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Abstract 

The thesis "Modeling and Characterization of an All-Digital PLL" aims to create a behavioral 

model of an All-Digital Phase-Locked-Loop (ADPLL). The model should be able to perform 

accurate and time-effective simulations. Based on the model, a sub-block requirement will be 

presented as decision basis for test chip manufacturing. 

The wireless communications industry has grown tremendously in the recent years, leading to 

strong demand for smaller, faster, better and less power consuming circuits. Digital circuits 

have better properties in these aspects, which have resulted in great interest for more digitally 

intensive circuits. Since frequency synthesis is an essential part of any wireless system an all 

digital PLL is very attractive. 

Traditional simulation tools are unable to simulate a complex system like an ADPLL. Since 

production costs are high and it is necessary to verify the integrity of the design and the 

circuit behavior before first prototype, an alternative solution is needed. One solution is to use 

an event-driven simulation technique that only focus on the events that occur at each clock 

flank. The difficulty lies in creating a realistic model of behavior. 

The project has focused on meeting the phase noise requirements imposed on a WCDMA / 

HSDPA application. The event-driven model is implemented in Matlab because of its high 

flexibility during development, and large variety of analytical tools. The proposed model is 

based on a previously published model that has been evolved in ways that were interesting for 

the project. The model’s construction and accuracy have been verified against the appropriate 

theory. By constructing a comprehensible user interface around the model, it is convenient to 

examine how different parameters affect system performance. 

The simulation results of the model establish how the different parameters affect the phase 

noise spectrum of the ADPLL. The TDC architecture has big influence on the phase noise and 

it is of big importance to use high precision in the entire system to prevent an increased in-

band noise level. 

A time-effective simulation tool has successfully been constructed and a sub-block 

requirement specification has been presented. 



 

 

Sammanfattning 

Examensarbetet “Modeling and Characterization of an All-Digital PLL” har som syfte att skapa 

en beteendemodell av en All-Digital Phase-Locked-Loop (ADPLL). Modellen ska kunna 

generera noggranna och tidseffektiva simuleringar. Utifrån modellen ska sedan en 

kravspecifikation för de olika delblocken skapas för att utgöra ett beslutsunderlag för eventuell 

tillverkning av testchip.  

Bakgrunden till projektet är att den trådlösa kommunikationsindustrin under de senaste åren har 

vuxit enormt vilket lett till stor efterfrågan på mindre, snabbare, bättre och energisnålare 

kretsar. Digitala kretsar har bättre egenskaper i dessa avseenden vilket resulterat i ett stort 

intresse för kretsar av denna typ. Eftersom frekvenssyntetiseringen utgör en central del i alla 

trådlösa system är en helt digital PLL mycket attraktiv.   

Traditionella simuleringsverktyg har inte möjlighet att simulera ett så komplext system som en 

ADPLL. Då tillverkningskostnaderna är höga och det är nödvändigt att kontrollera designens 

egenskaper och uppförande innan första prototyp, är det ett måste att finna alternativa 

lösningar. En lösning är då att använda en händelsestyrd simuleringsteknik som endast 

fokuserar på de händelser som sker vid respektive klockflank. Svårigheten ligger i att skapa en 

realistisk beteendemodell.  

Projektet har fokuserat på att klara de krav på fasbrus som ställs på en WCDMA/HSDPA 

applikation. Den händelsestyrda modellen har skapats i Matlab på grund av dess stora 

flexibilitet under utveckling samt stora flora av analysverktyg. Den föreslagna modellen utgår 

från en tidigare publicerad modell som har utvecklats i de avseenden som varit intressanta för 

projektet. Modellens uppförande och noggrannhet har kunnat verifieras mot adekvat teori. Ett 

överskådligt användargränssnitt runt modellen möjliggör undersökning av olika parametrars 

påverkan på systemets prestanda.  

Simuleringsresultaten av modellen fastställer hur olika parametrar påverkar ADPLL fasbruset. 

TDC-arkiteturen har stor påverkan på fasbruset och det är viktigt att använda hög upplösning 

på hela systemet för att förhindra att ”in-band” brusnivån ökar.   

Med gott resultat har ett tidseffektivt simuleringsverktyg skapats och en kravspecifikation för 

de olika delblocken har presenterats. 
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Abbreviation Explanation 

PLL Phase-Locked Loop 
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1 Introduction 

1.1 Background  

The Phase Locked Loop (PLL) is typically used in wireless communication systems to 

generate a local oscillator signal (LO). The wireless communication industry is 

growing rapidly and the demands increase for smaller, less expensive, better 

performing and less power consuming circuits [1]. The most common PLL used in 

today’s wireless communication systems is the fractional-N PLL [1], which only 

contains a few digital circuits [2]. The analog parts of the fractional-N PLL occupy 

large chip area, have sensitive analog nodes and are difficult to design in processes 

with low supply voltage [1][3]. Digital circuits have better properties in all of these 

aspects and it is therefore desirable to introduce a more digital approach in the PLL 

[3]. As the digital CMOS technology becomes smaller, it becomes possible to 

implement a pure digital PLL at RF frequencies [1]. The All-Digital PLL (ADPLL), 

which is a pure digital circuit [1], is of these reasons an interesting technique to 

investigate. 

This thesis is performed in cooperation with Kisel Microelectronic in Stockholm, 

Sweden.  

1.2  Purpose  

The objective of this thesis is to create a behavior-model of an ADPLL in Matlab. 

Accurate and time-effective simulations should be performed of the behavior-model. 

A sub-block requirement specification of the ADPLL will be presented as decision 

basis for test chip manufacturing. 

1.3  Method 

Literature studies of general PLL-theory and ongoing research of ADPLL will be 

performed. Most of the theory behind our ADPLL model is based on R.B. Stazewski’s 

and P.T. Balsara’s book “All-Digital frequency synthesizer in deep-submicron CMOS” 

(reference [1]), combined with other research papers on the subject [4][5][6][7][8] [9].   

To get a theoretical background of the loop parameters influence on the system, a 

study of poles- and zero-placing in an S-domain model of the ADPLL will be 

performed.     

The model of the ADPLL will be built with m-files in Matlab. In order to achieve a 

realistic model, precision will be taken into account, as well as modeling of possible 

noise sources and inaccuracies of the ADPLL.      

In order to achieve time-effective simulations of the ADPLL an event-driven 

simulation technique will be performed in Matlab. With this programming-technique 

only positive clock-transitions will be investigated.  

To investigate the system performance in an effective and flexible way, a graphical 

user interface (GUI) that is linked to the m-files will be constructed. In the GUI it will 
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be possible to adjust all important system parameters and display the simulation 

results in an appropriate way.  

Based on analysis and conclusions of different simulations a realistic sub-block 

requirement of the ADPLL will be specified.      

1.4  Target application 

The focus of the project ADPLL is to meet the Wideband Code Division Multiple 

Access (WCDMA) and High Speed Downlink Packet Access (HSDPA) applications 

phase-noise demands. The in-band and out-of-band phase-noise demands for 

WCDMA/HSDPA applications are specified in Table 1 and Figure 1 [10].   

Table 1. Specifications for the phase noise demands 

Phase noise demands 

∆f  < 3.5 MHz  -89 dBc 

3.5 MHz < ∆f < 10 MHz  -124 dBc 

∆f  > 10MHz  -132 dBc 
 

 

. 

Figure 1. Phase noise mask according to Table 1. 

The center frequency of this ADPLL is specified to 2045 MHz and the ADPLL should 

be able to lock the frequency in the range from 1920 MHz to 2170 MHz. The 

reference frequency is 26 MHz.  
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1.5 Limitations 

Since the project's focus is the phase noise spectrum, the model is limited only to 

handle a fixed frequency on each simulation. To obtain a reasonable project width, 

CMOS technical factors except process inaccuracies has been neglected. The same 

applies to flicker noise and reference noise. 

1.6  Outline 

We have chosen to present the report in seven chapters: 

 In chapter 2, some general PLL background is presented in order to give the 

reader a basic understanding of the PLL. 

 In chapter 3, we introduce the reader to the theory behind the ADPLL. The 

chapter starts with a short background of the ADPLL and continues with a 

general description of the behavior of the whole ADPLL. Then, the theory of 

each sub-block and a description of phase noise are presented. The chapter 

ends up with an S-domain model of the ADPLL where properties as loop-

bandwidth, phase margin, stability and settling time are presented.   

 In chapter 4, we describe the simulation technique and the performed model 

of the ADPLL. The chapter starts with a description of the event-driven 

simulation technique and a short description of the Discrete Fourier Transform 

(DFT). Then the modeling of each sub-block of the ADPLL is described. We 

emphasize the different characteristics of the sub-blocks and how they affect 

the performance of the ADPLL. 

 In chapter 5, we present the simulation results of the ADPLL model. We 

describe how different settings of the ADPLL affect in-band phase noise, out-

of-band phase noise, fractional spurs and loop bandwidth.   

 In chapter 6, we present appropriate settings of the ADPLL in order to fulfill 

the phase noise demands, the choice of settings are based on results in 

previous sections. Important simulation results such as phase-noise, loop 

bandwidth and frequency range are presented.  

 Finally, a discussion of potentialities, limitations and weaknesses of the model 

is performed in chapter 7. 
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2 PLL background 

2.1 PLL introduction 

The purpose of a Phase Locked Loop (PLL) is to generate a signal that has the same 

phase and often higher frequency than a reference signal. The reference signal is often 

generated from a crystal oscillator with a frequency in the typical range of 10-40 

MHz, while the output signal might be up to the multi GHz range [2].  

The PLL is often used in modern integrated circuit design to generate stable clock 

frequencies, examples of applications could be radio, telecommunications and 

computers. If a phase error builds up between the reference signal and the output 

signal, a control mechanism, the PLL, acts in such way that difference is reduced to a 

minimum [2].  

Reference [11] describes some of the important design parameters when designing a 

PLL for a RF application.   

 Frequency range is the frequency band needed for the application. Most RF 

applications are narrow band which means that they cover 3-10% of the 

bandwidth. An example is CDMA which covers 25 MHz in the 900 MHz band 

≈ 3%. 

 Phase noise is an indicator of the signal quality. Phase noise and jitter describe 

the same phenomenon in different domains (frequency domain and time 

domain). Clean signals have low jitter, which results in much of their total 

energy being “concentrated” close to the center frequency of operation.  

 Spurious signal level  

 Loop bandwidth describes the dynamic speed of the feedback loop. This 

parameter is very relevant when optimizing for phase noise, switching speed, 

or spur suppression. 

 Switching speed or settling time is a measure of the time it takes for the PLL 

circuit to switch from one frequency to another.  

2.2 PLL Advancement 

The first PLL was presented in 1932 by the French engineer Henri de Bellescize in 

order to improve the noise performance of AM receivers. The earliest PLL is called 

Linear PLL (LPLL) and was a purely analog circuit [2].  

The PLL was used more widely in the industry during the sixties when it became 

available as an IC (Integrated Circuit) chip. In time, the PLL was headed into become 

more and more digitalized. In the early seventies the first Digital PLL (DPLL) was 

developed [2].  

The building blocks according to Figure 2 are the foundation pillars of a DPLL. The 

Voltage-Controlled-Oscillator (VCO) creates an output signal, fout, with a frequency 

that depends on the voltage level of the VCO input. With a counter inserted between 

the VCO and the PD the output frequency will be N times the reference frequency. 
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The reference signal, fref, is compared with fout/N in the Phase-Detector (PD). The 

output signal from the phase detector is filtered by the Low-pass filter. The filtered 

signal serves as input to the VCO and the loop is closed. This PLL is commonly 

referred to as Integer-N PLL [12]. The frequency resolution of the Integer-N PLL is 

equal to the reference frequency. 

 

Figure 2. General block diagram of the digital PLL (DPLL) 

A further development is the fractional-N PLL. As the name indicates, it is not just the 

integer multiples of the reference frequency that can be achieved. A higher frequency 

resolution is obtained which is necessary in many of today's wireless applications [1].  

The next development step is the All-Digital PLL (ADPLL) which is a purely digital 

circuit with a lot of benefits compared to the semi-digital PLL [1]. These benefits are 

discussed later. 

As microcontrollers and digital signal processors (DSP) became cheaper and faster, it 

was possible to realize a PLL in software as well. This PLL is referred as Software 

PLL (SPLL). A SPLL is like an ADPLL pure digital since the software algorithm that 

should perform the PLL operation must be implemented in for example a 

microcontroller or a DSP. However, it is possible to let it behave both as a LPLL, 

DPLL or an ADPLL. For this reason, it is easy to believe that the SPLL has come to 

replace the others. This is not the case since a number of instructions must be executed 

during each period of the input signal, the sampling theorem. Depending on the 

complexity of the algorithm, additional instructions will be required. The choice is 

also a cost issue. These factors limit the progress of SPLLs.  But as more and more 

applications contain microcontrollers, and the microcontrollers become both faster and 

cheaper the SPLL will become more common [2].  
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3 All-Digital PLL Theory 

The All-Digital PLL (ADPLL) is, unlike conventional PLLs, a pure digital circuit, 

which is possible to take advantage of. In a conventional PLL the loop filter occupies 

as much as 50% of the chip. A digital loop filter do not contain any large capacitors, 

resistors or coils and needs no large guard rings or high resistive substrates usually 

required for good isolation. It enables significant reductions in chip area [3].  

