ( Fref ) and the DCO clock 
( clk ) is measured by a TDC with time quantization noise  tres of an inverter delay  tinv  
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Figure 3.2.1: Basic architecture of an ADPLL.
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and the time difference is expressed in fixed point digital word. The TDC output is not used 
in integer form because the time resolution varies and it has to be normalized by the DCO 
clock period. Therefore the phase detector uses only the fractional error correction  . The 
smallest time interval which is easily resolved in the digital fractional phase detector is 
termed as the TDC inverter delay (  tinv ). The chain of inverters serves the base for the 
simplest possible implementation of the TDC [3].

The Time to Digital converter is shown in Figure 3.3.1.

Figure 3.3.2 shows the positive phase error and negative phase error.   t f is  the time 
between falling edge of clk and Fref edge.  tr is the time between rising edge of the clk and 
edge with resolution one (  tinv ). The time  t f is indicated by the position of transition from
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Figure 3.3.1: Time to digital convertor.
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1  to 0 and  tr is the transition from 1 to 0 .

The negative phase error is shown in Figure 3.3.3.

An inverter has full digital level properties. Due to these digital properties, an inverter is 
considered as a basic time delay cell in the deep sub micron process. Better resolution 
can also be possibly achieved than using an inverter delay for the TDC function. For this a 
method called Vernier delay line with two nonidentical chain of buffers is adopted. One is 
faster  buffer  chain  and  other  is  slower  buffer  chain.  The  slower  chain  of  buffers  is 
connected by  a negative  feedback which  comes from a delay  line.  The output  is  the 
difference between the faster chain of buffers and slower chain of buffers. This is known as 
the buffer time propagation difference. Resolution is the due to effect of the difference in 
buffer  time  propagation.  The  disadvantage  of  this  implementation  is  high  power 
consumption.
The output of each inverter generates a clock which is slightly delayed from the previous 
inverter. With this property the digital fractional phase can be computed by passing the 
DCO clock  through  a  chain  of  inverters.  This  is  done  by  an  array  of  flip-flops  which 
produces Q outputs from pseudo thermometer code.
The calibration process of an all-digital PLL system works with normalized measurement 
values.  Resolution  is  achieved  through  the  average  values.  The  DCO period  can  be 
written by the following relation: 

T v=
1

Navg
∑
k=1

N avg

T v . (3.3.1)

 
The number of inverters in the inverter chain depends on the maximum DCO period T v . 
The number of inverters L can be calculated as: 
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Figure 3.3.3: Negative phase error.
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L⩾
(max (T v))

(min(t inv))
. (3.3.2)

If more inverters are used the circuit becomes more complex and consumes extra power 
than necessary [3].

3.3.2  Time Domain Quantization Noise
A time to digital converter (TDC) has time domain quantization noise power. It is same as 
in analog to digital converter (ADC) and can be represented by the equation (3.3.3):

σq
2
=

tres
2

12 . (3.3.3)

3.3.3 Time to Digital Converter Resolution
The digital error of TDC is linear which is same as phase error in phase detector output of 
an analog PLL and is quantized in  tres time units.

L
max T v 

min tinv
, (3.3.4)

here 

t res=tinv . (3.3.5)

The  TDC  step  size  tres determines  the  quantization  step  of  fractional  error  which  is 
normalized.

=
t res

T v

. (3.3.6)

TDC characteristics are shown in Figure 3.3.4
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Figure 3.3.4: TDC quantized transfer function.
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3.3.4   Digitally Controlled Oscillator
A digitally controlled oscillator (DCO) is implemented using the digital components. The 
time domain resolution is more advanced than the voltage domain resolution.The DCO is 
operated with digital inputs and digital outputs in the discrete time domain, even though it 
is  a  continuous  time  and  in  general  a  continuous  amplitude,  this  is  very  important 
consideration since it stops analog the nature.
A digitally  controlled  oscillator  is  used  to  perform  the  digital-to-frequency  conversion 
(DFC). So its output is a periodic waveform with the frequency f as a function of the input 
oscillator tuning word ( OTW ).

f =f OTW  . (3.3.7)

f OTW  is a nonlinear function. It traces the digital input to the frequency of oscillation [3].

3.3.5   Digitally Controlled Oscillator Gain and Transfer Function
A DCO is the heart of the a frequency synthesizer. It generates the output frequency of 
oscillation f v , which is inherent function of the digital oscillator tuning word ( OTW ).

f v=f OTW  . (3.3.8)

f OTW  is a nonlinear function of the input. It can be considered as a linear function in the 
limited operating range.The DCO gain can be represented as k DCO .

f v=f o f v=f okDCO OTW . (3.3.9)

Where  f v is the deviation of the center frequency f o .  f o is adjustable center frequency. 
k DCO is  the  frequency  deviationΔf v in  hertz  from a  center  frequency f v in  response  to 
change in one LSB of the input.
For this reason k DCO is same with  f frequency resolution. In linear range, the DCO gain 
can also be expressed as:

k DCO f v =
 f v

OTW 
. (3.3.10)

So in a limited range, k DCO must be linear with respect to the input. Since the DCO gain is 
also a function of OTW  , k DCO can be written as [3]:

k DCO f v ,OTW =
 f v 

OTW 
. (3.3.11)

3.3.6   Optimal Digitally Controlled Oscillator Tuning Word Retiming
The principle of DCO input tuning word retiming methods is shown in  Figure 3.3.5. The 
DCO input changes the tuning control input of an oscillator in order to adjust the phase 
and frequency in a conventional PLL. Since this PLL is disturbed by jitter or phase noise, 
the DCO oscillating frequency has to change at discrete times.
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Since the oscillating frequency of an LC tank is controlled by a varactor (i.e voltage to 
capacitance conversion), the total charge should be stored changing the capacitance that 
causes the electrical potential to exhibit the large change as shown in Figure 3.3.6.

V=
Q

C
. (3.3.12)

These perturbations are translated by the oscillator circuit into timing jitter. Changing the 
capacitor  many  times  when  it  is  discharged,  will  affect  the  voltage  slightly  and  thus 
contribute to the oscillating jitter [3].
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Figure 3.3.6: Capacitance change of an LC oscillator.
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3.4 Conclusion
This chapter gives a brief introduction of an all-digital PLL. Miscellaneous blocks of the all-
digital PLL were focused during this thesis. The main blocks of an all-digital PLL are: DCO, 
TDC, loop filter,  sigma delta modulator and a fractional  divider.  The discussion further 
advances with the description of all these sub blocks, their architectures, functionality and 
some of the basic issues encountered during their implementation. Mathematical relations 
and figures are used to help reader to develop a better understanding of different blocks 
and their functionality.  The motivation for  implementing an all-digital  PLL instead of an 
analog PLL is also discussed in this chapter.
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Chapter 4 
Digital Low Pass Filter

4.1 Introduction

A filter is used for signal separation and restoration. The signal separation is to separate 
the  signal  from  the  interferer  (unwanted  signals)  so  that  the  required  signal  can  be 
analyzed separately. Signal restoration is to remove the distortion from the received signal 
so that actual signal can be extracted. Both the digital and analog filters can be used for 
these purposes.

A digital filter performs the numerical computations on the discrete-time signal to modify 
certain properties of that signal. Whereas for the continuous time signals the analog filters 
are used. Continuous time signals can also be processed by digital filters. The continuous 
time signal is first converted into sequence of numbers (digitized) and then passed through 
the digital filter. The output from the digital filter is converted back to an analog signal. The 
design and features of a digital filter depend upon the application for which the filter is 
employed. 

4.2 Comparison between Digital and Analog Filter 

Analog  filters  are  less  expensive  and  they  are  fast.  Analog  filters  require  electrical 
components  like  resistors  and  capacitors  etc,  so  stability  and  accuracy  are  important 
design  challenges  for  them.  Digital  filters  are  costly  and  they  have  more  complicated 
designs  compared  to  equivalent  analog  filters.  But  analog  filters  have  certain  design 
limitations due to which some of the filter  designs are not  possible with analog filters. 
Digital  filters have made these implementations possible.  Digital  filters have very good 
performance as compared to analog filters.
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Digital filters use sampling process to digitize the signal so they suffer from latency. In 
analog filters continuous time signal is directly fed into filter input so analog filters do not 
experience any time difference in the response of their input and output [1].

4.3 Characterization Of Digital Filters
To characterize the digital filter, a transfer function is used. Transfer function formulates the 
relation between the input and the output of a linear time invariant system. Designing a 
filter requires the knowledge about its frequency response, impulse response, stability etc. 
Having all these specifications a transfer function for the filter can be formulated. 
The transfer function of the LTI casual filter in the Z  domain can be written as:

H  z=
B z 
A z 

=
b0b1×z−1

b2×z−2
....bN×z−N

1a1×z−1
a2×z−2

....aM×z−M

.
(4.3.1)

This transfer function has a numerator and a denominator and it  represents an infinite 
impulse response filter. For finite impulse response filter the denominator is 1 [1].

4.4 Types of Digital Filter
A linear  filter  can be analyzed by its  impulse response,  frequency response and step 
response. These responses show the behavior of the filter under certain conditions and 
provide complete information about the filter. The impulse response of a filter is defined as 
the response of a filter when a unit impulse is given at its input. The impulse function is 
graphically unit Impulse is shown in Figure 4.4.1.

Based on the impulse response digital  filters are divided into two basic types that are 
explained in section 4.4.1 [2].

4.4.1 Infinite Impulse Response Filters 
These  are  digital  filters  that  closely  resemble  the  analog  filters  in  characteristics  and 
properties. IIR filters have a feedback and a feed forward path. Both the feedback and the 
feed forward path contribute to the output sample calculation. The feed forward part of the 
IIR's is like simple FIR filter. The feedback and feed forward paths should counterpoise 
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Figure 4.4.1: Unit impulse.
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each other. To generate an output sample the previous input is added to the new input. 
The previous output is then subtracted from this sum of inputs. Then this whole calculated 
sum is multiplied by the coefficients. An IIR filter of order N requires 2N+1 coefficients for 
its  transfer  function.  From  hardware  perspective  it  requires 2N+1 multipliers  and 2N  
adders. The coefficients are chosen based on the frequency specifications of the required 
filter. Some of the basic structures/realizations of the digital IIR filters are discussed in 
section 4.4.1.1.

4.4.1.1  Direct Form IIR Digital Filter
In direct form IIR filters the transfer function of the filter has the same coefficients as the 
multipliers. The transfer function for the third order IIR filter is given as:

H (z)=
B(z)
A (z)

=
b0+b1×z−1

+b2×z−2
+b3×z−3

1+a1×z−1
+a2×z−2

+a3×z−3 . (4.4.1)

Considering the denominator and numerator as two separate functions, we can implement 
the transfer function as shown in Figure 4.4.2 [3].

Where 

H a z=
W  z 
X  z

=b0b1×z−1
b2×z−2

b3×z−3
. (4.4.2)

and

H b z=
Y  z 
W  z 

=
1

1a1×z−1
a2×z−2

a3×z−3 . (4.4.3)

H a z can be realized as a simple FIR filter and can be represented in time domain by the 

equation (4.4.4).

w [n]=b0 x [n]b1 x [n−1]b2 x [n−2]p3 x [n−3] . (4.4.4)

 Equation (4.4.4) can be realized by Figure 4.4.3.
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Figure 4.4.2: Transfer function of a direct form IIR digital filter.
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Similarly H b(z )  can be written as 

y [n]=w [n]−a1 y [n−1]a2 y [n−2]a3 y [n−3] . (4.4.5)
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Figure 4.4.3: First section of IIR direct form filter.
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The realization for the equation (4.4.5) is shown in Figure 4.4.4:

For the realization of direct form I the structures of H a( z) and H b(z ) can be cascaded as 
shown in Figure 4.4.5.

The transpose of direct form I is called the I t  structure. Figure 4.4.6 shows the transpose 
direct form IIR filter Structure.

55

Figure 4.4.5: Direct form IIR digital filter structure.
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4.4.1.2 Cascade Form IIR Digital Filter
A digital filter can be realized by the cascade of lower order filters. The higher degree 
polynomials of numerator and denominator of the transfer function can be represented as 
the product of several lower degree polynomials. If we consider the transfer function 

H  z=
Y  z
X  z 

=
Y 1 zY 2z Y 3 z 

X1 z X2 z X3 z 
. (4.4.6)

By different combinations of the denominator and numerator 36 different realizations can 
be obtained. All these structures have different behavior. The reason might be the effects 
of finite word length.