A pure digital circuit enables faster design turnaround cycles since automated CAD 

tools can be used to a greater extent. The fact that many parameters can be set 

programmatically, for example the loop filter, is a huge advantage in the design 

turnaround cycle. Only digital input/output (IO) makes communication with other 

digital devices easier due to the fact that the signal does not need to go through a DA 

converter. With the current trend towards digitization (microcontrollers, DSP, FPGA) 

this is a great advantage [1].  

The digital design development where faster and faster processes pursued leads to 

more and more transistors to fit on the chip. As the transistors become smaller the 

supply voltage must be reduced. This enables faster rise time to the benefit of the 

digital design, while the disadvantage to the analog design since the available voltage 

headroom is small [1]. 

The development of ADPLL in the RF range has been led by Robert Bogdan 

Staszewski.  Since 1999 he has led a group within Texas Instruments that is working 

on inventing new digitally intensive approaches to traditional RF functions for 

integrated radios in deep-submicron CMOS processes [13]. The group has published 

numerous articles in which an ADPLL is included, for example in Bluetooth-, GSM- 

and WCDMA-transmitters [4][5][6][7][14][15]. 

3.1 Overhead behavior description of the proposed ADPLL 

In this section a general description of the ADPLL is presented. The purpose of this 

section is to introduce the reader to the concepts and general behavior of the ADPLL. 

A more detailed description of each sub-block follows in section 3.2. The theory 

behind the ADPLL builds mainly on reference [1] and [6]. 

Figure 3 shows a simplified box-diagram of the proposed ADPLL that are based on 

reference [1] with some small adjustments. The ADPLL can be divided into four main 

functional blocks, the Digital Controlled Oscillator (DCO), the Time to Digital 

Converter (TDC), the Phase Detector (PD) and the digital Loop Filter (LF). 
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Figure 3. Box-diagram of the proposed ADPLL 

The system is clocked by the reference frequency (fref). The other input signals to the 

ADPLL are the Frequency Command Word (FCW), and the loop filter parameters (KP 

and KI). The transitions of the output frequency (fout) is denoted CKV (Variable 

Clock). The desired value of the output frequency is a FCW multiple of the reference 

frequency according to Eq. 1 [1]. 

  Eq. 1 

The FCW is a fixed-point word (WI+WF), where WI corresponds to the number of 

integer bits and WF to the number of fractional bits [1]. How fine the output frequency 

can be adjusted by changing the LSB of the FCW is referred as the frequency 

resolution (fres) of the system and is established according to Eq. 2. 

   Eq. 2 

The reference frequency and the output frequency can either be a sinusoidal or a 

rectangular signal. The rectangular wave-form is more useful for the CMOS process 

technology [1]. The rectangular wave-form is also to prefer when modeling the 

ADPLL as it makes it possible to just investigate the transitions.  

The Retimed Clock (CKR) is needed in order to prevent metastability problems of the 

digital sampling elements and is used to synchronize all sub-blocks [1].   

In the DCO-block the actual output frequency is generated. The DCO consists of a 

fixed inductance and switchable capacitances that can be turned on or off depending 

on the tuning word. The inductance together with the capacitances creates a resonance 

circuit that oscillates at the frequency fout. If the tuning word increases or decreases, 

the output frequency increases or decreases respectively [1].  

The phase detector keeps track of the phase with help from two accumulators and the 

output from the TDC. Accumulator one, the variable phase accumulator counts the 

integer number of CKV transitions during one fref cycle and store the value in RV. 

Accumulator two, the reference phase accumulator stores the FCW value in every fref 

cycle such as RR[k] = RR [k-1] + FCW, where k is the fref transition. The TDC 



8 

 

measures the fractional error, -ε. By these input parameters the phase error Φ is 

determined as RR - (RV -ε) [1]. 

The digital LF-block adjusts the tuning word depending on the phase error Φ. The 

adjustable loop filter parameters (KP and KI) make it possible to change system 

properties of the ADPLL such as loop bandwidth and settling time. 

When the loop is locked one says that the loop is in steady state [12].  

3.2 Sub-block description 

3.2.1 Retimed clock 

The ADPLL handles the reference clock and the output clock signal. It is important to 

know that these clocks are not entirely synchronous.  This can cause metastability 

problems in the phase comparison between the two signals in the TDC. It is therefore 

necessary to retime the reference clock. The signal path is illustrated in Figure 4.  

 

Figure 4. Retimed clock 

By oversampling the reference clock with the output clock it is possible to eliminate 

the metastability related problems. The concept of retiming is illustrated in Figure 5. 

To synchronize the ADPLL the retimed clock is used in all the sub blocks [1].  

 

Figure 5. Synchronization of clock signals by 

retiming of the reference frequency. 

3.2.2 DCO - Digital Controlled Oscillator 

The DCO is the heart of the ADPLL, as it converts the tuning word into the output 

frequency (fout) with the timestamp CKV according to Figure 6. The tuning word is 

normally denoted OTW (Oscillation Tuning Word) [1].  
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Figure 6. DCO 

Ideally the DCO generates transitions (tCKV[i]) with the distance of the period time T0 

(T0 = 1/fout) according to Figure 7. Each ideal transition simply becomes previous 

transition plus the oscillating period time (T0) according to Eq. 3 [1].  

 

Figure 7. Timestamps of an ideal DCO. 

   

 

The output frequency is generated by a LC-tank inside the DCO. The LC-tank consists 

of one fixed inductance (L) and switchable capacitors. Each bit of the OTW controls 

one capacitor each. This means that the OTW controls the total capacitance of the LC-

tank and thereof the output frequency according to Eq. 4 [1]  .  

  Eq. 4 

The DCO should be able to select a wide range of frequencies and at the same time 

have fine frequency step (∆f). If we consider that the DCO should be able to generate 

frequencies between 1800MHz to 2200MHz and that the OTW is an 8-bit word, then 

the smallest frequency step would be (2200MHz-1800MHz)/2
8
 = 1.56 MHz which is 

rather coarse. The frequency step could be decreased by adding more OTW bits but a 

better solution is to introduce different operating modes where the output frequency 

can be set in different steps [1].     

As can be seen in Figure 8, the OTW has been split up into three parts that correspond 

to the different modes. Only one mode is active at the time. The different modes are 

referred as Process-Voltage-Temperature mode (PVT), Acquisition mode (ACQ) and 

Tracking mode (TRK). As a compromise between the physical size of the DCO and 

the smallest frequency step reference [1] suggest an OTW of 8 bits in PVT and ACQ 

mode and 6 bits in TRK mode. This will be used through the rest of the report and in 

the model. The PVT and ACQ modes are just used to roughly settle the output 

frequency and it is in the TRK mode that the actual reception or transmission takes 

place. The DCO Gain Normalization block in Figure 8 is described in k 3.2.3 [1].  

 
T0 T0 T0 

Ideal timestamps 

tCKV[0] tCKV[1] tCKV[2] tCKV[3] 

  Eq. 3 
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The smallest frequency step (∆f) when changing the integer part of the OTW in each 

mode can be calculated with Eq. 5. It is simply the frequency range in each mode 

divided by the number of possible integer OTW (2
b
).   

  Eq. 5 

 

Figure 8. DCO gain normalization block and DCO block. 

Figure 9 explain the idea of the frequency settling of the ADPLL when using the 

different modes. The output frequency (fout) is the goal.  

 

Figure 9. Frequency settling idea with the operating modes of the ADPLL 

At cold power-up the PVT mode is active and the OTW may adopt integer values 

between 0-255. The OTW starts at the initial center frequency fc, which correspond to 

OTW = 127. OTW = 0 corresponds to the lowest possible frequency of the system and 

OTW = 255 corresponds to the highest possible frequency of the system. If the OTW 
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is changed one step from for example 127 to 128, it corresponds to a frequency change 

by ∆fP, which is referred as the frequency step. The loop adjusts the OTW up or down 

until the output frequency is settled roughly (fc
P
).  

In the second stage, the ADPLL continues into the ACQ-mode, in this mode the OTW 

may adopt values between 0-255 as well. The roughly settled frequency fc
P
 becomes 

the new center frequency in the ACQ-mode and the frequency range narrows, which 

means that the frequency step becomes smaller. By doing this, the output frequency 

can be settled with greater accuracy. The loop adjusts the OTW up and down until the 

output frequency is settled well enough (fc
A
). 

Finally, in the third stage, the ADPLL continues into the TRK-mode. The frequency 

range is much narrower than in previous steps and the output frequency can be fine 

adjusted with the quite fine resolution frequency step ∆fP. The OTW may only adopt 

values between 0-63, this is explained later on. The loop adjusts the OTW up and 

down until the output frequency (fout) is reached. fout will in most cases lay in-between 

two integer values the OTW. If, for example, OTW = 22.4, the OTW will toggle 

between 22 and 23.  

A Sigma Delta modulator (SDM) can be implemented to further decrease the 

frequency step [1]. With the SDM the fractional part of the OTW in TRK mode is 

used as well and the output frequency can be set with fine resolution (section 3.2.4). 

As described in Figure 10, the LC-tank consists of three different capacitor-banks, one 

for each mode. Each bank is only adjustable in their respectively mode. All the shunt 

capacitors in the capacitor-banks in Figure 10 will always have some parasitic 

capacitances and can never be truly turned off. The total sum of the parasitic together 

with an initial capacitance is described as C0. When all the other capacitances are 

turned off, C0 together with the inductor L set the upper limit of the oscillating 

frequency according to Eq. 4 (where Ctot = C0) [1].  

 

Figure 10. LC-tank with capacitor-banks 

In order to get the right frequency span in ACQ and TRK mode, half of the capacitors 

(  and ) in respectively bank are switched on when the ADPLL is initialized. 

When entering these modes the corresponding capacitors are turned off again. By 

doing this, the frequency can be adjusted by the capacitors just as much both up and 

down from the center frequency. 

The resulting total capacitance Ctot is determined by the OTW in the different modes, 

the resulting frequency can be calculated according to Eq. 4.  
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As mentioned earlier the frequency range in PVT mode should cover the whole 

wanted frequency range in order to have the possibility to select any frequency. Due to 

PVT variations the values of the capacitances and the inductor will be inaccurate. The 

PVT frequency range needs to be enlarged in order to compensate for these variations.     

The PVT capacitor-bank consists of eight capacitors which are binary weighted and 

with the LSB capacitor value ∆C
P
 (Figure 10).  The maximum and minimum 

capacitance depend on the frequency range of the PVT. Cmax corresponds to the 

capacitance value at the lowest frequency and Cmin corresponds to the highest 

frequency (Eq. 6 and Eq. 7), in PVT mode Cmin is equal to C0. Cmax and Cmin together 

with the number of capacitors (or OTW bits) determine the LSB capacitor value 

according to Eq. 8 [1].  

 
Eq. 6 

 
Eq. 7 

 
Eq. 8 

As can be seen in Figure 10 the OTW in PVT-mode is an 8-bit word (d0
P 

–d7
P
) and 

may therefore adopt integer values between 0-255 (2
8
). Each bit controls one 

capacitor. This means that if OTW = 255, all of the capacitors in the PVT bank are 

turned on (d0-7
P
=11111111). According to Eq. 4, this would correspond to the lowest 

possible frequency. In order to obtain a more logical system where OTW = 0 

corresponds to the lowest frequency and OTW = 255 corresponds to the highest, it is 

preferable to invert the OTW word (see Eq. 9). The OTW is inverted in all modes [1].  

When the final OTW in PVT-mode is settled, the corresponding capacitors in the 

PVT-bank are turned on and frozen into the PVT-capacitance C
P
. The total C

P
 can be 

calculated by Eq. 9. 

 
Eq. 9 

C0 is the LC-tanks fixed capacitance.  and  are the compensations for the ACQ 

and TRK frequency span. The summation corresponds to the PVT capacitor-bank 

contribution depending on the final OTW. The new center frequency (fc
P
) can be 

calculated by Eq. 4 with Ctot = C
P
. 

When C
P 

is frozen in PVT-mode, the ADPLL continues to
 
ACQ-mode where the 

frequency range is narrower and the frequency step is a little bit finer. When entering 

ACQ-mode the frequency span needs to be adjusted in order to be able to move as 

much both up and down from the PVT center frequency. This is done by turning off 

the ACQ capacitances that where turned on when the ADPLL was initialized.  

The ACQ capacitor bank is built on the same principle as the PVT capacitor bank with 

eight binary weighted capacitors, but with the LSB capacitor value ∆C
A
. ∆C

A
 is 

calculated in the same way as ∆C
P 

in Eq. 8, but the ACQ frequency range sets the 

values of Cmax and Cmin in Eq. 6 and Eq. 7 [1].  
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When the OTW has settled, the corresponding ACQ capacitances are turned on/off 

and then frozen. The resulting ACQ capacitance C
A
 can be calculated by Eq. 10. 

 
Eq. 10 

C
P
 corresponds to the PVT-bank capacitance.  corresponds to the compensation of 

the ACQ frequency span. The summation corresponds to the ACQ capacitor bank 

contribution depending on the final OTW. The new center frequency fc
A
 can be 

calculated by Eq. 4 with Ctot = C
A
.      

When the PVT and ACQ modes have settled the frequency (i.e. the capacitances) 

roughly, the ADPLL continues in to TRK-mode in order to adjust the frequency by 

finer step. Just as in the ACQ-mode the frequency span needs to be adjusted by 

turning off the initialized TRK capacitances.  

In TRK-mode the frequency span is quite narrow and the frequency step (∆f) is much 

finer than previous modes. The frequency step of the ADPLL is dependent on the 

frequency range in TRK-mode and the number of OTW integer bits in TRK-mode 

according to Eq. 11. If the frequency range in TRK-mode is 1 MHz for example and 

there are 6 integer bits in OTW it would lead to ∆f = 15,63kHz (1MHz/2
6
). This 

frequency step is often not good enough, but even finer frequency step can be 

achieved by using a Sigma Delta modulator (see section 3.2.4) [1].  

 
Eq. 11 

 The OTW is divided into a 6-bit integer part (OTWI) and a fractional part (OTWF). 

OTWI may adopt integer values between 0 and 63. The integer part controls the TRK- 

capacitor bank (see Figure 10) and the fractional part is input into the Sigma Delta 

modulator (see 3.2.4) [1]. 

The TRK capacitor bank is arranged in a different way compared to the PVT and 

ACQ capacitor banks. A change of 1 LSB of binary weighted capacitors can make 

every capacitor to toggle (e.g. when change from 31 to 32 will make 6 capacitors to 

toggle), this gives rise to switching noise [1]. This behavior is not desirable in TRK-

mode because it is not unlikely that the OTW will toggle between two values, for 

example 31 and 32. A better solution is to use an array of unit-weighted capacitors. A 

change of OTW from 31 to 32 of unit-weighted capacitors will just toggle one 

capacitor [1].  

The value of the unit-weighted capacitors is referred to Cu and can be calculated 

according to Eq. 12. The values of Cmax and Cmin depend on the frequency range in 

TRK mode and can be calculated according to Eq. 6 and Eq. 7. 

 
Eq. 12 

 The resulting TRK capacitance C
T
 can be calculated by Eq. 13. 

 Eq. 13 
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C
A
 corresponds to the ACQ-bank capacitance.  corresponds to the compensation 

of the TRK frequency span. The third term corresponds to the TRK capacitor bank 

contribution depending on the integer part of OTW ( - OTWI corresponds to 

inverting the OTW, as discussed in previous section). When the loop is locked the 

ADPLL is in steady state and the wanted output frequency fout can be calculated 

according to Eq. 4 with Ctot = C
T
. 

3.2.3 Gain normalization 

The DCO gain (KDCO) corresponds to how much the output frequency is changed by 

an LSB integer change of the OTW (i.e. turning on or off one capacitor) [1]. Due to 

the fact that the DCO operates in three different modes which all have different 

frequency ranges, the DCO gain will be different in each mode. The DCO gain in each 

mode can be calculated by Eq. 14, where b corresponds to the number of OTW bits in 

each mode and F.R corresponds to the frequency range in each mode.   

  Eq. 14 

In the gain normalization block in Figure 11 the NTW is normalized into the OTW by 

the reference frequency (fref) divided by the estimated DCO gain (KDCOest) [1].  

 

Figure 11. Normalized DCO. (From [7]) 

Due to the analog nature of the DCO, the DCO gain will be dependent on process and 

environmental factors and can never be known precisely [1]. The DCO gain is 

estimated in order to prevent the influences of process and environmental factors 

variations. The total normalized gain KnDCO is Eq. 15. 

 
Eq. 15 

If KDCOest is estimated correctly, the relation between KDCO and KDCOest would be equal 

to 1 and KnDCO would be equal to fref.  

References [1] describe that incorrect DCO gain affects the accuracy of the loop gain 

which in itself is not so important. Problems arise, however, if the ADPLL is going to 

be used as a modulator. 

How KDCOest is estimated will not be treated in this report since the project is limited to 

use a fixed FCW. However, references [1] and [7] present one way to estimate the 

“just-in-time DCO gain”. 
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3.2.4 Sigma Delta modulator 

A Sigma Delta modulator (SDM or ∑∆) transforms a high resolution signal to a lower 

resolution signal. The technique is used, for example, in frequency synthesizers, 

switched-mode power supplies, analog-to-digital converters, digital-to-analog 

converters and digital-to-digital converters.  

In the ADPLL the modulator is used as a digital-to-digital converter. By applying the 

SDM, it is possible to increase the frequency resolution of the DCO. In the TRK-mode 

of the DCO (see section 3.2.2), the fractional part of OTW is input to the SDM (see 

Figure 12). The input is a fractional fixed-point number and the output is a stream of 

integers with a mean value as the fractional number. A simple example with a 

fractional part of 0.25 could generate the output stream: 0, (-1), 2, 0 (mean = 0.25). 

The SDM is clocked with a frequency greater than the reference frequency. Because of 

the higher frequency, it is possible to use the integer stream to switch the least 

significant capacitors in the DCO during a reference cycle. This results in better phase 

noise properties. Reference [1] describes how the frequency resolution of the DCO 

changes depending on the input word precision. A 5-bit precision on the input would 

produce a 32 (2
5
) times as good frequency resolution. However, it is important to note 

that this frequency resolution do not correspond to the frequency resolution of the 

entire PLL. 

 

Figure 12. Sigma delta modulator in the ADPLL 

A number of modulator types exist, and each type has its own advantages and 

 disadvantages. The types can roughly be categorized in single staged and cascaded. 

Unlike their analog counterparts, there are no non-idealities in the digital SDMs. The 

single staged category involves both feed-forward and feedback types. The category of 

cascaded modulators contains several variants of Multi-stage noise shaping (MASH) 

structures. The architecture for second order modulators is unanimously MASH 1-1 

[16].  

A first order MASH only consists of an integrator and a latch and is connected 

according to Figure 13. The transfer function is described in Eq. 16. 
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Figure 13. A first-order MASH. 

 Eq. 16 

Avoiding spurs generated by SDM requires tackling of the periodicity. This is 

achieved partly by means of architecture at SDM, but also on the word length (how 

many bits precision that has been used). To further prevent limit cycles in the 

modulator, one way is to let the LSB be set to one [16].  

3.2.5 PD – Phase Detector 

Since the ADPLL not only should be capable to deal with an integer FCW but also a 

fractional FCW, it is not enough to just measure the phase difference at every 

reference edge. Figure 14 illustrates that the signals are not in “absolute “phase at each 

flank. It is therefore necessary to implement further control-mechanisms.  

 

Figure 14. Clock diagram. [1] 

The phase detector keeps track of the phase with help of two accumulators and the 

fractional error (-ε). The accumulators are named as reference phase accumulator ( ) 

and variable phase accumulator ( ). The reference phase accumulator stores the 

FCW value in every reference cycle such as RR[k] = RR [k-1] + FCW, where k is the 

fref transition. The variable phase accumulator counts the number of CKV transitions. 

The fractional error is generated by the TDC and is further described in section 3.2.6.  

The equation for the phase detector is given by Eq. 17 [6] where  is the phase error 

which should be a constant value when the phase is locked. The signal path is described 

by Figure 15. 

 Eq. 17 
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Figure 15. Phase detector 

To distinguish between integer part and fractional part Eq. 17 can be rewritten as Eq. 

18. When the equation is considered in this way it is easier to understand that the 

phase detector keeps track of both the integer and fractional part [1].  

 Eq. 18 

Table 2 is a numerical example of the scenario illustrated in Figure 14. The scenario is 

ideal, with all clock pulses at the right time. If the periods would differ the phase error 

would be nonzero. The FCW is for simplicity 2.25 in this example. The number of 

CKV transitions is denoted as n and the number of reference transitions is denoted k. 

Table 2. Numerical example corresponding to Figure 14. FCW = 2.25 

n k     

0 0 0 0 0.00 0 

1 0 0 0 0.00 0 

2 0 0 0 0.00 0 

3 1 3 2.25 0.75 0 

4 1 3 2.25 0.75 0 

5 2 5 4.50 0.50 0 

6 2 5 4.50 0.50 0 

7 3 7 6.75 0.25 0 

8 3 7 6.75 0.25 0 

9 4 9 9.00 0.00 0 

10 4 9 9.00 0.00 0 

11 4 9 9.00 0.00 0 

12 5 12 11.25 0.75 0 
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3.2.6 TDC – Time to Digital Converter 

The Time to Digital Converter (TDC) provides the Phase Detector, 3.2.5, with the 

fractional error. The TDC measures the timing difference between the reference 

transition and the immediately before occurring output transition [1]. The difference is 

referred as . Input signals to the TDC are thus the reference frequency and the 

output frequency to measure the difference and the retimed clock to avoid 

metastability, see Figure 16. 

 

Figure 16. TDC 

Reference [4] describes a way to perform this calculation in hardware which is based 

on a long inverter chain.  is measured in number of inverter delays (see Figure 17).  

 

Figure 17. Time measurement in number of inverter delays. 

The smallest measureable interval is determined by the delay of one inverter (e.g. 15 

ps for a 90-nm CMOS process), denoted . For this reason a quantization error 

will occur. The quantized time difference is named . The quantization is 

illustrated in Figure 18. 

 

Figure 18. TDC quantization. 



19 

 

The output from the TDC is the fractional error, ε[k], which is calculated according to 

Eq. 19.  is normalized with the averaged DCO clock period, .  is also 

measured in inverter delays according to Eq. 20 and Figure 17. Since both numerator 

and denominator have the “unit” inverter delays it can be shortened away.  is 

averaged in order to linearize the DCO period [1].  

 
Eq. 19 

 Eq. 20 

If the FCW would be an integer the fractional error would be rather constant but since 

that is not the case the fractional error will increase or decrease linearly in the modulo 

(0, 1) range [1]. 0<FCWF<0.5 will decrease, 0.5<FCWF<1 will increase. FCWF = 0.25 

produces the fractional error sequence  1, 0.75, 0.5, 0.25, 1, 0.75… which corresponds 

to accumulated FCWF sequence 0, 0.25, 0.5, 0.75, 0, 0.25… How fast the modulo 

counter overflows is determined by FCWF and is denoted as the fractional rotational 

speed [1].  

3.2.7 Digital Loop Filter 

The digital loop filter (LF) is a PI-controller that operates in discrete time. The LF 

controls the Normalized Tuning Word (NTW) depending on the phase error (Φ) 

(Figure 19). Φ is the phase difference between the reference phase and the output 

phase, see section 3.2.5. The PI-regulator consist of one proportional (P) term and one 

integrating (I) term (Figure 20), thereof the name PI-controller. To put it simply one 

could say that KP determine the speed of the regulator (i.e. how fast the right level is 

reached) and KI together with the integrator eliminates the static error of the signal 

[17]. 

 

 

Figure 19. PI regulator Figure 20. Loop filter 

The Z-domain expression of the loop filter in Figure 20 becomes Eq. 21 [18]. 

 Eq. 21 

To transfer the Z-domain expression in Eq. 21 into a discrete-time expression, we use 

the relationship in Eq. 22 [19]. Where k is the actual timestamp and n is the delay of 

the signal.  

 Eq. 22 

 The discrete-time expression for the loop-filter then becomes Eq. 23. 

 Eq. 23 

 

Z-1 Ki 

Kp
 

NTW[k]
 

φ[k]
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An ADPLL with both a proportional and integrating term in the loop filter as in Figure 

20 is referred to a TYPE II ADPLL while a ADPLL with only a proportional term in 

the loop filter is referred to a TYPE I ADPLL [1]. The NTW expression for a TYPE I 

ADPLL becomes a simple multiplication according to Eq. 24. 

 Eq. 24 

In section 3.2.2, three different operation modes of the ADPLL was introduced (PVT, 

ACQ and TRK). Advantages can be taken by having the possibility to change between 

TYPE I and TYPE II ADPLL in the different modes [1]. By turning off the integrating 

term (i.e. KI = 0) and increasing KP the in PVT and ACQ mode a faster settling time of 

the ADPLL can be achieved. In these modes only a rough settling of the frequency is 

made and because of that, it is possible to turn off the integrating term. It gives rise to 

a faster system but a wide loop-bandwidth.  

The actual transmitting and receiving is done when the ADPLL is in TRK mode, the 

loop-bandwidth and error eliminating is now of much greater importance. The 

integrating term is therefore turned on again and the proportional term is decreased.  

If necessary, a low-pass IIR-filter (Infinite Impulse Response) can be connected in 

cascade with the loop-filter. The purpose of the IIR-filter is to attenuate unwanted 

spurs and phase noise at higher frequencies in order to obtain the phase noise demands 

[1]. The cut-off frequency needs to be higher than the loop bandwidth in order to not 

affect the loop properties to much. 

The IIR filter can be connected in cascade according to Figure 21.  

 

Figure 21. Loop-filter with a low-pass IIR filter in cascade. 

There are many ways to implement an IIR filter. Two possible ways are described in 

this section. If needed one could of course implement more advanced higher order 

filters, as long as they are stable.  

One way to implement the IIR filter is by the second order direct form transposed IIR-

filter, shown in Figure 22.  