4.4.1.3  Parallel Form IIR Digital Filter
For parallel I form the transfer function is expanded by partial fraction in z−1 . Whereas for 
parallel  form II  the  transfer  function  is  expanded  by  partial  fraction  in z .  The  transfer 
functions for  both the parallel  forms are given in  (4.4.7).  For the transfer function only 
simple poles are assumed[3].
For parallel form I:

H  z=0k 
0k1k z−1

11k z−1
2k z−2  . (4.4.7)

If the pole is real then 2k=0 and 1k=0 .
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Figure 4.4.7: Cascade form IIR filter structure.
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The structure for parallel form I is shown in Figure 4.4.8.

For parallel form II 

H  z=0k 
1k2k z−2

11k z−1
2k z−2   . (4.4.8)

If the poles are real in equation  (4.4.7) then 2k=0 and 2k=0 . The structure for parallel 
form II is shown in Figure 4.4.9. 
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Figure 4.4.8: IIR parallel form I structure.
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4.4.2 Finite Impulse Response Filters
These filters do not use feedback. If M is the order of the FIR filter then each output 
sample can be calculated by the summation of previous M inputs. With FIR filters it is 
possible to implement any filter structure but they require large memory requirements as 
compared to IIR filters[4]. Some basic realizations of the digital FIR structures are 
discussed in section.4.4.2.1.

4.4.2.1 Causal FIR Digital Filter
The transfer function for the causal FIR digital filter can be represented as.

H  z=∑
k=0

M

h[k ] z−k . (4.4.9)

Where M is the order of the filter. The transfer function is a polynomial in z−1 .The relation 
between input and output of the casual filter in time domain can be represented as:

y n=∑
i=0

M

h [i ] x[n−i] . (4.4.10)
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Figure 4.4.9: IIR parallel form II structure.
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4.4.2.2 Direct Form FIR Digital Filter
To characterize an FIR filter M , M1 coefficients are required. From hardware perspective
M adders and M1 multipliers are required. 

Direct form structures are directly derived from the transfer function of the filter. In these 
filters the input  is delayed then multiplied by the coefficients and all  the branches are 
summed up to get the output. A direct form fourth order FIR filter is shown in Figure 4.4.10.

4.4.2.3 Transposed Direct Form
Transposed  direct  form  structures  have  the  same  characteristics  as  the  direct  form 
structures. 
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Figure 4.4.10: Direct form I FIR filter structure.
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The difference between the transposed and direct form realizations is that in transposed 
form the input is multiplied by the filter coefficients, then summed up and delayed at the 
end. The transposed direct form FIR filter is shown in Figure 4.4.11.

4.4.2.4 Cascade Form FIR Digital Filter Structure
For  simplification  the  complex  higher  order  FIR  structures  can  also  be  realized  by 
cascading  various  lower  order  filters  together.  Usually  second  order  and  first  order 
sections are cascaded to  make more complex structures.  The transfer  function of  the 
cascaded FIR filters can be expressed as 

H  z =h[0]∏
k=1

K

11k z−1
2k z−2

  With  2k=0 . (4.4.11)

and

K={
N
2

, N even

N1
2

, N odd } . (4.4.12)

A cascade structure for sixth order FIR digital filter is shown in Figure 4.4.12.Transposed 
direct form can also be used to realize the second order sections in the Figure 4.4.12.
Transposed direct form can also be used to realize the second order sections in the Figure
4.4.12.
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Figure 4.4.12: Cascade form FIR digital filter structure.
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4.4.2.5 Linear Phase FIR Structure 
To reduce the number of multipliers in direct form realizations the symmetry characteristics 
of  the  linear  phase FIR filter  can be utilized.  In  linear  phase FIR filters  signals  of  all 
frequencies are delayed equally.  Symmetric impulse response for an FIR filter  can be 
represented as:

H  z =h[0]h [1] z−1h[2] z−2h[3] z−3h [2] z−4h1 z−5h[0] z−6 . (4.4.13)

This structure has length seven and it is FIR filter of type I. H (z )  can also be expressed 
as:

H  z =h[0]1z−6
h [1]  z−1

z−5
h [2] z−2

z−5
h [3] z−3 . (4.4.14)

The structure form through the equation (4.4.14), this is given in Figure 4.4.13.

By  similar  mathematical  decomposition  of  type  II  FIR  filters  a  new  structure  can  be 
obtained. Consider the transfer function of type II FIR filter with length eight.

H  z =h[0]1z−7
h [1]  z−1

z−6
h [2] z−2

z−5
h[3] z−3

 z−4
 . (4.4.15)
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Figure 4.4.13: Linear phase FIR structure.
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This transfer function can be shown in Figure 4.4.14.
The direct form structure for a type I filter of length seven needs seven multipliers but the 
linear-phase realization requires only four multipliers. Similarly for the length eight FIR filter 
the direct form structure needs eight multipliers and the linear-phase realization needs only 
four multipliers.

4.4.2.6 Polyphase FIR Structures
For  realization  of  parallel  form  structures  the  transfer  function  of  the  FIR  filter  is 
decomposed using poly phase decomposition. The transfer function of eighth order causal 
FIR filter can be written as:

H (z)=h[0]+h [1] z−1
+h[2]z−2

+h [3] z−3
+h[4 ] z−4

+h[5] z−5
+h[6] z−6

+h [7 ]z−7
+h [8 ]z−8 .

(4.4.16)

This transfer function can be further simplified by decomposing in further into two parts, 
one part will have even coefficients and other part will have odd coefficients.

H (z )=(h[0]+h[2 ] z−2+h [4] z−4+h[6] z−6+h [8] z−8)

+(h[1] z−1+h[3] z−3+h [5] z 5+h[7] z−7)
. (4.4.17)

and 

H (z )=(h[0]+h[2 ] z−2
+h [4] z−4

+h[6] z−6
+h [8] z−8

)

+ z−1
(h [1]+h[3] z−2

+h [5] z 4
+h [7] z−6

)
. (4.4.18)

H (z )  can be expressed by notations as:

P0 z=h[0]h[2] z−2
h[4 ] z−4

h [6 ]z−6
h[8]z−8 , (4.4.19)

and

P1 z=h [1]h[3]z−2
h[5 ]z−4

h[7] z−6
 . (4.4.20)

Expressing H (z )  in terms of above notations the expression becomes:
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Figure 4.4.14: Linear phase FIR using type II FIR structure.
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H  z =P0 z2 z−1 P1 z2 . (4.4.21)

The decomposition of H (z ) presented above is known as polyphase decomposition. The 
sub filters in the transfer function after polyphase decomposition are also FIR filters and 
can be designed by using any structures discussed earlier [4].

4.5 Comparison of FIR and IIR Digital Filters 

An IIR filter is a mathematical structure and doesn't contain any electrical components like 
resistors and capacitors. Yet careful studies are required to determine the performance of 
the IIR filter structure. It is therefore free from problems like device tolerance that analog 
filters suffer from. In certain cases the theoretical input and the coefficients need to be 
rounded off to achieve hardware related accuracy.  Table 4.5.1 shows the comparison of 
FIR and IIR digital filters.

Property IIR Filters FIR Filters 

Zero input Limit cycles Might produce Cannot produce

Data path related precision More precision required Need less precision

Complexity in terms of 
computations

Less computations More computations

Fixed point structures Complex implementation Easy and simple 
implementation

Stability Stable in some cases Always stable

Phase Difficult to control Linear phase possible

Order less more

Historical background Derivation from analog filters No analog background

Table 4.5.1: Comparison of FIR and IIR digital filters[5].

Finite word effects put the limitation on the implementation of certain theoretical structures 
directly. These kind of limitations introduce instability in the IIR filter structure. To avoid 
these problems and complexity the higher order IIR Filter structures are designed by using 
lower order sub filters. In  Z  domain the system is referred as stable when all its poles 
exist within the unit circle. In FIR filters the poles of the transfer function are located on 
origin so FIR's are considered to be stable filters as compared to IIR structures.

IIR filters require feedback so their output is highly effected by the round off errors whereas 
in FIR filter there is only feed forward path and they are less sensitive to round off noise. 
For applications which are sensitive to phase the linear phase FIR filters can be utilized. 
Constant integer delays or fractional delays can be introduced only by using FIR filters. 

Quantization introduces the special form of instability in the system which is referred as 
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limit cycles. These are highly non linear [6].

4.6 Canonic and non Canonic Structures
In  canonic  digital  filter  structures  the  order  of  the  filter  equals  the  number  of  delay 
elements in the block diagram representation. In non canonic structures the number of 
delays are not equal to the order of the filter. A non canonic structure is shown below. The 
difference equation can be written as:

y [n]=−d1 y [n−1] p0 x [n] p1 x [n−1] . (4.6.1)

This is the first order filter but it requires two delays.  Figure 4.7.1shows the Nancanonic 
digital filter structure.

4.7 Finite Impulse Response Digital Filters 
As explained earlier FIR filters have finite impulse response. If the order of the filter is N , 
then the impulse response of such filter will exist for N +1 samples and will decay to zero 
after these samples. The impulse response of FIR filter is given by the equation (4.7.1).

h [n]=∑i=0

N
bi [n−i ]=bn  for n=0,1,. ... N , (4.7.1)

Where bn  is the set of coefficients for the FIR Filter. The transfer function of the filter can 
be obtained by taking the z -transform of the impulse response.

H  z =Z h [n]=∑n=−∞

∞

h[n] z−n
=∑n=0

N
bn z−n . (4.7.2)

FIR filters are also called all zero filters because they do not contain any poles in their 
transfer function.

4.7.1 Time Domain Implementation of FIR Filters
In digital domain, the digital filters can be realized easily by using the difference equations. 
By taking the z -transform of the transfer function, a linear constant coefficient difference 
equation can be obtained. The difference equation for the Linear time invariant system can 
be written as:

yn=−a1 yn−1−a2 yn−2−−an yn−Nb0 xnbM xn−M . (4.7.3)
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Figure 4.7.1: Noncanonic digital filter structure.
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The equation  (4.7.3) shows how the computation of output from the past outputs, past 
inputs and present input. Rewriting the equation (4.7.3) we get:

yn=−∑
k=1

N

ak yn−k∑
k=0

M

bk xn−k  (4.7.4)

where ak and bk are real ak and bk are the coefficients for the feedback and feed forward 
path respectively. In case of FIR filters ak=0 . The larger of N and M will be the order of the 
filter.

4.7.2 Design Methods for FIR Filters
For  designing  a  filter  certain  frequency  requirements  are  specified.  To  fulfill  these 
requirements  a  set  of  coefficients  is  required  as  shown  in  the  difference  equation 
description.  Given  the  frequency  specifications,  there  exists  a  number  of  methods  to 
determine the suitable set of coefficients. Some of these methods are describe in sections 
4.7.2.1, 4.7.2.2&4.7.2.3.

4.7.2.1 Window Design Method 
The basic principle of window design method is to combine an infinite impulse response 
with  a  window function  to  get  a  finite  impulse  response.  This  finite  impulse  response 
posses all the required characteristics of the filter. The infinite impulse response can be 
obtained in many ways for example it can be derived from a mathematical equation or the 
infinite impulse response from the ideal IIR Filter can also be utilized for this purpose. It 
can  also  be  obtained by  sampling  the  impulse  response of  analog filter.  The window 
function that will be combined with the impulse response should be non-zero during the 
required interval only. Consider a simple rectangular window function defined as 

w [n ]={1, if N1nN2
0 , else } . (4.7.5)

Consider the ideal impulse response h [n] of an IIR filter. The finite impulse response will 
be obtained by following relation.  So h [n] will  be a finite impulse response with length 
being  the  difference  of  two  lengths (N 2−N 1) .  The  multiplication  in  the  time  domain 
corresponds to the convolution in the frequency domain. To get the time domain version of 
the above relation the Fourier transform of the two multiplicands will be convolved. The 
Fourier transform of rectangular window is of sin (x)/ x type. It is infinite so it means that it 
will exceed the required specifications. To overcome this problem window functions other 
than rectangular window can also be used. There is variety of other window functions. 
Kaiser window, hamming window, Hanning window and Blackman window are some of 
these window functions. Windows with continuous time domain response are better to use. 
Also they should have low side lobes in their frequency response. The width of transition 
band will be increased due to less ripple. To control the width of the transition band the 
length of the filter can be increased.

The main characteristic of window design method is that it provides equal transition band 
on  both  sides  of  the  specified  cutoff  frequency.  The  peak  approximation  error  is  not 
dependent on the order of the filter. It can be calculated by the shape of the window used. 
Window method provides the same peak approximation error in passband and stopband of 
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the filter.
Suitable window function can be specified by the data given in the Table 4.7.1.

Window Mainlobe Mainlobe/Sidelobe(dB) Peak20log10δ(dB)

Rectangular 4π/ M -13 -21

Hanning 8π/ M -32 -44

Hamming 8π/ M -43 -53

Blackman 12π/ M -58 -74
Table 4.7.1: Window functions.

4.7.2.2 Frequency Sampling 
In frequency sampling H [k ] is obtained by sampling the frequency response of an ideal 
filter.

H [k ]=H e jw
∨

w=
2⋅⋅k

N

=H e j
⋅2

⋅k
N

, k=0N−1 . (4.7.6)

Now the inverse Fourier transform of the H [k ]  will give the impulse response of the filter.

h [n]=
1
N
⋅∑

k=0

N −1

H k ⋅e
j⋅ j⋅2⋅⋅k⋅n

N . (4.7.7)

The z-transform of h[n] will  give H  z and from that H  z we can extract the coefficients 
required for filter design. Because the ideal impulse response is used to design the filter, 
the filter will show the ideal response at sampling points but in between these points some 
non ideal response can also occur which will overshoot the specifications.

4.7.2.3 Filter Design by Optimization
This method covers various techniques that are described below in detail.

1. Least Square Method 
In least square method the amplitude function of the Linear phase FIR filter is used 
to get the desired frequency response by following relation:

E =W [H d−H ] . (4.7.8)

Where  W (ω)  can  be regarded as the  weighing  function.  Weighing function  allows to 
define  the  approximation error  between several  bands.  Taking the integral  of  weighed 
square error in frequency domain gives: 


2
=∫E2

∂ . (4.7.9)

It is assumed that the order and type of filter are predetermined. Only requirement by the 
above relation is to generate a set of coefficients that will give the minimum value of ε2 .It is 
not necessary that by the determined set of coefficients the specifications will be fulfilled 
completely. In order to ensure that all the specifications are achieved. Hit and trail method 
is required to determine the best choice of set of coefficients.

2. Equiripple Design Method
The method of determining the coefficients by least square technique does not always give 
the required results. Better results can be achieved by reducing the error in each band.
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=max∣E ∣  (4.7.10)

This method will reduce the maximum amplitude of the ripple in all required bands. This 
approach defines the fixed order for the filter. 

minH d
max∣E ∣  (4.7.11)

The filter designed by this method will be an equiripple filter.

3. Parks-McClellan Method 

This  method  uses  Remez  exchange  algorithm.  It  determines  the  set  of  equiripple 
coefficients.  This  method  requires  the  frequency  response,  order  of  the  filter  and  the 
weighing  function  for  errors  to  compute  coefficients.  The  algorithm then  provides  the 
coefficient set that shows the least deviation from the ideal  behavior of  the filter.  This 
method provides coefficients that give the closest of the required frequency response. This 
method is very easy to use.

4.7.3 Elements of Digital Filters
The digital filters are usually made up by adders, multipliers and delays.

Adder and Multiplier: Figure 4.7.2 shows the adder and Figure 4.7.3 shows the multiplier.

Delay: These components are used to access past and future values in any sequence. 
Positive delay Keeps the present value of  input for  one sample duration.  Figure 4.7.4 
shows the negative delay.
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Figure 4.7.2: Adder.
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Figure 4.8.1 shows the positive delay (“advance”): 

4.8 Digital Low Pass Filter 
A low-pass filter is a system whose magnitude attenuates with the increase in frequency. It 
passes only low frequency signals and attenuates signals that have frequencies higher 
than the cutoff frequency. Cutoff frequency is the frequency at which the filter's frequency 
response drops by 3 dB below the pass band. At cutoff frequency the filter does not block 
the undesired frequencies completely but it is the frequency at which the filter starts to 
block the frequencies. The amount of attenuation for each frequency is not constant. It 
varies from filter to filter.

4.8.1 Ideal Low Pass Filter
An ideal  low-pass filter  removes all  frequencies  higher  than the  cutoff  frequency.  The 
frequencies below the cutoff frequency are passed unaffected. It is also called a brick wall 
filter. The frequency response of this kind of filter is a rectangular function. Real filters have 
a transition region while in case of ideal filters there is no transition region. To realize an 
ideal low-pass filter in the frequency domain mathematically we can multiply a signal by 
the  rectangular  function.  In  the  time  domain  we  can  get  the  same  realization  by 
convolution of the signal with its impulse response.  The frequency response of filters is 
divided into amplitude and phase response. The amplitude plot of a filter shows the extent 
to which the real filter approximates the ideal filter. The frequency response of an ideal low 
pass filter is shown in Figure 4.8.2.

68

Figure 4.7.4: Negative delay.
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However, it is not possible to realize the ideal filters. The ideal filter realization needs the 
signals that are infinite in time. It's approximation needs to be performed on real signals 
because the sinc function covers all the regions with previous and future times. In order to 
do convolution this filter design needs infinite delays or information of all (infinite) previous 
or future values. To realize this filter for digital signals, the signals should be pre recorded. 
To get the previous and future values of the signal, the signal can be repeated several 
times. Zero extension can also be done to represent the future or past values of signal.

4.8.2 Practical Low Pass Filter
Real  Time filters  use the impulse response that  exists  for  a  finite  time duration (finite 
impulse response). One way to get the finite impulse response from the infinite impulse 
response is truncation. To implement this kind of filter, input signal needs to be delayed for 
a particular period of time, so that some future values can also be approximated. Accuracy 
and delay seems proportional for these kind of implementation. For implementing more 
accurate filter, longer time delay is required [6].

4.9 Second Order Low Pass Filter 

For the all-digital PLL initially the second order FIR digital filter has been designed. This 
filter is fully generic in the sense that any set of coefficients can be used for multiplication. 
The choice of coefficients depends upon the required frequency response. The maximum 
size of coefficients in this implementation is binary eight bits. To design a second order 
filter three coefficients are required. The filter has been implemented in both Cadence and 
MATLAB. The general structure of the second order filter is shown in Figure 4.9.1.
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Figure 4.8.2: Frequency response of an ideal low pass filter.
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The reference frequency of the ADPLL is 54 MHz so the filter is designed such that it 
passes low frequency components (below half the sample frequency) and blocks all other 
components. The filter coefficients are selected such that the desired frequency response 
is achieved.

4.9.1   MATLAB Implementation
In MATLAB first the suitable set of coefficients is determined by using the filter design tool. 
The input to filter is also eight bits. In MATLAB this filter is implemented using difference 
equation. The current output of the filter can be computed by the previous output, current 
and previous input from time to digital converter. MATLAB filter design tool showed that it 
is direct form II, stable filter. The frequency response of the second order filter shown in 
Figure 4.9.2.
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Figure 4.9.3: Pole zero plot for second order filter.Figure 4.9.2: Frequency response for second order filter.

Figure 4.9.1: Second order filter structure.
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The pole zero plot plotted for second order filter is shown in Figure 4.9.3.

4.9.2 Cadence Implementation
To implement the filter in Cadence, adders multipliers and delay elements are required. 
The coefficients of the filter were determined through MATLAB. Because these coefficients 
are in decimal format, they can not be fed directly to the multipliers. A binary equivalent 
was  determined  for  each  of  the  coefficients.  For  the  particular  set  of  coefficients 
determined for this filter, it is not possible to represent them in less than eight bits. So each 
coefficient  has its  eight  bit  binary representation.  To check the accuracy of  the binary 
representation, a MATLAB script was written in which the input and its past values are 
summed up after multiplication by the respective binary coefficients. The following graph 
shows the  outputs  from the  binary  equivalent  coefficient  system and the  system with 
original coefficients.

It can be seen from the  Figure 4.9.4 that the error in accurate implementation and the 
approximated coefficient implementation is very small for the samples. Desired filter was 
designed in Verilog-A to check the performance. The multiplication by a certain number 
can be achieved by shifting that number. For large binary number several shift operations 
are required and the sum of all the shifts give the required output. In this filter design the 
equivalent shifts were determined for all the three coefficients to be multiplied by the input. 
Then the summation of all  these shift operations provides the desired output. The filter 
generates 16 bit output. This implementation is Q(9.7) system with nine bits in integral part 
and seven bits in fractional part. The number of bits and the part of the filter output (integer 
or  fraction)  that  should  be  utilized  to  trigger  the  DCO  is  dependent  upon  the 
implementation  of  the  DCO.  The  output  of  the  filter  in  Verilog-A was  verified  by  the 
MATLAB script.

At the schematic level the most crucial part of the implementation is to achieve a generic 
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and accurate filter structure with minimum number of adders and small size of multipliers. 
The input is eight bit and the coefficient is also eight bit so 8bit×8bit Array multipliers are 
required.  The  output  will  be 16 bits.  The  array  multiplier  was  designed  to  perform the 
8bit×8bit unsigned multiplication. Different multiplication implementations are discussed in 
section 4.9.2.1.

4.9.2.1 Array Multipliers
Consider the simple sequential multiplication of four bit numbers. Let the multiplicand be 
A=a3 a2a1a0 and  the  multiplier  is B=b3 b2 b1 b0 .  The  product  is  represented  as
P=p7 p6 p5 p4 p3 p2 p1 p0 .  In simple sequential scheme an 8  bit adder is used to calculate 

partial products. If b0 is one then the A will be added to the initial (all zeros) partial product. 
And if b0 is zero then zero is added to the initial partial product initialized to zero. Next is bit 
b1 . If b1 is one then 2⋅A is added to the partial product. Multiplication by a number can be 
created by shifting the number. For multiplication by two, A will be shifted left one time. 
Next if b2 is also one, 4⋅A will be added to already calculated partial product. To multiply by 
four a number is shifted to left twice. If b3 is also one then A will be shifted left to get 8⋅A
and this value will be added to the partial product. The sequential approach is very slow 
because an eight bit adder is used to generate all additions and the output. To speedup 
the multiplication process multiple adders can be used. At each level a four bit adder can 
be used to calculate the partial products. As the multiplication goes on the least significant 
bits remain unaffected so they can be passed directly to the output [7].

An even faster multiplier can be designed using array multiplier. An array multiplication is 
the process in which array of same cells produce the partial products and performs its 
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Figure 4.9.5: 4x4 array multiplier.
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accumulation at  the same time.  Results  can be produced very quickly  by using array 
multipliers. Also, the result from the adders at the each stage can be stored and passed as 
input to the next stage. Disadvantage is that very large number of gates are required to 
implement the array multiplier. Consider the previous example in which the multiplier is
A=a3 a2a1a0 and B=b3 b2 b1 b0  The initial partial product P0 will be generated by doing the 

AND of b0 with each bit of A . The partial product will be Po=a3 b0 a2 b0 a1 b0 a0 b0 . The partial 
product one will be generated by taking the AND of b1 with all the elements of A . Similarly 
all the partial products can be generated by the AND operation. The circuit that performs 
all the calculations is arranged in array. There will be mn sums generated by the mn AND 
gates in parallel. For an n×n array multiplier, nn−2 full adders, n2 AND gates and n half 
adders are required[7]. Worst case delay will be then 2n1t d .The design of 4×4 array 
multiplier is shown in Figure 4.9.5.

In the second order filter 8×8 Array multiplier is required. Size of 8×8 Array multiplier is 
very big and there are more chances of error in this kind of big design. Also, to make the re 
utilization of the components possible, 4×4 Array multipliers are used to make 8×8 Array 
multiplier. The design of 8×8 Array multiplier shown in Figure 4.9.6.
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Figure 4.9.6: 8x8 multiplier using 4x4 multipliers.
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Figure4.9.7 shows the mathematical  technique used to create an 8×8 multiplier  from a 
4×4 multiplier. Using this method, filters with less or more number of bits can also be 
designed. For the second order filter there are three coefficients and three such multipliers 
are used for the input multiplication with the coefficients. Layout area of the second order 
filter is estimated to be 200.665 µm×90.32 µm .