 

Figure 22. 2
nd

 order Direct form II transposed IIR-filter [20] 

 

Z-1 Ki 
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NTW[k]
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The discrete time expression of the filter becomes Eq. 25 

 Eq. 25 

When convert the expression into the Z-domain, the transfer function in Eq. 26 is 

obtained. 

 
Eq. 26 

The filter characteristic is determined by the filter coefficients (b0, b1, b2, a1 and a2).  

Complex higher order IIR filters can easily become unstable. In order to prevent this, 

the IIR filter can be realized as single-pole IIR filters, which are unconditionally stable 

[1]. A single pole IIR does not attenuate the signal at the stop-band very much. To 

obtain greater attenuation, several single-pole filters can be connected in cascade 

according to Figure 23. If, for example, the filters are identical and the signal in the 

stop-band is attenuated by 10-dB/decade with one filter, then the total attenuation in 

the stop-band with four filters in cascade will become 40-dB/decade.  

 

Figure 23. Four single-poles IIR in cascade. 

The single-pole IIR is realized according to Figure 24. 

 

Figure 24. Single-pole IIR. 

The discrete-time expression of one single-pole IIR becomes Eq. 27 [1]. 

 Eq. 27 

In Eq. 28 the expression is transferred into the Z-domain, and the Z-domain transfer 

function is shown in Eq. 29.  

 Eq. 28 

 
Eq. 29 

[k] filt[k] y1 y2 y3 
 

Single-pole IIR Single-pole IIR Single-pole IIR Single-pole IIR 

 y[k] x[k] 

z-1 

λ 
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The factor λ determine the filter characteristics of the filter, such as cut-off frequency 

and attenuation in stop-band. The cut-off frequency for one single-pole IIR filter can 

be calculated according to Eq. 30 [1]. 

 
Eq. 30 

The total transfer function of the whole IIR (HIIRtot) simple becomes the product of the 

single-pole IIR transfer functions (Eq. 31) [1]. 

 Eq. 31 

3.3 Phase-noise in ADPLL 

In order to get a realistic model of the ADPLL it is necessary to model the possible 

noise-sources of the system. Due to the digital nature of the system, the only places 

inside the ADPLL where noise will be generated are the DCO and the TDC [1]. Noise 

may also be generated outside the ADPLL by the reference frequency source. As a 

limitation of this model, outside generated noise will not be taken into account.  

3.3.1 DCO phase-noise 

Due to noise in a non ideal DCO there will be small fluctuations of the ideal period 

(tCKV) in Figure 6 [1].  

Figure 25 shows the double sided phase-noise spectrum of an ideal and a practical 

DCO. In an ideal DCO, all the energy is concentrated at the oscillating frequency ωc. 

In a practical DCO, however, the amplitude and phase will vary with time so that the 

energy is spread out over the frequency band and create “skirts” around the oscillating 

frequency [1]. Normally the amplitude variations can be neglected so that only the 

random phase fluctuation ( ) is considered according to Eq. 32.  is referred as 

the phase-noise [5]. 

 Eq. 32 

The phase-noise is quantified into a 1 Hz unit bandwidth on a distance ∆ω away from 

the oscillating frequency ωc [1]. 

 

Figure 25. Output spectrum of ideal and practical DCO [1] 

Figure 26 shows the single-sided phase-noise spectrum of a practical oscillator. The 

power of the single-sided phase noise is simply half of the double-sided phase noise. 
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The phase-noise of the oscillator consist of up-converted 1/f noise (1/ω
3
), up-

converted thermal noise (1/ω
2
) and flat electronic noise (1/ω

0
) [1].  

 

Figure 26. Phase noise spectrum of an DCO [1] 

The 1/ω
2
 region has a slope of 20-dB/decade and is caused by white or uncorrelated 

timing fluctuations of the oscillating period. This noise is referred as the thermal noise 

or wander noise region. The 1/ω
2
 noise is the most dominant noise source of the DCO 

[1].  

The flat electronic noise (1/ω
0
) is also referred as jitter noise and cause small 

fluctuations of each oscillating period.  

The up-converted 1/f noise (1/ω
3
) is also referred as flicker noise and occurs in almost 

all electronic devices [1]. This noise only affects lower offset frequencies. In section 

3.4 it will be shown that the TDC noise is dominant at lower frequencies while the 

DCO noise will be dominant at higher frequencies. Due to this, the flicker noise will 

affect the performance of the ADPLL very little and is therefore not taken in to 

account in this model.   

3.3.2 TDC noise 

Noise from TDC arises in the calculation of the fractional error. This occurs because 

the reference frequency and the output frequency are continuous in the time domain. 

The noise level at the lower frequencies is determined by the TDC quantization noise. 

The TDC error contains several components: quantization, linearity and randomness 

due to thermal effects. The quantization noise is given by Eq. 33 where  is the 

TDC resolution,  is the period of the output frequency and  is the reference 

frequency [1].  

 
Eq. 33 

Table 3 provides a set of calculated values. A guideline value is 15 ps for a 90-nm 

CMOS process [6]. 
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Table 3. TDC quantization noise 

  

 

 
15 ps -99.4 dBc 

20 ps -96.9 dBc 

30 ps -93.4 dBc 
 

3.3.3 Integrated phase noise and phase jitter 

In order to more clearly represent the impact of the phase noise on a communication 

system, it is common to integrate the phase noise. The integration range is not 

absolute. The lower limit is at 0,001R to 0,05R and the upper limit is equal to R, where 

R is the symbol rate for the digital communication system [21]. For WCDMA with a 

symbol rate of 960 kbps an appropriate integration range could therefore be from 10 

kHz to 1 MHz. Through measurements, it can easily be shown that the accuracy of the 

integration range is rather unimportant since most of the spectral energy is around the 

cut-off frequency. 

In a phase modulated system the integrated phase noise is often recalculated as RMS 

phase jitter expressed in radians, denoted as σφ, according to Eq. 34. By using Eq. 35 

the phase jitter can be expressed in seconds, σs [21].  

 

Eq. 34 

 
Eq. 35 

3.4 S-domain model 

In order to investigate how the loop parameters affect the dynamic behavior of the 

system, such as stability, settling time and loop bandwidth, it is appropriate to create 

an S-domain model of the system and investigate poles and zero placing.  

Laplace operates in continues time while its counterpart in discrete time is the Z-

transform [19]. A Z-domain model would be a more correct choice when modeling a 

discrete time system, it is however easier to study how the pole and zero placements 

influence the system in the S-domain [19]. It is possible to approximate a discrete time 

system into the S-domain according to Eq. 36 if the sampling frequency is much 

higher than the frequency of interest. A rule of thumb is that the PLL loop bandwidth 

must be at least 10 times smaller than the sampling frequency, in order to be able to do 

this approximation [22]. In this case the sampling frequency (fref) is much higher than 

the wanted loop bandwidth so the approximation is possible to do.   

 Eq. 36 
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When analyzing the ADPLL in the S-domain, we first need to find the transfer 

function of the ADPLL together with the noise sources. Figure 27 illustrates the S-

domain model of the proposed ADPLL, the model is based on reference [1]. The input 

signals of the S-domain model are the reference phase, the DCO phase noise and the 

TDC phase noise (Figure 27). We assume that the reference signal is noise-free and 

that the quantization noise from the Sigma-Delta is below the noise floor and do not 

affect the phase noise spectrum. 

 

Figure 27. Linear S-domain model of the proposed ADPLL with noise sources. (Based on [1]) 

The Z-domain transfer function of the integration block in the Loop-Filter in Figure 20 

becomes Eq. 37 [18].  

 
Eq. 37 

In Eq. 38 the Z-domain transfer function is transformed in to the S-domain by using 

the approximation in Eq. 36. 

  Eq. 38 

In order to simplify the derivation of the transfer functions of the signal sources, the 

model could be simplified into the box-diagram in Figure 28 [17].  

 

Figure 28. Simplified box-diagram of the ADPLL 

The expression of how the output signal Y depends on the input signals n1, n2 and R is 

derived in Eq. 39. The closed loop transfer functions for n1, n2 and R are shown in Eq. 

40. 

  Eq. 39 



26 

 

 
Eq. 40 

Assume that KDCOest is estimated correctly so that KDCO/KDCOest equals one (see section 

3.2.3). By identification from Figure 27 we get: 

  (Reference phase) 

   

  

  

  (Phase noise from DCO) 

  (Phase noise from TDC) 

The factor G(s)*Fy(s) is present in the denominators of all three transfer functions in 

Eq. 40. This factor is referred as the open loop transfer function Hol(s). The open loop 

transfer function is shown in Eq. 41 and corresponds to the loop gain of the system 

[17]. Since Fy(s) is equal to 1, the open loop transfer function is equal to G(s) (see Eq. 

41). 

 

Eq. 41 

The open loop transfer function have two poles in origin and one zero in s = -

KI*fref/KP). 

The transfer function for the reference signal (HREF), the DCO noise (HDCO) and the 

TDC noise (HTDC) can now be expressed with the open loop transfer function 

according to Eq. 42. 

  Eq. 42 

This result in, after some equation rewriting, following transfer functions: 

 
Eq. 43 

 
Eq. 44 

 
Eq. 45 

Figure 29 shows the transfer function of the DCO phase noise (HDCO(s)) together with 

the modeled DCO phase noise. This transfer function is of high-pass characteristic 

which result in that the DCO noise will be dominant at high frequencies. The DCO 

noise is modeled as wander noise (thermal noise) with a -20dB/decade slope that goes 
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through the point -132 dB at 3.5 MHz and as jitter noise (flat electronic noise) with a 

noise floor at -150 dBc. The total contribution of the DCO phase noise is displayed as 

the thick solid line in Figure 29.  

 

Figure 29. Bode plot of DCO phase noise with transfer function 

HDCO(s). fref  = 26 MHz, KP = 2
-5

, KI = 2
-11

. 

Figure 30 shows the transfer function TDC phase noise (HTDC(s)) together with the 

modeled TDC noise. The TDC noise is modeled as white noise with amplitude of -

99dBc as described in 3.3.1. Because of the low-pass characteristic of HTDC(s) the 

TDC noise will be dominant at low frequencies. The resulting TDC phase noise 

contribution is displayed as the thick solid line in Figure 30.  

The transfer function of the reference signal (HREF(s)) has the same characteristics as 

HTDC(s) except the factor FCW. 

 

Figure 30. Bode plot of TDC phase noise with transfer function 

HTDC(s). fref  = 26 MHz, KP = 2
-5

, KI = 2
-11

. 
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The resulting phase noise spectrum with contributions of the TDC and DCO noise is 

shown in Figure 31. The dashed lines are the contribution of the DCO and the TDC 

phase noise respectively and the solid line is the resulting phase noise. As can be seen, 

the TDC noise will be dominant at low frequencies and even if an extra 10-db/decade 

slope of the DCO noise due to flicker noise would be added the TDC noise would still 

be dominant. This motivates that the flicker noise is not needed to be modeled (section 

3.2.2).    

 

Figure 31. Bode plot of the total phase noise with contribution 

from TDC and DCO. fref  = 26 MHz, KP = 2
-5

, KI = 2
-11

. 

When the transfer functions now are derived it is possible to investigate how the 

dynamic properties of the system are affected by zero and pole placement. The main 

features of how the zero and pole placing affect the system is:  

Zero placing: 

 Loop bandwidth. 

 How the input and the output signal are connected to the system [23]. 

 Influence most on the initial behavior of the system [23]. 

Pole placing: 

 Loop bandwidth 

 System stability [23]. 

 System speed (poles distance to origin) [23].  

 Damping (ζ, depends on the poles angle from the real axis) [23]. 

The TDC noise transfer function (HTDC) has one zero according to Eq. 46. Since KI, fref 

and KP are all real and positive, the zero will always lay on the real left plane axis. 

This means that the step response will always start to go upward [17]. 

 
Eq. 46 
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HTDC has two poles according to Eq. 47.  

        (Poles) 
Eq. 47 

A positive term under the radical sign in Eq. 47 will give real poles while a negative 

term under the radical sign in Eq. 47  will give complex-conjugated poles.  

Complex-conjugated poles give rise to ringing at the settling, and the real part 

determines how the amplitude of the signal is changed by time [17]. If the real part is 

positive, the amplitude will increase with time and the system becomes unstable, while 

a negative real part decreases the amplitude with time [17].  

The poles will always be placed in the left half-plane since KP > 0 and fref > 0, this 

result in that the system never will become unstable [19]. 

If KP >> KI and fref is fixed, the main factor that determines the pole-placing is KP. A 

large value of KP place the poles far away from origin and give rise to a fast system, 

but also leads to that the gain increases and the signal may be changed to fast.  

The relationship between KP and KI in Eq. 48 is referred as the damping factor (ζ) of 

the system. ζ determines the angle from the real-axis to the poles [1].  

 
Eq. 48 

Figure 32 illustrates how the poles and the zero placing are affected by KP and ζ. 

 

Figure 32. Pole and zero placing depending on KP and ζ. 

In Figure 33 the step-response of HTDC(s) are plotted for different values of ζ. When ζ 

= 0.1 the system becomes under-damped and ringing occurs. Due to the fact that the 

real part is negative, the amplitude decreases with time. If ζ ≥ 1/√2 the poles will be 

placed within 45˚ from the real-axis and no ringing will appear. 
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Figure 33. Step-response for HTDC(s) with different 

damping-factors ζ. fref = 26 MHz, KP = 2
-5

. 