Component Gate count

Xor gates 37

And gates 128

Half adders 48

Full adders 176

Delay elements 16

Total 40

Table 4.9.1: Gate count for second order filter.
The multiplier cost for only multiplier is quite high and there are three coefficients in the 
filter and each of them is multiplied by the input so the total hardware cost becomes three 
times.
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Figure4.9.7: 8x8 multiplier using 4x4 multipliers.
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4.10 Third Order Digital Low Pass Filter

Though the second order filter is fully generic and accurate but it requires large hardware 
and layout area which makes it quite impractical from hardware optimization point of view. 

In  order  to  reduce  the  cost  of  adders  and to  reduce  the  size  of  multipliers,  a  set  of 
coefficients with less number of bits was determined that produces the required frequency 
response.  Iterative  MATLAB  simulations  revealed  that  it  is  possible  to  get  the  same 
frequency response and filtering by increasing the number of coefficients and using fewer 
bits  for  their  representation.  Increasing the number of  coefficients  means increase the 
order  of  the  filter.  Since  increase  in  the  order  of  the  filter  saves  a  lot  of  hardware, 
computation  cost  and  simulation  time,  finally  a  third  order  filter  with  same  frequency 
response is designed. The frequency response of the third order filter is shown in Figure
4.10.1.

This  third  order  filter  can be termed as  semi  generic  filter  as  the  coefficients  can be 
represented  in  two  bit  binary  number  only.  The  accuracy  of  filter  was  determined  by 
implementing the same filter in MATLAB. The maximum error percentage was acceptable.
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Figure 4.10.1: Frequency response of third order filter.
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Also, MATLAB filter design tool showed that it is direct form II, stable filter. So this filter is 
implemented in Cadence. The pole zero plot of the filter is shown in Figure 4.10.2.
The Figure 4.10.3 shows the Cadence implementation of the third order filter

In  this  implementation 8bit×2bit Array  multipliers  are  used.  This  filter  generates 12 bit 
output in Q(10.2) format. It has ten bits in integer part and two bits in fractional part. Total 
hardware used in shown in Table 4.10.1.
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Figure 4.10.2: Pole zero plot for third order filter.

Figure 4.10.3: Third order filter.
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Component Gate Count

Delay elements 24

Xor gates 40

Full adders 58

And gates 64

Half adders 8

Total Components 194

Table 4.10.1: Gate count for third order filter.

Estimated layout area for the third order filter is 70.385 µm×48.485 µm . The cost for one 
8bit×2bit multiplier is less as compared to 8bit×8bit Array multiplier. In third order filter the 
number of  multipliers  has increased but  because the cost  of  multiplier  is  very less so 
overall  hardware  cost  is  less.  Also,  the  layout  area  is  reduced  to  more  than  half  as 
compared to the second order filter with same frequency characteristics.

The tradeoff in this implementation is that it is not fully generic and comparatively less 
accurate than second order filter.

4.10.1 Variant of Third Order Digital Low Pass Filter
In all-digital PLL the reference frequency is 54 MHz. To make the simulations even faster 
and save more hardware a hard coded variation of the above explained third order filter 
has been designed and implemented. This implementation works perfectly for the 54 MHz 
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Figure 4.10.4: Third order filter with fixed coefficients.
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all-digital PLL. As mentioned above, multiplication operation can also be implemented by 
shifting and adding the inputs. For this implementation the amount of shifts is determined 
through MATLAB. The filter  is  first implemented in MATLAB. In this implementation no 
multipliers are used. The input is delayed as shifted and then summed up at the end. 
Figure 4.10.4 shows the third order filter with fixed coefficients.
The size of each adder is increased by one bit at each level to avoid overflow. The layout 
estimation of this implementation is 56µm×24µm .  Table 4.10.2 Shows the gate count for 
fixed coefficient third order filter.

Component Gate Count

Delay 
elements 

24

Xor gates 40

Full adders 34

Total 98

Table 4.10.2: Gate count for fixed coefficient third order filter.

This filter uses even less components then the generic third order implementation. But 
ofcourse this filter has a big limitation that it can be used only for the particular reference 
frequency and coefficients are not scalable. But it fulfills the filtering requirement for the 
54MHz reference frequency with almost accurate results.

4.11 Multiplexer Based Digital Low Pass Filter
To reduce the cost  of  adders a multiplexer  based multiplier  has been implemented in 
MATLAB. The basic idea behind this multiplier is that if we fix the coefficients to be four bit 
wide only then we will have sixteen possibilities of the coefficients. As discussed earlier 
any multiplication can be implemented using the shift and add operations. So this multiplier 
is implemented using same approach.
Instead of multiplier a 16×1 mux will  be used. For all  the sixteen possible patterns the 
amount of shift has been determined. The input to multiplexer will be shifted depending 
upon the coefficient value selected by the select line. The output will be same as the input 
is directly multiplied to coefficient by using a multiplier. The input to filter is eight bit word. 
For third order filter four coefficients are required so four of these multiplexers will be used. 
The implementation looks very simple and the multiplier is completely removed from the 
logic.  But  the  MATLAB  implementation  showed  that  though  the  number  of  adders  is 
decreased but the size of adders is increasing at each stage which increases the overall 
cost of the hardware. This approach is not implemented in Cadence.
Table 4.11.1 Shows the shift operations for the corresponding multiplication factor.
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Binary 
coefficient 

Required shift operation 

0  -

1 Input remains unchanged

10 Input<<1

11 Input<<1 + Input

100 Input<<2

101 Input<<2+Input

110 Input<<2 + 2*Input

111 Input<<2+3*Input

1000 Input<<3

1001 Input<<3+ Input

1010 Input<<3+ 2*Input

1011 Input<<3+ 3*Input

1100 Input<<3+ 4*Input

1101 Input<<3+ 3*Input +2*Input = Input<<3+ 5*Input

1110 Input<<3+3*Input+2*Input+Input =Input<<3+6*Input

1111 Input<<3+ 3*Input +4*Input = Input<<3+7*Input

Table 4.11.1: Shift operations.

4.12  Conclusion

In an all-digital PLL, a digital loop filter is required after the TDC to remove the unwanted 
frequency components. In this thesis a digital low pass filter is implemented. This chapter 
gives a detailed introduction to the digital filter basics and their two types: FIR and IIR 
filters.  The  chapter  further  explains  the  types,  structures,  mathematical  equations  and 
advantages and disadvantages of both types of digital filters. It justifies the implementation 
of FIR filter In this thesis. Various structures and orders(mainly second and third) are tried 
and implemented during this project work. The detailed explanation of these structures, 
their pros and cons, chip area requirements, hardware  cost is explained in great detail. 
Procedures for the coefficient selection and their interpretation for the implementation are 
also explained. The second order digital FIR filter with generic coefficients, has the highest 
hardware cost and requires larger chip area but it is very accurate as compared to other 
implementations discussed in this report.
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Chapter 5 
Sigma Delta Modulator

5.1 Introduction

Sigma delta modulators (  ) are mostly used in the communication systems. They are 
completely  designed  for  the  analog  environment  and  low  frequency  measurement 
applications. The main applications are: Instrumentation process control, radar receiver, 
digital radio receiver, modern voice band, audio and high resolution precision industrial 
applications and transducer applications. The main feature of the  modulator is low cost 
conversion  method providing  high  dynamic  range  and  converting  low bandwidth  input 
signals.  A  modulator  is  mainly  used  for  analog-to-digital  conversion  (ADC).  A 
modulator has three main blocks: Loop filter (Integrator), quantizer (ADC) and a digital-to-
analog  converter  (DAC).  The  input  is  over  sampled  which  is  then  quantized  by 
quantizer and is given as input to DAC. Later the quantization noise is removed by the 
digital decimation filter.

The converter quantization error is controlled by the noise shaping filter or integrator and 
does not appear much in the bands of interest.  If  the Nyquist-Shannon theorem takes 
more samples per second than required, that process is called oversampling. A sample is 
a collection of data in a signal.  Irrespective of the earlier input samples, each sample is 
processed  individually. The  sampling  rate  ( f s )  of  the  Nyquist  frequency  is  twice  the 
maximum of input signal or highest frequency of signal bandwidth.

The Nyquist theorem states that:

f s=2⋅ f b . (5.1.1)

By  using  oversampling,  aliasing  improves  the  resolution  and  decreases  the  noise. 
Oversampling techniques achieve highest resolution. This oversampling rate is between 
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8−1024 by a higher factor.

OSR=
f s

2⋅f b

.
(5.1.2)

The ratio between sampling frequency and Nyquist frequency is called the over sampling 
rate (OSR). Digital filters are used to attenuate or reduce the signals and noise [1].

5.2 Basic Architecture of Sigma Delta Modulator
The sigma delta modulator describes the concepts of oversampling, noise shaping and 
decimation.  modulator consists of an input summer, an integrator, a quantizer and a 
DAC. The input signal comes to sigma delta modulator through the adder. Then it passes 
on to the integrator, at the integrator a ramp output is generated and then it is passed to 
the quantizer (ADC). The quantizer gives the digital output 1 or 0 . The quantizer output is 
converted to analog signal by using a DAC. This analog signal is passed again to the input 
summer. Basic architecture of sigma delta modulator is shown in Figure 5.2.1.

5.2.1 Conventional Analog-to-Digital Conversion
In general, signals are classified into two categories, an analog signal x t  and a digital 
signal x n .  An  analog  signal  is  a  continuous  time  signal,  while  a  digital  signal  is  a 
sequence  of  numbers.  Therefore  the  integer n is  defined  by  a  sampling  interval T and 
discrete time signal can be represented as x ' t  .
A conventional analog to digital  converter transforms an analog signal x t  into discrete 
time  digital  signal.  x ' t  is  quantized  into  sequence  of  finite  precision  samples x n . 
Therefore the quantization process involves an error known as quantization error.  The 
process of analog to digital conversion is represented in the Figure 5.2.2.
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Figure 5.2.1: Basic architecture of sigma delta modulator.
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Almost all the conventional A/D converters can be divided into two categories based on the 
sampling rate such as:

1. Nyquist rate converters

2. Oversampling converters

Nyquist rate converters are successive approximation register (SAR), double integration.

The analog sampling signals have maximum frequencies which are less than the Nyquist 
frequencies f s=2⋅f b ,  where f s is  sampling  frequency.  Simultaneously  oversampling 
converters achieve the sampling process at a higher rate. Where 

f b≪F s  (5.2.1)

where F s is the input sampling rate[4].

5.2.2  Quantization
The process of converting the actual input signal into a finite range of numbers is called 
quantization and the error produced by quantization is called quantization error.

The quantization error signal is due to the least significant bit's (LSB's) amplitude and it is 
very less compared to the full amplitude signals. However when the input signal reduces to 
a less value, the quantization error becomes a huge portion of complete signal. When the 
quantizer employs n-bits the number of levels available for quantization is 2n . The interval 
between successive subsequent levels is q . Therefore the relation between the interval 
and the levels is given by

q=
1

2n−1 . (5.2.2)
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Figure 5.2.2: Conventional analog-to-digital conversion process.
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q is called the quantization step size.

x n=x ' t e n . (5.2.3)

The  quantizer  output  is  the  sum  of  actual  input  sampled  signal x ' t  and  an  error 
(quantization error) component e n . If the input signal is large compared to an LSB step 
the  quantization  noise e n is  random  between  the  interval −q/2,q /2 with  equal 
probability. For example consider a 2 -bit ADC having 22=4 levels that are 0V ,1V , 2V and 
3V . The corresponding digital outputs are 00,01,10,11 . If an input of 0.75V  is applied to 
converter the corresponding output code word is 10 which corresponds to a  2V  input. 
Therefore 0.25V is the quantization error (2V−1.75=0.25V) . This error occurs during the 
quantization process as shown in  Figure 5.2.3. This error is also known as random or 
white noise [1].