The settling time of the ADPLL is defined as the time it takes for the loop to settle to 

the wanted output frequency [2]. As seen in Figure 33, if the system is under-damped 

(ζ = 0.1) gives fast rise-time, with a big overshoot and then ringing until the right level 

is settled. When ζ = 0.707, the rise-time increase, the overshoot decrease and no 

ringing occurs, this results in that the settling time becomes almost the same as for ζ = 

0.1. When ζ = 2 the system become very stable, but the rise time and the settling time 

are slower.     

The loop bandwidth is defined as the frequency when the magnitude of HOL(s) = 1 (0 

dB) [12]. This means that the amplitude is attenuated by ½ (3dB) from the original 

signal level (Eq. 49). 

 
Eq. 49 

In Figure 34 the open loop transfer function for different KP values are shown. The 

damping factor ζ is set to 1/√2 in order to stay in the area without ringing, when 

moving the poles closer to the origin by decreasing KP, the loop-bandwidth decreases 

as well.  

 

Figure 34. Loop bandwidth dependence on KP. Bode plot 

of HOL(s), fref  = 26 MHz,  ζ = 0.707. 
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Figure 35 and Figure 36 illustrates how the phase noise of the TDC and DCO is 

affected when changing the loop bandwidth. The solid lines correspond to the transfer 

functions, the dashed lines to the noise sources and the dotted lines to the resulting 

phase noise.   The total phase noise and the phase margin are shown in Figure 37.  

  

Figure 35. Bode plot of HTDC(s) and the total 

TDC phase noise when varying KP. fref  = 26 MHz,  

ζ = 0.707. 

Figure 36. Bode plot of HDCO(s) and the total DCO 

phase noise when varying KP. fref  = 26 MHz,  ζ = 

0.707. 

 

Figure 37. Bode plot of the total phase noise when varying KP. 

fref  = 26 MHz, ζ = 0.707. 

The stability of the system is related to the phase margin (P.M), a higher phase margin 

implies a more stable system [12]. The loop phase margin is defined at the frequency 

when the magnitude of HOL(s) = 1 (0 dB) (loop bandwidth) [12]. A phase margin of at 

least 30˚ is required to get acceptable stability of the loop [2]. 

 
Eq. 50 
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The phase margin when KP =2
-5

 and ζ = 0.707 is 65˚ as illustrated in Figure 38. 

 

Figure 38. Phase margin of the open loop transfer function HOL(s) 

when ζ = 0.707, KP = 2
-5

, fref  = 26 MHz. 

If KP is fixed and ζ varies, the phase margin will vary.  Figure 39 shows a bode plot of 

HOL(s) for varying ζ, as can be seen the phase margin decreases when ζ decreases. 

When ζ = 0.1 the phase margin is 12˚ (180˚-168˚) and does not satisfy the stability 

condition. With ζ = 0.3 the stability condition is satisfied with a phase margin of 45˚. 

(Note that if ζ is fixed and the loop bandwidth is changed by changing KP the phase 

margin will not be affected). 

 

Figure 39. Phase margin of the open loop transfer function 

HOL(s) when varying ζ. fref  = 26 MHz, KP = 2
-5

. 
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If the IIR filter is turned on, the IIR transfer function needs to be taken into account in 

the other transfer functions.  

If the four stage single pole IIR filter from section 3.2.7 is implemented, the HIIR(s) 

becomes.  

 
Eq. 51 

The S-domain transfer function for one single pole IIR is Eq. 52 [1]. 

 

Eq. 52 

The λi factors determine the cutoff frequency and the attenuation, if they are chosen to 

be λ1 = 2
-2

, λ2 = 2
-1

, λ3 = 2
-1

, λ4 = 2
-1

 the filter-characteristics in Figure 40 are obtained. 

The figure displays when one, two, three and four single pole IIR’s are connected in 

cascade respectively. With four single poles IIR’s in cascade the cut-off frequency is 

approximately 800 kHz and the attenuation in the stop-band is 30 dB.   

 

Figure 40. Filter characteristic for the IIR filter with one, two, three and four 

single pole IIR’s in cascade respectively. λ1 = 2
-2

, λ2 = 2
-1

, λ3 = 2
-1

, λ4 = 2
-1

. 

When the IIR is connected the open loop transfer function HOL(s) becomes.  

 Eq. 53 

This results in Eq. 54. 

 

Eq. 54 
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The phase margin of the loop when the IIR filter is connected is shown in Figure 41. 

As can be seen the phase margin is decreased to 55˚ but the phase margin condition is 

still satisfied and the loop will be stable. 

 

Figure 41. Phase margin of the open loop transfer function HOL(s) with 

IIR filter connected. fref  = 26 MHz, KP=2
-5

, ζ = 0.707. 

According to Eq. 42, the transfer functions for the closed loop, DCO-noise and TDC-

noise can be expressed with HOL(s). The total phase noise with and without the 

proposed IIR filter is shown in Figure 42. As can be seen the IIR suppress the noise 

from approximately 800 kHz but does not affect the loop bandwidth. 

 

Figure 42. Total phase noise spectrum with and without IIR filter. fref  = 26 

MHz, KP = 2
-5

, ζ = 0.707. 
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4 Modeling  

4.1 Modeling and simulation technique idea 

Because of the impossibility to breadboard an integrated circuit and because of the 

high manufacturing costs, simulation tools are essential for the circuit developing 

process. It is necessary to predict the circuit behavior and to check the integrity of the 

design before first prototype [1].  

Accuracy, performance, capacity, speed and ease of use are all important parameters 

to have in mind while working with simulators. A SPICE simulation is not time-

efficient when several blocks should be tested from a system level view or when the 

difference in time resolution between input and output is big. This is because of the 

short time steps which are necessary to get a realistic simulation result [24]. System-

level simulators such as Simulink or SPW (Signal Processing Worksystem, by 

CoWare) are operating in an oversampled environment. These simulators also have 

their limits in the extremely short time steps, which is due to an over-sampled clock. 

Oversampling the RF waveform of around 2 GHz carrier (WCDMA) would generate 

an excessive amount of samples; this exposes the inefficiency of the oversampling 

technique [1].  

One solution to the time step problem is to use an event-driven simulation. This 

technique is based on only studying the events on each flank. In this way, very time 

efficient simulations are performed [6]. The challenge is to create a realistic model. 

The difference in time resolution between the reference frequency (fref) and the output 

frequency (fCKV) is big. The reference is at most few tens of MHz while the output is in 

the GHz range. All the sub-blocks in the ADPLL should be tested together from a 

system-level view. These factors will result due to an event-driven simulation 

technique is the most suitable.  

A number of articles have been published on the topic event-driven simulation 

techniques for an ADPLL. No one gives a complete solution, but focuses on a specific 

part of ADPLL. Reference [1] presents a VHDL based event-driven model with 

emphasis on modeling of the oscillator and the time-to-digital converter. Reference [6] 

presents a model which is more suitable for high-level programming languages.  

The implemented behavioral model is based on reference [6] which demonstrates that 

it is possible to model the ADPLL by merely studying the transitions (conventionally 

rising) of the clock signals tref, tCKV and tCKR. By handling each clock domain 

separately, the moment of every transition can be identified by progressively 

increasing pointers which indicating the completion of a full clock cycle.  The index 

for tref is denoted k and the index for tCKV is denoted n. By using these pointers, it is 

possible to synchronize data flow between the DCO, loop filter, phase detector, etc.   

The timestamps for the transitions is created on-the-fly which gives us the ability to 

add noise, this is accomplished by varying the transitions from the ideal ones. This 

allows an adequate modeling of the TDC and the retiming process. Since all values of 

tref and tCKV are available a separate vector for tCKR is not necessary. In other words, the 

system can be modeled without handling a retimed clock signal. The pseudocode in 

Figure 43 demonstrates the basic model. 
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For each f cycle 
Accumulate FCW: 

Generate f  clock transition:  

 
While t [n] < t [k] 

∑∆ -Modulator 
DCO 

Generate f  clock transition:  
End 
 

TDC – calculate the timing difference 
Phase detector 

Loop filter 
Generate the current oscillator tuning word 

End 

Figure 43. ADPLL modeling pseudo code 

The model is implemented in Matlab because of its high flexibility during 

development, its user-friendly syntax and the fact that the code does not need to be 

compiled. Matlab also includes a large variety of analytical tools. To facilitate the 

development and to provide transparency and establish effective code the system is 

divided into sub-functions using m-files. 

4.2 Discrete Fourier transform (DFT) 

To study the phase noise of the ADPLL a DFT periodogram is used. Reference [25] 

describes that the periodogram has good frequency resolution and is mean value true 

for large values of N, where N is the number of samples. Unfortunately, the 

periodogram is much flapping because of its variance does not diminish when N 

grows. The flapping makes it difficult to interpret the periodogram. There are various 

ways to reduce the variance, but all with the price that the frequency resolution 

deteriorates. 

One way to reduce the variance is averaged periodogram. A method called Welch 

method is based on a separation of the samples into equal segments. The DFT is then 

performed at each segment before they were merged again. The size of segments 

(number of segments) determines how much the variance is reduced. A balance must 

be done to not lose too much of the frequency resolution [26].  

In the model the guideline value of 8 segments is used [26].  
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4.3  Modeling of the ADPLL 

The Matlab model of the ADPLL is modeled according to the box-diagram in Figure 44. The 

main difference compared to the box-diagram in the theory section (Figure 3) is that the 

retiming circuit is removed and that the Mode Switch block is added. 

 

Figure 44. Box-diagram of the modeled ADPLL. 

4.3.1  Mode switch  

In order to handle the three different operating modes, for loop filter and DCO, a 

control unit is implemented. The control unit decides when it is time to change mode. 

Since the project is limited to handle a fixed FCW the mode switch only handles 

changes in one direction (PVT-mode → ACQ-mode → TRK-mode). The mode switch 

controls a number of previous values and when the derivative is approaching towards 

zero, the mode is changing. As the project focuses on the phase noise properties the 

device is not optimized for best settling time.  
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4.3.2 DCO  

The center frequency of this ADPLL is specified to 2045 MHz and the ADPLL should 

be able to lock frequencies in the range from 1920 MHz to 2170 MHz. The properties 

of the different modes are presented in Table 4. 

Table 4. Frequency properties in each mode with default settings.  

Mode 

Frequency 

range 

(F.R) 

Center 

frequency 

(fc) 

Frequency 

span 
Specification 

OTW 

integer 

bits  

(b) 

Frequency 

step 

(∆fLSB) 

PVT 500 MHz 2045 MHz 1795 - 2295 

MHz 

1920 – 2170 

MHz 

8 1.95 MHz 

ACQ 100 MHz fc
P 

fc
P 

± 50 MHz - 8 290 kHz 

TRK 2 MHz fc
A 

fc
A 

± 1 MHz - 6 31.3 kHz 
 

At the initialization of the DCO, all the settings such as the fixed inductance (L), the 

center frequency (fc) and the frequency ranges (F.R) for each mode are read in. The 

fixed capacitance C0 that also includes all the parasitic capacitances is established by 

the upper limit frequency in PVT-mode.  

 

Figure 45. Structure of the DCO. 

The LSB capacitances (∆CLSB) for each mode are calculated according to Eq. 55 - Eq. 

59, where b is the number of integer bits of the OTW in each mode, the default value 

of L is 1nH and the default values of frequency ranges are presented in Table 4.  

  Eq. 55 

 
Eq. 56 

  Eq. 57 
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  Eq. 58 

  Eq. 59 

It should be noted that the capacitance values for the ACQ and TRK banks are 

calculated with the initial center frequency (fc). In reality the center frequency for each 

mode are decided by the previous mode (fc
P
 and fc

A
) according to the selected output 

frequency. This will make the frequency ranges vary a bit depending on the chosen 

output frequency. Because of the impossibility to change the capacitances values when 

the chip is processed, the initial center frequency is the best choice to calculate with.  

The calculated values of the fixed capacitance C0 and the LSB capacitances in each 

mode with default settings are presented in Table 5. 

Table 5. Calculated capacitances with frequency 

ranges according to Table 4. 

C0 = 7.8 pF 

∆CLSB_PVT = 11.9 fF 

∆CLSB_ACQ = 2.3 fF 

∆CLSB_TRK = 188 aF 
 

When the LSB capacitance of each mode has been calculated, the capacitor bank in 

Figure 46 is created. The capacitor bank in the DCO is modeled as three vectors, one 

for each mode. Each vector contains the respectively capacitance values that are either 

binary weighted or unit weighted. Each vector is multiplied by the inaccuracy factors 

for process and individual variations.  

 

Figure 46. The capacitor bank of the DCO. 

As a result of the inaccuracies on the capacitor-bank and the inductor, the actual 

frequency ranges may be changed. To guarantee that the range in the specification still 

can be reached, the frequency range in the PVT mode is enlarged quite a lot compared 

to the specification demands. Table 4 shows a summary of the frequency properties 

with default setting.  
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The integer part of the OTW consists of 8 bits in PVT- and ACQ-mode and 6 bits in 

TRK-mode.  The smallest frequency step (∆fLSB) in each mode with default settings 

are presented in Table 4. In the theory, if everything is ideal, the frequency range in 

one mode need to be double the frequency step in previous mode in order to be able to 

lock the frequency. Just like for the PVT frequency range, the ACQ and TRK range 

need to be prepared for inaccuracies and also for compensating for moving the output 

frequency from the initial center frequency. The ranges are therefore over-

dimensioned in order to get a flexible system. The frequency step will be bigger 

because of this, but the Sigma Delta modulator will decrease the frequency step (see 

section 4.3.4).    