Since x t =x ' t en ,  the  quantization  error  is  uniformly  distributed  over  the  interval 
−q/2, q/2 with equal probability. Here q is the quantization interval.
Therefore the noise power (variance) c

2 can be written as:

c
2=e2 . (5.2.4)

Where

1
q
∫

−q /2

q /2

e2 de=
q2

12
, (5.2.5)

and equation 5.2.5 becomes:

c=
q

12
. (5.2.6)

Where  is the expectation of an error signal. The noise of entire frequency is shown in 
Figure 5.2.4.
The noise power spectral density is given by:
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Figure 5.2.3: Quantization levels for ADC.
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N f =
q2

12
1
f s

. (5.2.7)

5.2.3 Oversampling
The  oversampling  is  more  advantageous  than  the  economical  anti  aliasing  filter.  The 
decimation is used to provide the increased resolution. In the frequency domain the input 
signal is sampled at frequency f s , such that its input spectrum is same and multiple of the 
sample rate f s like 2fs ,3f s... . Figure 5.2.5 shows the spectrum of sampled signal.

According  to  the  sampling  theorem,  sampling  frequency f s is  twice  the  input  signal 
bandwidth f b . This frequency spectrum should not overlap. An overlap will lead to aliasing 
effect. The aliasing effect demonstrates the signal distortion or noise. Figure 5.2.6 shows 
the aliasing effect where f s /2 f b .
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Figure 5.2.4: Noise spectrum of Nyquist converter.
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But from sampling theorem f s /2 f b or f s2fb .  Therefore the noise and signal distortion is 
eliminated. Figure 5.2.7 shows the signal without aliasing. 

In a full  precision quantizer,  the total  noise power for oversampling and single Nyquist 
sampler is same. The noise spectrum of oversampling converter is shown in Figure 5.3.1 
[4].
The base band noise power NB is given as: 

NB=∫
−f B

f B

f df =
2fB

F s

q2

12
. (5.2.8)

Therefore the overall noise level can be written as: 

N f =
q2

12
1
f s

. (5.2.9)

So in-band noise level can be represented by the following notation:

NB f = ∫
−q /2

q /2

N  f df , (5.2.10)
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Figure 5.2.6: Aliased signal spectrum.
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and 

NB f =
q2

12

2fb

f s

. (5.2.11)

Here 2fb/ f s represents 1/OSR and it can be represented as 1/m .

Therefore m=f s/2fb and it gives f s=m⋅2fb .

So noise power spectral density becomes: 

NB f =
q2

12
1
m

. (5.2.12)

5.3  First Order Sigma Delta Modulator

The converter has both the noise spectrum shaping and oversampling property and is 
called  sigma delta  (  )  modulator.  It  is  connected in  a −Ve feedback loop.  The 
modulator output at any time depends on its previous outputs. The sigma delta modulator 
includes mainly  these internal  parts:  An analog  difference mode,  an  integrator,  a 1 -bit 
quantizer (A/D converter) and a 1 -bit DAC (digital-to-analog converter). Consider the input 
of sigma delta as a dc voltage and suppose Vin with feed back voltage at node S is applied 
to an integrator. The output of an integrator is a ramp signal. This integrator output signal 
is quantized by the comparator which generates the digital output either zero or one. The 
output of quantizer is fed back to differential node through 1 -bit DAC. Therefore the 1 -bit 
DAC represents the value between V ref and −V ref . If the  modulator output is one the 
DAC output is switched to V ref and if the  modulator output is zero the corresponding 
DAC output is −V ref . This voltage is then applied to the differential node input of sigma 
delta. The basic first order sigma delta modulator is shown in Figure 5.3.2.
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Figure 5.3.1: Noise power spectral density of A/D converter.

N f 

−F s/2 F s/2f B−f B



LiTH-ISY-EX--12/4578--SE

5.3.1 Sigma Delta Analog to Digital Converter
In the output of sigma delta modulator a noise is added due to quantization. So the output 
of  sigma  delta  modulator  is  fed  to  on-chip  digital  decimation  filter  to  eliminate  this 
quantization noise at high frequencies. The sigma delta ADC is shown in Figure 5.4.1 [2].

5.4 Transfer function of Sigma Delta
In  general  Integrator  output  is  represented  as I z  and  the  transfer  function  of 
modulator in z -domain is given as:
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Figure 5.3.2: First order sigma delta modulator.
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Y  z=Q z I  z[ X  z−z−1Y z ]  (5.4.1)

and

Y  z=X  z
 I  z

1I Z  z−1

Q  z

1
1I  z  z−1


. (5.4.2)

 The Integrator transfer function is:

I z =
1

1−z−1


. (5.4.3)

The first order sigma delta modulator output is simplified as:

Y  z=X  z1−z−1Q z  . (5.4.4)

From equation (5.4.4)  the quantization noise transfer function (NTF) is given as: 

NTF=1−z−1 . (5.4.5)

And the time domain representation of first order sigma delta modulator is: 

Y n=X nqn−q n−1 , (5.4.6)

where q n−qn−1 represents difference equation of q n of quantizer[4].

The z-domain model of  modulator is shown in Figure 5.4.2.
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Figure 5.4.2: Z-domain model of first order sigma delta.
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5.5 Frequency Domain Characteristics
Equation (5.5.1) and equation (5.4.6) show the z-domain and time domain transfer function 
of sigma delta. The section will explain frequency domain behavior ofΣΔmodulator. Here, 
the  integrator  is  replaced  with  a  filter,  whose  transfer  function  is H (s)=1/s .  And  the 
quantizer is also modeled using a filter, whose quantization noise is q(s) , then substitute 
q s=0 . Figure 5.5.1 shows the frequency domain model of first orderΣΔ.

Y  s=[ X  s−Y  s]
1
s

 , (5.5.1)

And

Y s 
X  s

=
1/s

11/s
 , (5.5.2)

or

Y s 
X  s

=
1 /s

1s
. (5.5.3)

Equation  (5.5.3) represents the system transfer function (STF) of first order sigma delta 
modulator.
Noise transfer function (NTF) is achieved by keeping X  s=0 .

Y (s)=(−Y (s))
1
s
+q(s)

 ,
(5.5.4)

and

Y s 
X  s

=
1

11/s

 ,
(5.5.5)

and

Y s 
X  s

=
s

1s
. (5.5.6)

Equation (5.5.6) shows that the modulator acts as a low pass filter for input signal and high 
pass filter for noise [1].
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Figure 5.5.1: Frequency domain architecture of first order sigma delta modulator.
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5.6  Digital Decimation Filter

Figure 5.3.2 shows the basic sigma delta modulator followed by digital decimation filter. 
The output of  is high frequency signal. The digital filter provides a sharp cutoff near the 
band width of interest to remove the band quantization noise. It essentially removes the 
quantization noise pushed out of the higher frequencies by the modulator. Figure 5.6.1 
shows the output frequency spectrum of sigma delta modulator whose quantization noise 
is shaped out to the higher frequencies so that it increases the resolution of the digital 
output.
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Figure 5.6.1: Output of sigma delta modulator.
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The  digital  filter  acts  as  a  low  pass  filter  which  is  used  to  eliminate  the  base  band 
quantization noise and the band limited input  signal.  Figure 5.6.2 shows the output of 
digital filter with a small amount of quantization noise in the signal bandwidth. 
The digital filters are classified in to two categories: FIR filters and IIR filters. FIR filters are 
finite impulse response filters or non recursive filters and are given by:

Y n=b0 x nb1 x n−1........bN x n−N   , (5.6.1)

and Y (n)  can be written as:

Y n=bk x [n−k ]  . (5.6.2)

where k ranges from 0 to N.
Similarly IIR filter is infinite impulse response or recursive filter and is given by:

y n=
1
a0

[ bk x n−k ak y n−k ] . (5.6.3)

From equations  (5.6.2) and  (5.6.3) it can be said that in case of FIR filter the output is 
dependent on past inputs but in case of IIR filter the output is dependent on past and 
present values of inputs and outputs [1].

5.7  Decimation
Decimation is the process used in sigma delta modulator to eliminate the redundancy in 
the over sampled data at  the output.  According to the sampling theorem the sampling 
frequency f s is greater than or equal to twice the input signal bandwidth such that: 

f s2fb  . (5.7.1)

Therefore  the  sampling  theorem  tells  that  sampling  frequency  is  equal  to  twice  the 
bandwidth  and  it  is  sufficient  to  reconstruct  the  input  signal  without  noise  and  signal 
distortion.

f s=2fb  . (5.7.2)

Sigma delta modulator produces an over sampled signal which is obtained by multiplying 
the signal with a high factor  to reduce the quantization noise. Decimation process easily 
eliminates the redundant data at  output without distortion [1].
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Figure  5.7.1 shows  the  decimation  input  signal x n ,  decimation  rate y n and  output 
signal ( x n , y n ) [1].

5.8 Conclusion

This  chapter  starts  with  a  brief  introduction  of  the  sigma  delta  modulators.  It  further 
explains the general behavior and basic architecture of analog sigma delta modulators. A 
detailed description about the building blocks of sigma delta modulator is given. The use of 
sigma delta modulator in ADCs is explained in detail. General issues with the sigma delta 
modulators  like  oversampling,  quantization  noise,  are  also  explained  with  the  help  of 
figures and mathematical  equations. Towards the end of the chapter,  first  order sigma 
delta  modulators  are  presented.  Its  transfer  function characteristics and the  frequency 
domain  characteristics  are  discussed  so  that  the  reader  can  get  the  complete 
understanding of the sigma delta modulators. The need for decimation filter with the sigma 
delta modulator is also explained. This thesis doesn't focus the implementation of analog 
blocks but analog sigma delta modulator was implemented before implementing it's digital 
counter part, to get the basic knowledge of working of sigma delta modulators.
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Figure 5.7.1: Input and output of decimation.
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Chapter 6 
Digital Sigma Delta Modulator

6.1 Introduction

The digital sigma delta modulator is similar to the analog sigma delta modulator with the 
input  of  digital  sigma delta  modulator  being  digital  bits  (numbers)  only.  In  DSDM the 
quantizer is replaced by a flip-flop or a buffer and is used as a bus splitter so the same 
function can be achieved by a flip-flop and the buffer. In DSDM the input is a binary bit 
stream, therefore the binary number can be represented in different formats with positive 
and decimal  numbers.  These numbers include sign-magnitude,  one's  complement  and 
two's complement methods.

6.2 Basic Architecture 

In general, the converter which makes use of both the oversampling and noise shaping 
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Figure 6.2.1: Digital sigma delta modulator. 
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property is called  modulator and is connected in negative feedback loop. Figure 6.2.1 
shows the digital sigma delta modulator. The integral parts of DSDM consist of an adder, 
an integrator, a flip-flop and a DDC (digital to digital converter).
The DSDM takes the eight bit input i.e any number between 0  to 255  (like 00000000  to 
11111111 ). Depending on the bits and the difference between these bits, the output of 
DDC goes to the adder node. This result is then passed to the integrator. The output of 
each integration  is  then accumulated  with  input  at  next  clock  cycle.  The  MSB of  the 
integrator output is given as input to the next block. Depending on this MSB, the next flip-
flop will generate the digital output  0  or  1 . The output of the flip-flop is fed back to the 
adder through DDC. The DDC acts like a switch, between Dref and −Dref and these bits 
are fed to the adder. If the input to the DDC is 0 then −Dref is selected and when the input 
to DDC is 1 , Dref is selected. Finally the  output is 0 or 1 which means whenever the 
input bit stream is 00000000 the output is 0 and for the 11111111 the output is 1 and when 
input is 10000000 , it gives 50 % duty cycle of pulse.

6.2.1 Sign-Magnitude 
The  binary  number  in  sign-magnitude  form  can  be  signed  or  unsigned  numbers  for 
representing  the  positive  and  negative  values.  Similarly  the  eight  bit  number  can  be 
represented as 00000000, 00000001. ... etc. The most significant bit (MSB) represents sign of 
the number; if ' 0 ' it represents plus sign and when the MSB bit is ' 1 ' it represents a minus 
sign. Decimal numbers that range between −2n−1 to 2n−1  can be represented by n -
bit binary representation. If it is  8 -bit representation the decimal numbers can be in the 
range of −127 to +127 using sign-bit magnitude format. For example the eight bit number 
+9 can be represented as 00001001 and −9 as 10001001  [1].