As an initial condition, half of the ACQ and TRK capacitances are turned on in their 

respectively capacitors-banks and the resulting capacitance together with C0 are stored 

as a start capacitance Cstart. Turning these off again when entering the respectively 

mode will adjust the frequency spans so that the new center frequency (fc
P
 and fc

A
) is 

placed in the middle.  

The input to the DCO-block is the integer-part of the OTW. In the model it is 

converted into binary representation in order to control the capacitor-banks. At each 

positive fref edge (index k) a new value of OTW are read in to the DCO. This OTW 

sets a certain output frequency with period-time Tout. During one fref cycle the DCO 

generates positive CKV edges (index n) with the period-time Tout. The time-stamps for 

the CKV edges are stored in the vector tCKV(n) according to Eq. 60. At every new 

positive fref edge a new OTW is read in to the DCO which result in a new Tout. When 

the output frequency is locked, the Tout will vary very little.     

  Eq. 60 

In Figure 47, an illustrative example of the CKV edge generation is displayed. In this 

example the reference frequency is set to 1 Hz and the output frequency is assumed to 

be locked to 4.25 Hz (FCW = 4.25). Every second a new positive fref edge is generated 

and the DCO generates the CKV timestamps tCKV(n-1)+Tout. (Note that the amplitude 

of the y-axis is only for distinguishing the two signals and have no physical meaning).   

 

Figure 47. Simple example of CKV edge generation. fref = 1 Hz, FCW = 4.25. 
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In reality, the inductance and the capacitances in the DCO will not have ideal values. 

The uncertainty of the components is dependent on variations when processing the 

chip and inaccuracy in each individual component. In order to get a real-life model it 

is necessary to take these inaccuracies into account.  

At the initialization of the ADPLL the ideal component values in the DCO is 

multiplied by the uncertainty value due to processing and individual inaccuracy. Both 

inaccuracy factors are set in percent and can be chosen to be either a fixed value or a 

random number that are normal distributed with the expectation-value 1.  

If random is chosen, the percent value divided by 100 corresponds to 3σ which 

includes 99.6% of the cases. If the inaccuracy for example is chosen to be 20%, 3σ 

will be 0.2 and we obtain the normal distribution in Figure 48. The Matlab function 

randn are used to generate the normal distributed random number in the DCO m-file. 

 

Figure 48. Normal distribution of the multiplying factor if the 

inaccuracies. 3σ = 0.2 

When processing the chip there will be a slow and a fast corner of the silicon die, 

which represent the extreme cases of the component value variations. The process 

parameter inaccuracy makes it possible to simulate these extreme cases. This 

parameter will affect all of the components by the same percentage value. If a fixed 

value is chosen to be, for example, 10% all the component values in the LC-tank will 

be multiplied by the factor 1.1 and in the same way if the fixed value is chosen to be -

10% the multiplying factor will become 0.9.  (Note: The random alternative is 

available for the process parameter inaccuracy in order to be able to simulate process 

variation with for example a Monte Carlo simulation. The Monte Carlo simulation 

technique is however not available in the current simulator.) 

Each component in the LC-tank is assigned their own individual inaccuracy factor that 

they are multiplied with. The logical choice when simulating the internal inaccuracy 

would be that each factor should be a random number in order to obtain different 

multiplying factors on each component. 
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4.3.3 Modeling of DCO phase-noise  

The DCO phase noise is modeled as wander noise (thermal noise) (1/ω
2
) with a 

20dB/decade slope and as jitter noise (flat electronic noise) (1/ω
0
) that forms the noise 

floor. In order to simplify the model we have chosen to not model the flicker noise 

(1/ω
3
) at all. This is because of the fact that the flicker noise affect lower frequencies 

were the TDC noise will be dominant anyway. 

The noise-levels of the DCO are presented in Table 6 [5]. 

Table 6. DCO phase noise profile 

DCO phase noise profile 

Up converted thermal noise -130 dBc @ ∆f = 3.5MHz 

Noise floor (jitter noise) -150 dBc 
 

Figure 49 illustrates the principle of modeling the wander noise. The actual 

timestamps deviates from the ideal timestamps due to the wander noise [5].  

 

Figure 49. Modeling principle of wander noise. (From [5]) 

The oscillator has the period time T0 and each timestamp is dependent on all the 

previous timestamps. The actual timestamps tw[n] is accumulated and is obtained by 

Eq. 61 where ∆T[l] is the deviation in each timestamp due to the wander noise [5]. 

  Eq. 61 

The deviation in each timestamp is normal distributed with the standard deviation σ∆T. 

The standard deviation is obtained according to Eq. 62 where ∆f is the offset 

frequency, T0 is the oscillator period time, f0 is the oscillator frequency and  is the 

noise level at ∆f [5].  

 
Eq. 62 

For the implementation of the event-driven DCO the wander noise expression in Eq. 

61 can be rewritten into Eq. 63 [5]. The ∆T[l] vector is created at the initialization of 

the ADPLL and contains L random numbers where L is equal to the predicted numbers 

of CKV transitions (FCW multiplied by the number of simulated fref transitions). 

  Eq. 63 
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The wander noise standard deviation (σ∆T) is established by Eq. 62 [5]. When f0 = 

2.045 GHz, T0 = 189 ps, ∆f = 3.5 MHz, 

results in σ∆T = 12 fs. 

Figure 50 illustrates the normal distributed wander noise with σ∆T = 12 fs. 
 

 

Figure 50. Normal distribution of the wander noise. σ∆T = 

12 fs (phase noise level at 3.5 MHz = -130 dBc) 

Figure 51 illustrates the principle of modeling the jitter noise. As can be seen, the jitter 

noise gives rise to small fluctuations at each ideal timestamp. Unlike the wander noise, 

the jitter noise is not accumulated and the timestamp-deviations are not affected by 

each other. The jitter noise affects the next timestamp independent on previous 

timestamp [5].  

 

Figure 51. Modeling principle of jitter noise. (From [5]) 

The actual timestamps tj[n] is obtained by Eq. 64 where ∆t[n] is the deviation in each 

timestamp due to the jitter noise [5].  

  Eq. 64 

The jitter noise forms a noise floor at the noise level  independent on the offset 

frequency. The deviation is normally distributed with the standard deviation (σ∆t) 

according to Eq. 65 [5].  

  Eq. 65 

For implementation in the event-driven simulation technique, the expression for jitter 

noise in Eq. 64 can be rewritten into Eq. 66 [5]. The ∆t[l] vector is created in the same 

way as the ∆T[l] vector and with ∆t[0] = 0. 
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  Eq. 66 

The jitter noise standard deviation (σ∆t) is established by Eq. 65 [5]. When f0 = 2.045 

GHz, T0 = 189 ps, results in σ∆t = 111 fs. 

Figure 52 illustrates the normal distributed wander noise with σ∆t = 111 fs. 
 

 

Figure 52. Normal distribution of the jitter noise. σ∆t = 

111 fs (phase noise level  = -150 dBc) 

The total expression for the CKV timestamps with contribution of wander noise (Eq. 

63) and jitter noise (Eq. 66) can be combined into Eq. 67 [5]. 

  Eq. 67 

For implementation in Matlab the summation sign is replaced with a for-loop and the 

Matlab expression becomes Eq. 68 where n represent current CKV timestamp. 

  Eq. 68 

The wander noise vector ∆T[n] and the jitter noise vector ∆t[n] are generated with the 

Matlab function randn and multiplied by the standard deviations σ∆T and σ∆t 

respectively. 

By setting the OTW in the LoopFilter m-file to a fixed value it is possible to simulate 

just the DCO phase noise. Figure 53 shows a simulation of only the modeled DCO 

phase noise and confirms Eq. 67 with a phase noise level -130dBc at 3.5 MHz and a 

noise floor at -150dBc.   
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Figure 53. Simulated DCO phase noise, wander and jitter noise. 

4.3.4 Sigma delta modulator 

To achieve better phase noise properties the fractional part of the oscillator tuning 

word (OTWF) is applied to the sigma delta modulator (SDM). The SDM produces an 

integer stream which is merged with the integer part of the oscillator tuning word 

(OTWI), see Figure 54.  

 

Figure 54. Merging of SDM output with OTWI. 

A first order MASH is periodic and would generate a lot of unacceptably large 

frequency tones. The quantization noise is concentrated at discrete frequencies rather 

than being merged in the noise floor as is in second and higher sigma delta orders [1]. 

A cascade of two first-order MASH gives a second order (MASH 1-1), see Figure 58. 

The transfer function is given as Eq. 69. A comparison of the carry out from the first 

(Figure 55) and the second integrator (Figure 56) demonstrates a much more 

randomized pattern in the second integrator.  

To ensure that the system not becomes periodic a word length of 21 bit is used and the 

least significant bit is set to 1. A positive impact on the entire system has not observed 
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by using high precision. However, there is a big difference if only the SDM 

quantization noise is studied. For that reason, a higher resolution was chosen. 

 Eq. 69 

  

Figure 55. Quantization error of the first 

integrator in MASH 1-1 

Figure 56. Quantization error of the second 

integrator in MASH 1-1 

The output level varies between -1, 0, 1 and 2, see Figure 57. If the output signal is 

averaged the result should correspond to the fractional input word. The more clock 

cycles the SDM runs the more accurate output. If the fractional word is 0.3438 it 

generates an average of:    

0.2778 at 19 cycles,  

0.3506 at 78 cycles  

0.3443 at 1000 cycles 

The fastest the SDM can be clocked is by a fourth part of the output frequency this 

because of logic delays in the SDM circuit. Nor is it justified to clock with higher 

frequency since the power consumption will be unnecessarily high. The fractional 

term is updated at each reference clock flank, which means that an FCW of around 79 

would give the SDM 19 cycles to produce a good average. The legitimate question is 

then: Why use 5-bit accuracy when the output is far away from this accuracy?  The 

explanation is that the SDM is running continuously, which means that the old values 

are still in the process and the input signal varies relatively slow. This means that the 

output signal responding well to the input signal.  

 
 

Figure 57. Output signal in MASH 1-1 Figure 58. MASH 1-1 architecture. 

How fast the SDM is clocked is determined by the divider, see Figure 54. The division 

rate determines where the noise from the SDM will break through the DCO noise. An 

increase in clock frequency means that the SDM noise breaks through at a higher 
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frequency. As mentioned earlier, there is a limit of how fast the SDM is appropriate / 

possible to clock. But from the phase noise point of view, it is better with a higher 

frequency.  In Figure 59 and Figure 60 the phase noise is compared depending on 

clock frequency. Compare how the hump as the SDM create is moving.  

  

Figure 59. Phase noise of the ADPLL. SDM clock 

frequency = CKV/ 8 

Figure 60. Phase noise of the ADPLL. SDM 

clock frequency = CKV/ 4 

4.3.5 Phase detector 

As Eq. 17 describes the phase error ( ) is based on three input signals.  (the 

absolute timing difference given by the TDC),  (the accumulated FCW values) and 

 (the accumulated CKV flanks). To avoid having to deal with infinitely large 

numbers, which will be the result if the flanks are accumulated over a very long time, 

a modulo- operation is performed on the accumulators.  

 

Figure 61. Phase detector 

Because of the modulo operations the phase error will become negative if only one of 

the accumulators has rolled over. To account for this the two’s complement is used for 

the negative values.  
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4.3.6 TDC 

The TDC provides the phase detector with the fractional phase error. As described in 

section 3.2.6 a quantization error will occur. One approach to model the TDC 

quantization is according to Eq. 70 [6].  

 
Eq. 70 

The weakness of the model is that it is not possible to simulate the effects of 

inaccuracies between the inverters in the chain. To get around this a more realistic 

model is introduced. By using a vector containing each delay of the inverter it is easy 

to apply inaccuracies. To achieve quantization the time difference with “infinite”
 1

 

resolution is applied to the vector to see how far the signal would have reached in the 

chain. In Figure 62, a time difference of 38 ps is quantized to 2 delays. As described in 

section 3.2.6 the quantized time difference  is normalized with the averaged 

DCO clock period,  and complemented to 1. 

 

Figure 62. TDC quantization using a delay chain. 

Figure 63 illustrates the need of longer-term averaging in order to linearize the DCO 

period. That appears in the figure, most variations are leveled off at 128 reference 

cycles averaging (the blue line). The number of reference cycles required to perform 

averaging is consistent with the theory in reference [1].  

The period variation, and thus in need of averaging depends in this case only of the 

inverter inaccuracies. In practice the averaging has a double effect, since it is also 

necessary to handle period variations depending of temperature and supply voltage 

variations [1].  