6.2.2 1's Complement
In the 1's complement representation positive numbers are not changed and the negative 
numbers are obtained by taking 1's complement of that number. So 0's are replaced by 1's 
and 1's are replaced by 0's. For example eight bit number +9 is represented as 00001001  
and its  1's  complement  is  obtained by replacing the digits  as 11110110 .  Here decimal 
numbers  ranges  between −2n−1 to 2n−1 and  can  be  represented  by  n -bit  binary 
representation [1].

6.2.3 2's Complement
2 ' s complement form is same as the sign-magnitude representation. Zero on MSB bit 
represents the positive sign (+ve ) and one on MSB represents negative sign (−ve) . The 
rest of the bits represent the magnitude. The positive magnitudes are represented in same 
way as in 1 ' s complement and the negative magnitudes are represented same as in the 
2 ' s complement of their positive counter parts. For example, eight bit number represents 
the +9 as 00001001 where as −9 in 2 ' s complement representation is 11110111  [1].

6.2.4 Full Adder
1 -bit full adder is the heart of the classical digital adder. The full adder is a combinational 
circuit and is modeled using addition of three input bits: A , B  and Cin . It consists of two 
outputs which are sum out ( Sout ) and carry out ( Cout ). Figure 6.2.2 shows the full adder.
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Sout gives the least significant bit of the sum and the output of the carry is the carry output. 
The truth table of full  adder is shown in  Table 6.2.1. The carry output and sum output 
depends on the three inputs ( A , B and Cin ). This can be interpreted as:

• When all inputs are zero the sum is zero.
• When any of two inputs are equal to zero or all inputs are equal to one then the 

corresponding sum out is one.
• when two or three inputs are equal to one, the corresponding carry out is equal to 

one [2].

Table 7.1.1 shows inputs and outputs of the adder.

A B Cin Cout S out

0 0 0 0 0

0 0 1 0 1

0 1 0 0 1

0 1 1 1 0

1 0 0 0 1

1 0 1 1 0

1 1 0 1 0

1 1 1 1 1

Table 6.2.1: Adder inputs and outputs.

6.2.5 10 Bit Adder
In a ten bit adder, multiple adders are connected one by one with their carry input and 
carry outputs in such a way that it is possible to create a wider ten bit adder. Figure 6.2.3 
shows the general eight bit adder and for a ten bit adder we need to connect two extra 
adders side by side.
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Figure 6.2.2: Basic full adder.
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Each full adder carry output is connected to the carry in port of next full adder. Each bit of 
A ( A7 to A0 )and B ( B7 to B0 ) are fed as input to the corresponding full adder. The output 

is a collection of sum outputs S ( S7 to S0 ). However the last carry out will be connected to 
a no connection. So that the result will be 8 bit [3].

6.2.6 Delay
A delay is implemented using a D flip-flop. Therefore modeling of the integrator is done 
with a D flip-flop. The normal operation of a D flip-flop is such that whenever the clock is 
rising whatever data is there at input for single clock cycle, it is sent to the output. Figure
6.2.4 shows the delay block.

6.2.7 Integrator
Figure 6.2.5 shows the ten bit integrator diagram. The Integrator involves the ten bit adder. 
The output of each integrator is added with input at next clock cycle. In integrator the MSB 
bit is sent as input to the block next to it. And rest of the LSB bits are fed back to adder 
through delay block.
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In ten bit adder the carry out is not always connected to the output. So the input of adder is 
ten bits and the output is also ten bits. The MSB bit is connected to a D flip-flop as shown 
in Figure 6.2.6. The D flip-flop frequency depends on the clock signal. The output is either 
0 or 1 ; this is the final  modulator output.

6.2.8Digital to Digital converter
A DDC is the digital to digital converter which means that both the input and output of DDC 
is a digital bit. Therefore the schematic of the DDC is implemented using multiplexer. In 
general a multiplexer operation consists of selecting one of the input lines with the help of 
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Figure 6.2.5:Block diagram of an integrator.
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a selection line. A multiplexer block diagram is shown in Figure 6.2.7. 
A multiplexer is a denominational circuit that selects only one binary information out of 
multiplexer  inputs.  Therefore  the  selection  of  particular  one  output  depends  on  the 
selection line. If it is zero, input corresponding to zero will appear at the output and if it is 
one, input corresponding to one will  appear at output. Therefore the multiplexer has 2n

input lines and one output. This is called as multiple input lines to one output line.
In schematic DDC is implemented using a multiplexer. The inside of DDC is implemented 
with 10 multiplexers which generate 0−255 output levels as shown in Figure 6.2.8.

Therefore at the DDC input zero it will select −255 as output ( 1100000001 ), if the DDC 
input is one it will select zero as output ( 0000000000 ).  Figure 6.2.9 shows the digital to 
digital converter.

6.2.9 Fractional Divider
The block diagram of divider is shown in Figure 6.3.1. The N / N +1 divider will act at two 
different frequencies. When the  output is zero, the divider divides DCO frequency with 
N . That is given by relation

Fdivider=N⋅FDCO . (6.2.1)

When the  output is one, the divider divides DCO frequency by N +1 . That is given as:
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Figure 6.2.8: Schematic of DDC.
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Fdivider=
1
N
⋅FDCO

.
(6.2.2)

Finally the divided frequency will be sent as input to the TDC.

6.3 Conclusion

The chapter starts with an introduction of the digital sigma delta modulators. In this thesis 
a first order digital  sigma delta modulator is implemented and discussed. Digital sigma 
delta modulator is used with a fractional divider, to provide a fractional division ratio. The 
discussion advances with  the  detailed  description of  the  architecture  of  the first  order 
digital  sigma  delta  modulator.  The  individual  components  of  the  digital  sigma  delta 
modulator  like  adder,  digital-to-digital  converter  and integrator  is  discussed.  A detailed 
overview of the functionality and the method of selecting suitable bits for each component 
is also given. For better understanding of the reader all the mathematical techniques and 
calculations used in design are explained in depth.
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Figure 6.3.1: Block diagram of divider.
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Chapter 7 
 Fractional Divider

7.1 Introduction

Frequency divider is one of the most important blocks for the ADPLL synthesizer widely 
used in radars and digital communication. There are many options available for dividing 
the frequency, which are dependent on the application. The simplest divide by 2 circuit is 
shown in Figure 7.1.1. The binary divider for frequency division or a "divide-by- 2 " counter 
is implemented with a D flip-flop.  The divide by 2 circuit is implemented with a D flip-flop. 
The feedback is given by connecting the inverted output terminal Q  (NOT-Q) directly back 
to the data input terminal D .
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Figure 7.1.1: Divide by 2 circuit with D flip-flop.
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Figure 7.1.2 shows the output waveform of divide by 2 circuit. As seen in the figure when 
the feedback is present at  the output  from Q to the input  terminal D ,  the frequency of 
pulses at the output are exactly one half of the input clock frequency. Hence it divides the 
input frequency by a factor of 2 because the circuit produces divided frequencies.  Since 
the output of a D flip-flop is fed back to the data input the circuit acts as a divide by 2  
circuit. As the number of D flip-flops has increased the dividing ratio also increases [1].

7.1.1 D flip-flop
The D flip-flop  is  a  delay  flip-flop.  It  consists  of  data  and  clock  inputs  and Q and Q ' s  
compliment output. Here, the D flip-flop output is followed by the input with a delay of one 
clock cycle. The D flip-flop is shown in Figure 7.1.3.

The D flip-flop is designed using NAND gates. The schematic of D flip-flop is same as a
SR flip-flop. The only difference is that SR latch has two separate inputs but in D flip-flop
SR inputs are connected and one input is given as D and its compliment is connected to 
other NAND gate input. The D flip-flop has two inputs, D (Data) and Clk (clock). This is a 
positive edge triggered flip-flop. Figure 7.1.4 Shows the schematic of D flip-flop [2].
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Figure 7.1.2: Waveform of divide by 2 circuit.
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The truth table of D flip-flop is shown in Table 7.1.1.

Clk D Q

0 x No change
(previous state)

1 0 0 (Reset)

1 1 1 (Set)

Table 7.1.1: Truth Table for D flip-flop

The D flip-flop works as follows: When the input Clk of the D flip-flop is a rising edge of 
clock, the data at the input of D appears at the output terminal Q  and the inverted output 
appears at Q terminal. When there is a falling edge at the input Clk of the flip-flop then 
there is no change in the output terminal Q ,  hence implying there is no change in the 
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Figure 7.1.4: Schematic of the D  flip-flop.

D

Clk

Q

Q

Figure 7.1.5: Output waveform of D flip-flop.

Clk

DATA

Output
Q



LiTH-ISY-EX--12/4578--SE

state. The output waveform of D flip-flop is shown in Figure 7.1.5.

7.2 Fractional N/N+1 Divider

High speed N /N1 divider is designed with two integer dividers, one is divide by N and 
other  is  divide  by N +1 frequency  divider.  This  high  speed  divider  operates  at  same 
frequency as that of DCO. The N /N1 divider consists of a divide by 2 /3 dual modulus 
prescalar synchronous counter, main counter, a divide by 16 fixed asynchronous counter 
and a pulse swallow counter which is programmable and has the necessary control logic 
required to operate divider. The architecture of N /N1 divider is shown in Figure 7.2.1.

The prescalar divides by either N or N1 depending on the modulus control.  The Main 
counter always divides the output of the prescalar by p ,  and a pulse swallow counter 
divides the prescalar output by S . Since S is obtained from the selection lines of a swallow 
counter (which gives digital bit), it can vary from 1 to maximum number of channels. 
Here the value S is externally controlled and depends on selection line. As observed SP . 
When the modulus control is set to high the prescalar divides the oscillator frequency by 
N +1 . So the two counters count down with the prescalar output until swallow counter 

reaches  zero.  When S=0 ,  the  modulus  control  signal  is  set  to  low.  So  the  prescalar 
divides the oscillator frequency by N . At this point the full CMOS process will begin and 
the two counters will be reset. During the whole process the prescalar divides the oscillator 
frequency S time by (N +1) and (P−S ) time by N . The total division ratio factor is given as:

M=N1SN P−S . (7.2.1)

M=NPS . (7.2.2)
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Figure 7.2.1: N / N +1 divider architecture.
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where

M is the required division ratio.

N /N +1 is the dual modulus 2 /3 prescalar.

P is the fixed counter i.e divide by 16.

S is the programmable swallow counter.

When synthesizer is locked, the output frequency of the DCO is:

f osc=Nf ref . (7.2.3)

f osc=VPS f ref . (7.2.4)

Therefore the total  output  frequency of  the  DCO is  controlled by the  swallow counter 
programmed value S . The control logic of divider is shown in Figure 7.2.2 [3].

The individual blocks of N /N +1 divider are described below:

1. Main counter

2. Prescalar

3. Pulse swallow counter
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Figure 7.2.2: Control logic of swallow counter.
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7.2.1 Main Counter
A main counter is also a divider circuit, which will divide by a fixed ratio of 16 . It is an 
asynchronous counter i.e the clock is not same to every D flip-flop; the output of the D  flip-
flop is fed to next D flip-flop's clock terminal. Like the D flip-flop operates as a divide by 2  
circuit. When Q is used as a feedback to data input, divide by 2 is achieved. So an iterative 
connection of four D flip-flops where the output of one flip-flop is fed as input to the clock of 
next flip-flop, divide by 16 is achieved. The block diagram of divide by 16 circuit is shown in 
Figure 7.2.3.

7.2.2 Prescalar
The prescalar is a combination of two divide by two dividers and thus it makes the total 
division ratio varies between two and three. The block diagram of 2 /3 prescalar is shown in 
Figure 7.2.4.

The 2 /3  prescalar, simply made up of two d flip-flops together with OR and an AND gate. 
The  output  of  the  AND  gate  is  connected  to  next  flip-flop.  This  prescalar  operation 
depends on the MC signal, when MC is high it acts like divide by 2 circuit, when MC is low it 
acts like divide by 3 circuit [4]

7.2.3  Swallow Counter
The  swallow  counter  uses  four  programmable D lip-flops.  The  swallow  counter 
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Figure 7.2.4: Block diagram of prescalar 2 /3 .
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programming is achieved by logic circuitry, which will decide the value S of the counter. 
This S value varies between 0 to 15 , after that it starts descending to zero. When the value 
reaches zero then the counter gets initialized again, as its starts counting it will do more 

operations.  The initial  counter  value  is  loaded I a Ib I c
I d .  The architecture  of  swallow 

counter is shown in Figure 7.2.5.