                                                 
1
 The precision of MATLAB sets the accuracy limitations.  However, it is no restriction in the system. 
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Figure 63. TCKV longer-term averaging 

The fractional rotational speed (ω) is verified in Figure 64. With a fractional FCW 

(FCWF) of 0.25 the TDC rotates every fourth cycle. Because the FCWF is less than 0.5 

the fractional error is ramped down. In Figure 65, the FCWF is greater than 0.5 

(0.923099) resulting in an up-ramp. It is not obvious to gather the rotational speed, 

which in this case becomes every 13
th

 cycle. The fractional rotational speed can 

however be determined with Eq. 71. The fractional rotational speed give rise to 

fractional spurs. 

 
Eq. 71 

  

Figure 64. Fractional rotational speed. FCW = 

76.25 

Figure 65. Fractional rotational speed. FCW = 

76.923099 

The fractional spurs are lying on both sides of the carrier. Reference [1] describes the 

cause of the fractional spurs as estimation error during the DCO period normalization, 

TDC quantization and TDC nonlinearity. As described in section 3.2.6 and illustrated 

Figure 64 and Figure 65 the sum of the fractional error and the fractional FCW is 

equal to 1 for each sample. If the sum is studied more carefully, a clear pattern is 

discerned. The sum can, for example vary between 0.98 and 1.02 in only a few 

different values.  If there are 13 different levels you can clearly behold spurs at 2 
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MHz, 4 MHz, 6 MHz…  (fref/13 and multiples, which is also consistent with Eq. 72 ), 

see Figure 66.  

 
Eq. 72 

 

 

Figure 66. Fractional spurs. FCW = 76.923099 

To achieve higher randomness, the time measurement is varied between several 

inverter chains. The decision about which chain will be used is taken by a 

pseudorandom number generator, see Figure 67. To model several inverter chains the 

previously described vector is extended to a matrix with a row for every chain.  

 

Figure 67. Several inverter chains 

A way to reduce the fractional spurs is to randomize the regular pattern
2
 by adding 

colored noise at the fractional error. This technique is also known as dithering [12]. 

Figure 68 and Figure 69 show how the dithering affects the fractional error. Note, 

however, that the figures, of illustrative reasons, show the sum of the fractional error 

                                                 
2
 The regular pattern is described in Fractional rotational speed 
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and the fractional FCW. The regular pattern is completely gone in Figure 69, however, 

it is a bit wider distribution of the signal 

  

Figure 68. The sum of the fractional error and 

the fractional FCW without dithering. 

Figure 69. The sum of the fractional error and the 

fractional FCW with dithering. 40 dB colored 

noise. Scaling factor = 0.005. 

It is possible to achieve colored noise by passing white noise through a delay loop. 

The transfer function is given by Eq. 73 in the z-domain and by Eq. 74 in the time-

domain. 

 Eq. 73 

 Eq. 74 

The number of delay stages determines the shape of the noise. One stage will give a 

20 dB slope, two stages 40 dB, three stages 60 dB and so on. Figure 70 together with 

Eq. 75, Eq. 76 and Eq. 77 describes the pattern. The coefficients are given by Pascal’s 

triangle [27].   

 

 

 

Figure 70. Colored noise generator 

 

 Eq. 75 

 Eq. 76 

 Eq. 77 

The dither is applied according to Figure 71. The dithered signal must be rescaled to 

fall within the same number field as the fractional error. Little attention was paid to 

optimize the effect of dithering, but 40 dB colored noise and a scale factor from 0.005 

to 0.01 has given satisfactory results. If the scale factor is chosen too large, there will 

be a too large hump in the phase noise at the half reference frequency. Increased scale 

factor also results in increased noise levels across the spectrum. 

   X(z) Y3(z) 
Y2 Y1 
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Figure 71. Dithering of the fractional error. 

4.3.7 Loop filter 

The loop filter is modeled as different filters in each mode (Figure 72). 

 

In the PVT and ACQ mode the output NTW[k] is obtained according Eq. 78 by 

simply multiply the input phase error (Φ[k]) by the proportional factor KpPVT and 

KpACQ respectively.  

 Eq. 78 

By choosing the proportional factors to be relatively large a faster system is obtained. 

This gives rise to a large loop-bandwidth, but the loop-bandwidth is of less importance 

in these modes.  

When entering the TRK mode the proportional factor (KpTRK) is decreased in order to 

decrease the loop-bandwidth. The integrating factor KiTRK is also added to the filter in 

order to minimize the static error. The NTW in TRK-mode is calculated according to 

Eq. 79. Appendix B shows a summary of how ζ, KP and KI affect the loop bandwidth 

and settling time.  

 Eq. 79 

The proportional factors cannot be too large because of the fact that the OTW, that are 

proportional to the NTW, can only adopt values between 0-255 in PVT- and ACQ-

mode and 0-63 in TRK-mode. The proportional factors need to be chosen in such way 

that the OTW stays in the right area. Figure 73 shows how the OTW is affected when 

 

Figure 72. Structure of the loop filter. 
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KpACQ = 2
-4

 (solid line) and KpACQ = 2
-2

 (dashed line). As can be seen, the OTW 

exceeds the upper limit of the OTW range in ACQ-mode when KpACQ is increased to 

2
-2

. When the OTW limitations are exceeded in the model, the OTW is automatically 

set to the maximum or minimum value. The total settling time is approximately 600 

fref cycles in both cases. With a reference frequency of 26 MHz this corresponds to 23 

μs (600*Tref). 

 

Figure 73.  OTW with two different values of Kp in ACQ-mode. KpPVT = 2
-2

, 

KpTRK = 2
-6

, KiTRK = 2
-13

, 

In TRK mode the phase error (Φ[k]) will only have small fractional changes. The goal 

is to eliminate the phase error (Φ[k] = 0) by the loop filter. An important feature is 

that Φ[k] is accumulated through all modes, which means that if an integer phase error 

is build up in PVT and ACQ mode, the integer part becomes an offset (ΦO) which will 

follow into TRK mode. If for example Φ[k] = 37.25 when exit ACQ-mode, the offset 

in TRK-mode becomes ΦO = 37. By storing the offset value when exit ACQ-mode 

and subtract it from Φ[k] according to Eq. 80 in TRK-mode the correct phase error 

level is reached and Φ[k] will vary around zero.  

 Eq. 80 

Figure 74 illustrates how ΦTRK[k] varies when the ADPLL is locked. The repetitive 

pattern that occurs is generated in the TDC and gives rise to fractional spurs, see 4.3.6.   
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TRK[k] filt[k] y1 y2 y3 
 

Single-pole IIR Single-pole IIR Single-pole IIR Single-pole IIR 

 

Figure 74. Phase error (ΦTRK[k]) in TRK-mode. FCW = 76.923099 

One way to reduce the fractional spurs is by connecting a low-pass IIR filter. Other 

ways to reduce these spurs are described in section 4.3.6 and the reason for 

introducing the IIR filter is also to suppress the phase noise level at higher frequencies. 

The IIR filter is implemented as the four-stage single pole IIR filter from section 3.2.7 

(Figure 75). The IIR filter is connected in cascade before the loop-filter and is only 

active in TRK–mode. (Note: In the LoopFilter m-file it is possible to select one, two, 

three or four single-pole IIR by uncomment respectively code lines. As default four is 

selected. It is also possible to change the filter-coefficients λ1-λ4 in the LoopFilter m-

file)  

 

Figure 75. Four single-pole IIR in cascade. (from [1]) 

The total discrete time expression for the filtered phase error (Φfilt[k]) becomes Eq. 84.     

 Eq. 81 

  Eq. 82 

  Eq. 83 

  Eq. 84 

Figure 76 shows the phase error before (dashed line) and after (solid line) the IIR 

filter. As can be seen, the distinguish jumps of ΦTRK[k] are smoothened out by the IIR 

filter and the fractional spurs will be reduced.    
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Figure 76. Phase error (ΦTRK[k]) and filtered phase error in TRK-mode. 

FCW = 76.923099 

When the IIR filter coefficients are chosen to be λ1 = 2
-2

, λ2 = 2
-1

, λ3 = 2
-1

, λ4 = 2
-1

 the 

cut-off frequency of the filter approximately becomes 1 MHz according to Eq. 30.  

Figure 77 illustrates the phase noise spectrum of the ADPLL with and without the IIR 

filter connected with the loop filter settings KP = 2
-5

 and ζ = 0.707. As can be seen the 

IIR filter suppress the fractional spurs as well as it suppresses the noise-level above 1 

MHz which is consistent with the S-domain model in Figure 42.  

 

Figure 77. Phase noise spectrum with and without the IIR filter connected. FCW = 76.923099 

As described in section 3.4, it is mainly KP that controls the loop bandwidth. Table 10 

summarizes the simulated maximum and minimum loop bandwidth. The damping 

factor ζ is set to 0.707 in order to obtain a stable system. When simulating with KP > 2
-

3
 the OTW gets out of range and if KP < 2

-7
 the in-band phase noise demand is 

exceeded.  
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Table 7. Simulated max and min loop bandwidth. ζ = 0.707, KP is varied. 

KP Simulated Loop 

Bandwidth 

Simulated 

Settling time 

Phase margin 

(from S-model) 

2
-3 

~800 kHz 12 μs 55˚ 

2
-7 

~80 kHz 46 μs 55˚ 
 

As can be seen in Table 10 the settling time increases when the loop bandwidth 

decreases. A compromise between settling time and loop bandwidth need to be done. 

When simulating with KP = 2
-5

 a loop bandwidth of approximately 200 kHz and a 

settling time of 19 μs is achieved.    

 

Figure 78. Maximum and minimum loop bandwidth. ζ = 0.707, IIR: on. 
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4.3.8 Gain normalization 

In the “DCO Gain Normalization”-block (Figure 79) the NTW is normalized into 

OTW by the normalization factor fref/KDCOest [1]. The estimated DCO gain (KDCOest) is 

simply the actual frequency range divided by the number of bits in each mode. Due to 

the fact that the actual frequency ranges are known in the model a real estimation is 

not necessary to perform. The normalization is performed in the LoopFilter m-file.     

 

Figure 79.  DCO Gain Normalization block. 

To give a hint of the effect using a bad DCO gain estimation circuit the error variable 

“KDCO estimation factor” is introduced in the model. Ideally, this variable is equal to 

one.  

There was a very small change with a varied KDCOest. It was, however, possible to 

discern a little change at the loop bandwidth, which is consistent with the theory in 

section 3.2.3.  
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5 Results  

The impact of the different parameters of the modeled ADPLL is presented below. For 

good visibility the section is divided in to four sections, the in-band phase noise, the 

out-of-band phase-noise, the integrated phase noise and fractional spurs. 

5.1 In-band noise 

The in-band noise level is set by the TDC resolution ( ). The simulated values 

correlate quite well with the calculated values (see Table 8). 

Table 8. Simulated TDC quantization noise 

  Simulated 

 

 
15 ps -99.4 dBc ≈ -97 dBc 

20 ps -96.9 dBc ≈ -95dBc 

30 ps -93.4 dBc ≈ -91 dBc 
 

It has been noticed that the general precision is necessary to be 24-bit, in order to 

prevent the system resolution becoming a limiting factor. The TDC requires high 

precision, during the period normalization to a unit interval, to prohibit the noise level 

rising at the lower frequencies. Figure 80 illustrates the phase noise deterioration that 

occurs when the resolution changed from 24-bit to 15-bit. 

 

Figure 80.  A comparison of using 15- or 24-bit precision. = 15 ps 

It has also been observed that the accuracy of the FCW has significance to the noise 

level.  In Figure 81 a comparison of using 15- or 24-bit precision of the FCW is 

performed when the rest of the system uses 24-bit. At the higher frequencies there is a 
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good match while at the lower frequencies the level varies quite dramatically on the 

curve with lower precision. This phenomenon has not been related to previous theory, 

but is probably due to less repetition in the FCW accumulator. 

 

Figure 81. A comparison of using 15- or 24-bit precision of the FCW. 

5.2 Out-of-band noise 

More TDC inverter chains introduce more randomness to the loop. With higher 

randomness the fractional spurs are reduced, and the in-band noise level is 

smoothening out. More chains, however, raises the out-of-band noise level. To 

demonstrate how the number of inverter chains affects the output phase noise 

spectrum, 1 and 40 inverter chains are compared in Figure 82 and Figure 83 

respectively. Note the small variations in the lower frequencies and that the level of 

the fractional spurs is sinking in Figure 83. When exceeding 40 chains the phase noise 

level profile will remain almost the same.  

  

Figure 82. ADPLL output phase noise spectrum. 

1 inverter chain, inverter inaccuracy 30%. 
Figure 83. ADPLL output phase noise spectrum. 

40 inverter chain, inverter inaccuracy 30%. 

The accuracy of the TDC inverters also affects the out-of band noise. A change from 

15% inaccuracy to 50% inaccuracy changes the noise level by about 5 dB, see Figure 

84.  
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Figure 84. Varied inverter inaccuracy. 30 inverter chain. Inverter inaccuracy 15%, 30% 

The noise from the SDM affects the out-of-band noise, which is illustrated in Figure 

59 and Figure 60 in section 4.3.4. The SDM noise is, however, drowning in the noise 

floor with a clock of one forth or one eighth of the output frequency. The advantage of 

having a higher clock frequency is that the phase jitter is three to five percent better 

with the higher clock rate. The advantage with a lower clock rate is power 

consumption. 