The control  logic  is  implemented basically  using  a multiplexer  and D flip-flop output  is 
given as input to OR. The control logic is shown in Figure 7.2.2. Analyzing control logic, if 
the four  D  flip-flops output is zero, then OR output is also zero. The swallow counter 
begins and I A I B IC I D get charged, then the OR output goes high and the counter selects 
(N +1) prescalar (divided by 3). The multiplexer decides which signal will go to the swallow 
counter clock. When  /lo signal  is  high the prescalar output is  sent to the clock of  the 
swallow counter. When the swallow counter goes down, the prescalar starts dividing by N
(divided by 2). When /lo is zero the multiplexer selects the main counter output as clock to 
the swallow counter. The next phase continues only when /lo becomes low and it initializes 
the data and counting starts again. Therefore the frequency is divided by (N +1)  times S
and N times by (P−S ) [3].

For example divide by 39 can be achieved by setting

I d , I c , Ib , Ia=0111=S=7  (7.2.5)

Dividing ratio 

M=3729=39 . (7.2.6)
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Figure 7.2.5: Basic swallow counter architecture.
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For divide by 40 set

I d , I c , Ib , Ia=1000=S=8  (7.2.7)

Dividing ratio

M=3828=40  (7.2.8)

According to the specifications the ratio must be N /N1 . When sigma delta output is zero 
it will divide by 39 . When sigma delta output is one it will divide by 40 .
Programming of swallow counter is given below in Table 7.2.1.

I d I c Ib I a S / M

0 0 0 0 0 32

0 0 0 1 1 33

0 0 1 0 2 34

0 0 1 1 3 35

0 1 0 0 4 36

0 1 0 1 5 37

0 1 1 0 6 38

0 1 1 1 7 39

1 0 0 0 8 40

1 0 0 1 9 41

1 0 1 0 10 42

1 0 1 1 11 43

1 1 0 0 12 44

1 1 0 1 13 45

1 1 1 0 14 46

1 1 1 1 15 47
Table 7.2.1: Programming swallow counter.

7.3 Conclusion
This chapter provides an in sight to the requirement of fractional divider in an all-digital 
PLL. Depending upon the requirements of this thesis, a fractional divider with a variable 
dividing ratio  of 39/40 is  implemented.  The architecture of  the fractional  divider  and its 
functionality is discussed in detail. Fractional divider is composed of several components 
like  swallow  counter,  main  counter  and  prescalar.  A  complete  description  of  the 
architecture and functionality of each of these counters is provided. The control signals, 
required to control the functionality of the divider, are also explained in tabular form so that 
it  becomes clear to the reader.  The figures are self-explanatory and will  help in better 
understanding of the fractional divider.
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Chapter 8 
Future Work and Conclusion

8.1 Future Work

With the rapid growth of integrated chip (IC) design technology, everyday a new invention 
takes birth, which is mostly better than its ancestor. It means that there is always a room 
for improvement even in the best known designs in terms of area, cost, power or efficiency. 
Though the miscellaneous blocks of  all-digital  PLL implemented in this thesis are fully 
functional;  there  are  some  improvements  that  can  be  made  to  improve  the  overall 
performance of the all-digital PLL. 

To implement a new design or architecture it is always better to start with the basics of that 
design/architecture and then move towards the final  implementation step by step. This 
approach always helps in understanding the basic functionality and development of risk 
analysis for any project. As discussed in the introduction, the complete model of the all-
digital PLL was first developed in MATLAB. Unfortunately, some of the main blocks of the 
PLL were not working properly in due time, so it was not possible to simulate and analyze 
the whole PLL as per specifications. Towards the end of the project it was not possible to 
work on those parts due to lack of time. It is suggested to distribute time wisely among 
different parts of the project so that every part of the project can be completed in time. So 
the first thing that can be done in the future, is the completion of the MATLAB model of the 
whole ADPLL and its simulations and performance verification. 

In MATLAB, the simulations for the currently developed model of ADPLL can be improved. 
It is better to develop an event driven approach for ADPLL simulations. In event driven 
simulations only those events are focused that occur at a particular instant of clock. It will 
be helpful in better verification of the ADPLL performance and integrity.
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The digital loop filter implemented in Cadence, requires very large area if the coefficients 
are kept generic. On the other hand if a higher order filter is used, it reduces the area 
requirement but it has certain limitations on the choice of coefficients. A better filter design 
can be implemented in which coefficients are completely generic and area is less at the 
same time. It is even better to design a filter which is cascade of multiple filters and at run 
time the order of the filter could be selected based on the control logic. The simulations of 
filter can also be improved. All the data produced by a filter in Cadence can be imported to 
MATLAB  through  scripting  and  then  a  MATLAB  script  will  automatically  generate  a 
graphical results from that data. This MATLAB script will also do an automatic comparison 
of the Cadence generated data and data generated by MATLAB implementation of a filter. 
This will reduce the human error in result comparison and will save a lot of time.
Some parts  in  the fractional  divider  of  the ADPLL are implemented using logic  gates. 
These circuits can be optimized using the Boolean techniques or bubble sorting. In this 
way the hardware cost and the simulation time could be reduced. The counters in the 
fractional divider can also be made generic so that they can switch between more than two 
diving ratios on the run time. Ofcourse for this the control the sigma delta modulator needs 
advance logic interpretation to select more than two division ratios. The divider in MATLAB 
is  just  a  conventional  divider.  This  divider  can  be improved  to  mimic  the  behavior  of 
fractional divider implemented in Cadence.
First order sigma delta modulator is developed in this thesis. The sigma delta modulator is 
used for averaging of the division ratio of the divider. At this point in the project noise and 
spurs issues of sigma delta delta modulator are not taken into account. But first order 
sigma delta  modulator  has fractional  spurs which can introduce distortion in  output.  A 
higher order sigma delta modulator, preferably second order, can be implemented which 
will give better performance in terms of noise and distortions.
The schematic for each of the miscellaneous blocks has been implemented so at next 
level the layout of each of the blocks can be implemented. For layout optimization some 
design or architectural changes might also be done to achieve low cost, low area and high 
performance.
More detailed simulations can be done in the future to analyze the lock time, tuning range 
of ADPLL. Also, the tuning range of the ADPLL can be increased or decreased in the 
future. It should be tested and simulated for various frequencies and a frequency range 
can be obtained in which the ADPLL shows best performance in terms of its locking time. 
Finally, the resolution of the whole ADPLL can also be increased. Currently it is designed 
for 8 bits but in future it can be designed for 16 bits which needs a bit complex and clever 
designing of the DCO and TDC.

8.2 Conclusion

This thesis explains miscellaneous blocks of the all-digital PLL, their functionality and the 
implementations. The main blocks emphasized in this thesis are a digital loop filter, sigma 
delta  modulator  and  the  fractional  divider.  Digital  PLLs  are  better  than  analog  PLLs 
because they provide faster lock time and they are less expensive. Also, it  is  easy to 
integrate and test the digital circuitry than analog circuits.
Initially the analog PLL was implemented in Cadence to understand the basic behavior of 
the PLL. Then all-digital miscellaneous blocks are implemented first in MATLAB to verify 
the functionality of these blocks. At behavioral level, all the blocks are designed in Verilog-

114



 LiTH-ISY-EX--12/4578--SE

A to get the cycle and bit accurate results. After performance verification, all the blocks are 
implemented at schematic level using Cadence 6.15 . The reference frequency of the all-
digital PLL is 54MHz and the reference voltage used for this project is 1V. 

Digital loop filter was designed using various techniques as described in chapter 4. At first 
the second order filter was designed with generic coefficients. The total hardware cost, 
area and complexity of this second order filter came out to very high so a third order filter 
with two bit coefficient was designed. This third order filter has almost half hardware cost, 
area and complexity as compared to the second order filter. The only drawback with third 
order  filter  is  that  it  is  not  completely  generic  as  second  order  filter.  But  for  the 
requirements of this thesis the third order filter with less generic coefficients came out to 
be the best choice. Other techniques for filter design, tried during this thesis, are also 
explained in section 4.11.The performance of all the filters designed during this thesis are 
verified by co-simulation of MATLAB and Cadence. 

Digital sigma delta modulator is designed in this project. It has all-digital blocks. The main 
purpose of the digital sigma delta modulator is the averaging of the dividing ratio of the 
divider. The sigma delta modulator was first implemented in MATLAB. From MATLAB the 
number of suitable bits for the integral part of the sigma delta modulator were decided. 
Keeping the MATLAB architecture as a reference, sigma delta modulator is designed in 
Verilog-A and then the schematic is implemented in Cadence. In this thesis only first order 
digital sigma delta modulator is designed as the noise and other distortion factors in sigma 
delta modulators are not considered during this project.  

The reference frequency in this thesis is 54 MHz. PLL locks when the phase of the input 
matches the phase of the reference signal. To synchronize the phase or frequencies of the 
two signals, the DCO frequency needs to be divided by a suitable ratio. In this project that 
dividing ratio came out to be 39/40 . So a fractional divider is implemented that has dividing 
ratio of 39/40 . The fractional divider contains a prescalar, a main counter which divides by 
16 and a swallow counter. The dividing ratio can be changed by programming the swallow 
counter of the fractional divider properly. The performance and functionality of the divider is 
verified in both Verilog-A and Cadence.
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Appendix A

This Appendix contains the code for some of the blocks of an all-digital PLL implemented 
in this project like a delay element, digital to digital convertor, digital low pass filter, sigma 
delta modulator and N/N+1 divider. Not only the Verilog-A codes but the MATLAB codes 
are also presented.

//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////
                                      Verilog-A code for Delay Element
//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////

// VerilogA for digRfPLLTop, digRfPLLTopDelay, veriloga
`include "constants.vams"
`include "disciplines.vams"
module digRfPLLTopDelay(So,i,clk);
output So;         // Declare inputs and outputs
electrical So;
input i,clk;
electrical i,clk;
parameter real tdel = 0 from [0:inf);           
parameter real trise = 1n from (0:inf);     // Setting Rise and Fall time
parameter real tfall = 1n from (0:inf);
parameter real vtrans_clk = 0.5;
real x;
analog begin
 @ (cross(V(clk) - vtrans_clk, 1)) begin 
x = V(i);
end
 V(So)<+ transition(x,tdel, trise, tfall);     // Assign output 

end 

endmodule

//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////
                          Verolig-A code for Digital to Digital converter
//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////

// VerilogA for digRfPLLTop, digRfPLLTopDDC, veriloga
`include "constants.vams"
`include "disciplines.vams"
module digRfPLLTopDDC (Vo, S0,ACTLO , ACTLO1);
input S0;             // Declare inputs and outputs of the module
electrical S0;
input ACTLO;
electrical ACTLO;
input ACTLO1;
electrical ACTLO1;
output [9:0] Vo;
electrical [9:0] Vo;
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integer x[9:0];
parameter real tdel = 0 from [0:inf);     // setting parameters such as rise and fall time
parameter real trise = 1n from (0:inf);
parameter real tfall = 1n from (0:inf);
parameter real vtrans_clk = 0.5;
analog begin
if ( V(S0)== 0)
begin
x[0]=1;
x[1]=0;
x[2]=0;
x[3]=0;
x[4]=0;
x[5]=0;
x[6]=0;
x[7]=0;
x[8]=1;
x[9]=1;
end else begin 
x[0]=0;
x[1]=0;
x[2]=0;
x[3]=0;
x[4]=0;
x[5]=0;
x[6]=0;
x[7]=0;
x[8]=0;
x[9]=0;
end 
 V(Vo[0])<+ transition(x[0],tdel, trise, tfall);
 V(Vo[1])<+ transition(x[1],tdel, trise, tfall);
 V(Vo[2])<+ transition(x[2],tdel, trise, tfall);
 V(Vo[3])<+ transition(x[3],tdel, trise, tfall);
 V(Vo[4])<+ transition(x[4],tdel, trise, tfall);
 V(Vo[5])<+ transition(x[5],tdel, trise, tfall);
 V(Vo[6])<+ transition(x[6],tdel, trise, tfall);
 V(Vo[7])<+ transition(x[7],tdel, trise, tfall);
 V(Vo[8])<+ transition(x[8],tdel, trise, tfall);
 V(Vo[9])<+ transition(x[9],tdel, trise, tfall);

end

endmodule

////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////
                                Verilog-A code for Digital Low Pass Filter
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///////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////

// VerilogA for digRfPLLTop, digRfPLLTopDLPF, veriloga
`include "constants.vams"
`include "disciplines.vams"
module digRfPLLTopshiftandadd(filtered , filterin ,filterindelayed , filterindelayed2 ,RESET , TestIN , 
TestMode,
clk,vgnd ,vpwr ,coeff1 , coeff2, coeff3 );
input [7:0] filterin ;
input [7:0] coeff1 ;
input [7:0] coeff2 ;
input [7:0] coeff3 ;
input [7:0] TestIN;
input [7:0] filterindelayed ;
input [7:0] filterindelayed2;
electrical [7:0] filterindelayed ;
electrical [7:0] filterindelayed2;
electrical [7:0] filterin ;
electrical [7:0] TestIN;
electrical [7:0] coeff1;
electrical [7:0] coeff2;
electrical [7:0] coeff3;
output [15:0] filtered ;
electrical [15:0] filtered ;
input clk , RESET , TestMode , vgnd ,vpwr ;
electrical clk, RESET ,TestMode , vgnd , vpwr ;
parameter real tdel = 0 from [0:inf);
parameter real trise = 1n from (0:inf);
parameter real tfall = 1n from (0:inf);
parameter real vtrans_clk = 0.5;
//parameter p=0;
integer x[15:0] , y[15:0] , z[15:0] , k ,bindata ,firstmult
,secondmult , addresult , m[15:0],n[15:0],p[15:0],j , bindata1, bindata2 ;
analog begin
 // @ (cross(V(clk) - vtrans_clk, 1))
 // begin 
 for (j=15 ;j>=8; j=j-1) //15 is higher bit on left side (MSB) 
 begin 
 x[j]=0;// zero padding
 y[j]=0;
 z[j]=0; 
 end
 x[7] = V(filterin[7]); // direct input 
 x[6] = V(filterin[6]);

 x[5] = V(filterin[5]);
 x[4] = V(filterin[4]);
 x[3] = V(filterin[3]);
 x[2] = V(filterin[2]);
 x[1] = V(filterin[1]);
 x[0] = V(filterin[0]);

 y[7]  = V(filterindelayed[7]); // one time delayed input 
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 y[6]  = V(filterindelayed[6]);
 y[5]  = V(filterindelayed[5]);
 y[4]  = V(filterindelayed[4]);
 y[3]  = V(filterindelayed[3]);
 y[2]  = V(filterindelayed[2]);
 y[1]  = V(filterindelayed[1]);
 y[0]  = V(filterindelayed[0]);

 
 z[7] = V(filterindelayed2[7]); // two time delayed input 
 z[6]  = V(filterindelayed2[6]);
 z[5]  = V(filterindelayed2[5]);
 z[4]  = V(filterindelayed2[4]);
 z[3]  = V(filterindelayed2[3]);
 z[2]  = V(filterindelayed2[2]);
 z[1]  = V(filterindelayed2[1]);
 z[0]  = V(filterindelayed2[0]); 

 // end 
 bindata= x[0] +( x[1]<<1) +(x[2]<<2) + (x[3]<<3) +( x[4]<<4) +(x[5]<<5)+ (x[6]<<6)
 +(x[7]<<7) +( x[8]<<8) + (x[9]<<9) +(x[10]<<10) + (x[11]<<11) +(x[12]<<12 )+
 (x[13]<<13) +( x[14]<<14) +(x[15]<<15); // convert vector to integer 
 bindata1= y[0] +( y[1]<<1) +(y[2]<<2) + (y[3]<<3) +( y[4]<<4) +(y[5]<<5)+ (y[6]<<6)
 +(y[7]<<7) +( y[8]<<8) + (y[9]<<9) +(y[10]<<10) + (y[11]<<11) +(y[12]<<12 )+
 (y[13]<<13) +( y[14]<<14) +(y[15]<<15); // convert vector to integer
 bindata2= z[0] +( z[1]<<1) +(z[2]<<2) + (z[3]<<3) +( z[4]<<4) +(z[5]<<5)+ (z[6]<<6)
 +(z[7]<<7) +( z[8]<<8) + (z[9]<<9) +(z[10]<<10) + (z[11]<<11) +(z[12]<<12 )+
 (z[13]<<13) +( z[14]<<14) +(z[15]<<15); // convert vector to integer
 firstmult= bindata+ (bindata<<2 )+( bindata<<3) +( bindata<<5); //first multiplication 
 secondmult= bindata1+ (bindata1<<2) +( bindata1<<3) +( bindata1<<4) +(bindata1<<6); // second 
multiplication 
 addresult= firstmult + secondmult +(bindata2<<8) ;
 addresult= (firstmult>>1)+(secondmult>>1)+(bindata2<<7) ;
 // addresult=addresult>>1; 
 for (k=0 ; k<=15 ; k=k+1)
 begin 
 m[k]= addresult % 2; // convert back to vector
 addresult= addresult >> 1 ;
 end 
 V(filtered[0])<+ transition(m[0],tdel,trise,tfall);   // assign outputs
 V(filtered[1])<+ transition(m[1],tdel,trise,tfall);
 V(filtered[2])<+ transition(m[2],tdel,trise,tfall); 
 V(filtered[3])<+ transition(m[3],tdel,trise,tfall);
 V(filtered[4])<+ transition(m[4],tdel,trise,tfall);
 V(filtered[5])<+ transition(m[5],tdel,trise,tfall);
 V(filtered[6])<+ transition(m[6],tdel,trise,tfall);
 V(filtered[7])<+ transition(m[7],tdel,trise,tfall);
 V(filtered[8])<+ transition(m[8],tdel,trise,tfall);
 V(filtered[9])<+ transition(m[9],tdel,trise,tfall); 
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 V(filtered[10])<+ transition(m[10],tdel,trise,tfall);
 V(filtered[11])<+ transition(m[11],tdel,trise,tfall);
 V(filtered[12])<+ transition(m[12],tdel,trise,tfall);
 V(filtered[13])<+ transition(m[13],tdel,trise,tfall);
 V(filtered[14])<+ transition(m[14],tdel,trise,tfall); 
 V(filtered[15])<+ transition(m[15],tdel,trise,tfall);
 end

 
 endmodule

//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////
                                Verilog-A code for N/N+1 divider
//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////

// VerilogA for digRfPLLTop, digRFPLLTopDivider, veriloga

`include "constants.vams"
`include "disciplines.vams"

module digRfPLLTopDivider(DOUT, DIN, control);

output DOUT; voltage DOUT; // output
input DIN; voltage DIN; // input (edge triggered)
input control ; 
voltage control;
parameter real vh=+1; // output voltage in high state
parameter real vl=0; // output voltage in low state
parameter real vth=(vh+vl)/2; // threshold voltage at input
// parameter integer ratio=20 from [2:inf); // divide ratio
parameter integer dir=1 from [-1:1] exclude 0;
// dir=1 for positive edge trigger
// dir=-1 for negative edge trigger
parameter real tt=1p from (0:inf); // transition time of output signal
parameter real td=0 from [0:inf); // average delay from input to output
integer count, n , ratio, x;
analog begin
 @(cross(V(DIN) - vth, dir)) 
 begin
 x=V(control);
 if (x ==0) begin 
 ratio=39 ; 
 end else begin 
 ratio=40 ;
 end 

count = count + 1; // count input transitions
if (count >= ratio)
 count = 0;
n = (2*count >= ratio);

 end
 V(DOUT) <+ transition(n ? vh : vl, td, tt);
end
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endmodule

//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////
                 Verilog-A code for Phase Detector with Charge pump
//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////

// VerilogA for digRfPLLTop, digRFPLLTopPfd, veriloga

`include "constants.vams"
`include "disciplines.vams"

module digRfPLLTopPfd(out, ref, fb);

output out; electrical out; // current output
input ref; voltage ref; // positive input (edge triggered)
input fb; voltage fb; // inverting input (edge triggered)
parameter real iout=100m; // maximum output current
parameter real vh=+1; // input voltage in high state
parameter real vl=0; // input voltage in low state
parameter real vth=(vh+vl)/2; // threshold voltage at input
parameter integer dir=1 from [-1:1] exclude 0;

// dir=1 for positive edge trigger
// dir=-1 for negative edge trigger

parameter real tt=1p from (0:inf); // transition time of output signal
parameter real td=0 from [0:inf); // average delay from input to output
parameter real rclamp=100 from (0:inf); // output clamp resistance
integer state;

analog begin
 // Implement phase detector
 @(cross(V(ref)-vth, dir))

if (state > -1) state = state - 1;
 @(cross(V(fb)-vth, dir))

if (state < 1) state = state + 1;

 // Implement charge pump
 I(out) <+ transition(iout*state, td, tt);

 // Implement output clamp (optional)
 if (V(out) > vh)
 I(out) <+ (V(out) - vh)/rclamp;
 else if (V(out) < vl)
 I(out) <+ (V(out) - vl)/rclamp;

 // Add gmin to output to avoid convergence issues (optional)
 I(out) <+ V(out)/1T;
end
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endmodule

//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////
                          Verilog-A code for Voltage Controlled Oscillator
//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////

// VerilogA for digRfPLLTop, digRfPLLTopVCO, veriloga

`include "constants.vams"
`include "disciplines.vams"
`define PI 3.14159265358979323846264338327950288419716939937511
module digRfPLLTopVco(vin, vout);
input vin;
output vout;
electrical vin, vout;
parameter real amp = 1;
parameter real center_freq = 2G;
parameter real vco_gain = 1G;
parameter integer steps_per_period = 32; // 02/20/2004, Fangyi

 real phase; // 02/20/2004, Fangyi
 real inst_freq; // instanteous frequency

 analog begin

 inst_freq = center_freq + vco_gain * V(vin);
 $bound_step (1.0 / (steps_per_period*inst_freq));
 
 phase = idtmod(inst_freq,0,1);
 V(vout) <+ amp * sin (2 * `PI * phase);
 end

endmodule

//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////
           MATLAB Code for Sigma Delta Modulator for input range 0 to 255
//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////

function [SDMout ,rn, xqn] = digRfPLLTop_SigmaDelta_firstorder_v1(xn,c,d)
%xn = ones(1, 100) * 127; % input
%xqn = 0; % outer FB reg
%rn = 0; % inner FB reg 
for ii = 1:length(xn) 
% sigma operation
x1n = xn(ii);
%if xqn
if c
 xhatn = 0;
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else
 xhatn = -255;
end
dn = x1n + xhatn;
%dqn = rn + dn; 
dqn=d+dn;
 % dump of variables
x1nDump(ii) = x1n;
dnDump(ii) = dn;
dqnDump(ii) = dqn;
xhatnDump(ii) = xhatn;
%rnDump(ii) = rn;
%xqnDump(ii) = xqn;
rnDump(ii) = d;
xqnDump(ii) = c; 
% rn = dqn;
% xqn = (dqn < 0);
d = dqn;
c = (dqn < 0);
end 
%SDMout = [xqnDump(2:end) xqn];
SDMout = [xqnDump(2:end) xqn];
SDMout=1-SDMout; %inverter
 %dc = (nnz(out) / length(out)) * 100;
end

//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////
          MATLAB code of Sigma Delta Modulator for -128 to 127 input Range 
//////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////////

function [out] = digRfPLLTop_SigmaDelta_firstorder(xn)
%xn = ones(1, 100) * 127; % input
xqn = 0; % outer FB reg
rn = 0; % inner FB reg 
for ii = 1:length(xn); 
% sigma operation
x1n = xn(ii);
if xqn
 xhatn = -128;
else
 xhatn = 127;
end
dn = x1n - xhatn; % ORIGINAL FOR -128-127
%dn = x1n + xhatn;%CHANGED FOR 0-255
dqn = rn + dn; 
% dump of variables
x1nDump(ii) = x1n;
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dnDump(ii) = dn;
dqnDump(ii) = dqn;
xhatnDump(ii) = xhatn;
rnDump(ii) = rn;
xqnDump(ii) = xqn;
rn = dqn;
xqn = (dqn < 0);
end
out = [xqnDump(2:end) xqn];
%out=1-out;
dc = (nnz(out) / length(out)) * 100;
end
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