The purpose of the SDM is to decrease the frequency step of the DCO to get better 

phase noise properties. Figure 85 illustrates how the output frequency deviates from 

the wanted output frequency at each reference clock with the SDM turned on and off. 

The DCO-noise is turned off by setting the standard deviation of the wander and jitter 

noise to zero. As can be seen, the frequency deviation toggle between two levels when 

the SDM are turned off (dotted line). This is due to the fact that one capacitor in the 

DCO is turned on and off depending on an integer change of the OTW. When the 

SDM is turned on (solid line) the frequency deviation is adjusted in fractional step.     

 

Figure 85. Effect of the frequency-deviation with SD when the 

DCO noise is turned off. FCW = 76.72301069. 
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It is interesting to see that when the DCO noise is added, the randomness due to the 

noise will be greater than the effect of the SDM. Figure 87 illustrates how the 

frequency deviation is affected by the DCO noise. When the SDM is turned off 

(dotted line) the output frequency deviation is quite random due to the DCO noise. A 

very small improvement of the frequency deviation is achieved when the SDM is 

turned on (solid line).  

 

Figure 86. Effect of the frequency-deviation with SDM when 

the DCO noise is turned on. FCW = 76.72301069. 

It is difficult to give an overall picture of the effect of using SDM since the effect will 

differ depending on the FCW. Figure 87 shows that the SDM is needed as it improves 

the phase noise performance quite a lot at that specific FCW.  

 

Figure 87. Effect of the phase noise spectrum with SDM on or 

off. FCW = 76.923076927661896. 
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Figure 88 and Figure 89 illustrate how the phase jitter is changing with and without 

the SDM. With SDM turned on a phase jitter of 0.90º RMS is achieved, while 1.41º RMS 

when it is turned off. 

  

Figure 88. RMS phase jitter without sigma delta 

modulator. FCW = 76.923076927661896. 

2
15

 samples, 100 bins, σ = 0.024553 => Phase 

jitter = 1.41º RMS 

Figure 89. RMS phase jitter using 5 bit precision 

fractional word to the sigma delta modulator.  

FCW = 76.923076927661896. 2
15

 samples, 100 

bins, σ = 0.015644 => Phase jitter = 0.90º RMS 

Through investigation of phase noise and phase jitter it has been observed that more 

than 5 bit input precision does not give better properties.  

5.3 Integrated phase noise 

The phase noise has most of its energy around the cut-off frequency. Therefore, the 

integrated phase noise is essentially determined by the in-band noise level and loop 

bandwidth. 

Table 9 illustrates how the integrated phase noise and the RMS phase jitter is affected 

by the TDC resolution.  

Table 9. Integrated phase noise and RMS phase jitter with varied TDC resolution 

 
Integrated phase 

noise 
RMS phase jitter 

15 ps -43.7 dBc 0.92º RMS 

20 ps -42.8 dBc 1.01º RMS 

30 ps -38.9 dBc 1.65º RMS 
 

Table 10 illustrates how the integrated phase noise and the RMS phase jitter is affected 

by the loop bandwidth. 
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Table 10. Integrated phase noise and RMS phase jitter with varied Loop bandwidth 

Simulated Loop 

Bandwidth 

Integrated phase 

noise 

RMS phase jitter 

~800 kHz -34.9 dBc 2.66˚RMS 

~200 kHz -38.8 dBc 0.93˚RMS 

~80 kHz -45.6 dBc 0.80˚RMS 
 

5.4 Fractional spurs 

The fractional spurs vary depending on the chosen FCW strictly in accordance with 

Eq. 72. In Table 11 the predicted spurs and the simulated spurs is declared with 

different fractional part of the FCW. 

Table 11. Simulated fractional spur of different fractional part of FCW. fref = 26 MHz. 

FCW Predicted according 

to Eq. 72 

Simulated 

76.0230775 0.6 MHz 0.6 MHz, 1.2 MHz, 1.8 MHz… 

76.1230775 3.2 MHz 1.6 MHz, 3.2 MHz, 4.8 MHz… 

76.2230775 5.8 MHz 2.2 MHz, 5.8 MHz, 9.4 MHz, 11.2 MHz 

76.3230775 8.4 MHz 0.4 MHz, 8.4 MHz, 8.8 MHz, 17.2 MHz… 

76.4230775 11.0 MHz 1.0 MHz, 2.0 MHz, 3.0 MHz…11 MHz… 

76.5230775 12.4 MHz 1.2 MHz, 5.6 MHz, 6.8 MHz, 8.0 MHz, 12.4 

MHz, 13.6 MHz … 

76.6230775 9.8 MHz 1.6 MHz, 3.2 MHz, 4.8 MHz … 9.8 MHz… 

76.7230775 7.2 MHz 3.6 MHz, 7.2 MHz, 10.8 MHz… 

76.8230775 4.6 MHz 0.4 MHz, 4.2 MHz, 4.6 MHz, 8.4 MHz, 9.2 

MHz… 

76.9230775 2.0 MHz 2.0 MHz, 4.0 MHz, 6.0 MHz… 

76.9930775 0.18 MHz 0.18 MHz, 0.36 MHz, 0.54 MHz… 
 

As can be seen the predicted spur and it multiples occurs at the simulation of any 

FCW. Around the fractional spur other spurs occurs as well. These are combinations 

of the fractional spur and the reference frequency and its multiples. When the 

fractional part of the FCW is around 0.5 there are most mixed spurs. 

The IIR filter suppresses most of the spurs effectively, but the worst case for the 

system occurs when the FCW is close to zero or one since the spur land up close to the  

in-band. This has the consequence that the IIR filter with cut-off frequency at 1 MHz 
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cannot suppress the spur. Some attenuation of the in-band spurs is achieved by adding 

dithering. In Figure 90 the spur at 0.6 MHz (FCW = 76.0230775) is suppressed by 4 

dB when a dithering factor of 0.01 is added. It has also been investigated if dithering 

has more effect when using only one inverter chain but that is not the case. 

 

Figure 90. Effect on spurs when adding dithering. FCW = 76.0230775. 
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6 Block requirements for fulfillment of target application 

specification 

By using the settings presented in Table 12, we have fulfilled the requirements 

imposed on the project. The choice of the parameter settings are based on previous 

chapters.  

Table 12. Proposed settings for the ADPLL 

General 
fref = 26 MHz 

Wint = 8 bits 

Wfrac = 24 bits 

FCW precision = 24 bits 

DCO 
PVT range = 500 MHz 

ACQ range = 100 MHz 

TRK range = 2 MHz 

Wander noise = -130 dBc @ 3.5 MHz 

Jitter noise = -150 dBc 

Individual inaccuracy = 5 % (Normal distributed) 

SDM 
Word length = 21 bits 

Clock division rate = 4 

Input word precision = 5 bits 

TDC 
= 15 ps 

Inverter chains = 40 

Inverter inaccuracy = 30 %  

Shape factor (dithering) = 0 

Precision
*
 = 24 bit  

TCKV period averaging = 128 reference cycles 

LF 
KP PVT-mode = 2

-2 

KP ACQ-mode =2
-5 

KP TRK-mode = 2
-5

 

KI TRK-mode = 2
-11 

(ζ = 0.707) 

Precision
*
 = 24 bit  

IIR filter = On (Cut-off frequency ≈1 MHz) 

* The precision is determined by Wfrac 

Parmeters written in italics can only be adjusted in code not by the GUI. 
 

The phase noise spectrum of the modeled ADPLL is presented in Figure 91. As can be 

seen the phase noise demands are obtained. The phase noise spectrum of the modeled 

ADPLL complies very well with the S-domain model in Figure 92. 
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Figure 91. Phase noise spectrum of the time-

domain model with proposed settings according 

to Table 12. Number of fref cycles simulated: 

109130, FCW = 76.923076927661896. 

Figure 92. Phase noise spectrum of the S-domain 

model with proposed settings according to Table 12 

. 

The RMS phase jitter is presented in Figure 93. The upper and lower frequency limits 

of the ADPLL are presented in Figure 94.  

  

Figure 93. RMS phase jitter with proposed 

settings. σ = 0.016189 => Phase jitter = 0.92º RMS 

Figure 94. Upper and lower output frequency. 

(Component inaccuracy = 5% ) 

The settling of the output frequency and the OTW is presented in Figure 95 and Figure 

96 respectively.  

  

Figure 95. Settling of output frequency with 

proposed settings. FCW = 76.923076927661896 

(FCW*fref = 2.0 GHz) 

Figure 96.  OTW at settling with proposed settings. 

FCW = 76.923076927661896 
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A summary of the simulation results of the ADPLL with the proposed settings are 

presented in Table 13. 

Table 13. Simulation results with proposed settings. 

Loop bandwidth ~200kHz 

Phase margin (with IIR) 55˚ 

In-band phase noise < -93dBc 

Out-band phase noise (with IIR) -130dBc @ 3.5 MHz 

RMS Phase jitter < 1.0º RMS 

Fractional spurs (When FCW = 76.92307…) -112 dBc @ 2 MHz 

Tuning range 1900MHz-2200MHz 

Frequency resolution 1.5 Hz 

“Settling time”
3
 19 μs (498 fref cycles) 

Simulation time (109130 fref cycles) 15 min 35 sec 
 

 

                                                 
3
 Due to the simplicity of the modeled lock detector (Mode Switch), the settling time cannot be 

considered an absolute value. 
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7 Discussion 

Through our tool “ADPLL simulator” (Appendix A), we have presented a flexible and 

user-friendly simulation tool which is believed to be used as a decision basis for future 

implementations. The event-driven simulation technique is time effective, a simulation 

of 55000 fref transitions or almost 4150000 CKV transition with all the blocks 

connected is performed in about 7 minutes. If the SD modulator is turned off, the 

simulation time is decreased with more than half. 

The characteristic of our model is consistent with previous work undertaken on the 

subject. The influence of the parameters has been largely attributed to the theory we 

have investigated. This suggests that our model is a reasonable assumption but as long 

as the model not is tested on a chip, it is difficult to draw certain conclusions. 

The model could, without great difficulty, be extended to deal with a varying FCW. 

This is to study how the ADPLL would work as a modulator. Varying the FCW is 

easily achieved by providing the model with a vector where the FCW varies after a 

certain number of reference cycles instead of providing the model with a fixed FCW. 

However, an improved "Mode switch - function” is needed. The “Mode switch -

function” must be capable to manage a downshift from TRK-mode to ACQ-mode if 

the system ends up out of range. A bigger effort is necessary to be able to model the 

just-in-time DCO gain estimation since that has been completely ignored. 

A more realistic model of the “Mode switch - function” is also interesting if the 

settling time would be further studied. As described in the performance part, the model 

is not adapted to give a true picture of the settling time, but is only a reasonable 

estimate. 

The values of the capacitors and the inductor in the LC-tank could be optimized to be 

more suited to hardware implementation. The frequency ranges in the different modes 

could also be optimized by optimizing the LC-tank. The frequency ranges in the 

model are just set to guarantee that the next modes frequency range cover previous 

modes smallest frequency step. By optimizing the frequency ranges for a specific 

application the smallest possible frequency step can be achieved. 

The positive effect of dithering in our final model was relatively small. Anyway, there 

are a number of patents using this technology in the TDC, which makes the 

technology interesting to look closer on. It is interesting since the spurs generated with 

a FCW close to 0 or 1 cannot be reduced with the IIR filter. In our project, we have 

only experimented with different shaping of the noise and different levels of 

involvement, while the patents using adaptive algorithms. Our hope was to see a 

positive effect even without the adaptive algorithms. Unfortunately the effect was less 

than expected.   

At an implementation on chip, it is highly likely that the power consumption is an 

important parameter especially for battery-operated wireless terminals. Therefore, it is 

unnecessary to have TDC switched on all the time but only when the reference edge 

will occur. Exactly when the edge will show up is impossible to know but it is 

possible to make a good guess. Reference [1] describes what a reference edge 

predictor can look like.  
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In the proposed model, the integer stream produced by the SDM is merged with the 

integer part of the oscillator tuning word and then applied to the DCO. This would in 

an implementation result in a frequent contamination of the whole tracking bank due 

to the transitions from SDM stream. Reference [1] shows how this can be avoided by 

adding a separate capacitor bank dedicated the SDM stream.  

The justification of using 21-bit word-length in the SDM is based on the deterioration 

of the quantization noise which occurs when the SDM is simulated independently with 

a fixed input word. As the input varies all the time, it is highly probable that the word-

length can be reduced significantly.  

Another SDM aspect that needs to be taken into consideration is the fact that the 

MASH architecture is not the best choice for high-speed designs [1]. Reference [1] 

suggests that the last accumulators are turned off (which is good from a power-saving 

standpoint) and instead introduces a carry-out combiner circuit.  This reportedly has 

the same spectral characteristics as a standard MASH.  

If greater attenuation in the stop-band is needed, a higher order IIR filter could be 

implemented as long as it does not make the loop unstable.   
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Appendix A  “ADPLL simulator” 

A.1 Graphical User Interface 

In order to perform simulations on the model without being too familiar with Matlab 

and to easily compare results from different simulations a Graphical User Interface 

(GUI) is designed around the model. The GUI is named as ADPLL simulator.  

Getting started with the ADPLL simulator 

Start Matlab and navigating to the ADPLL simulator folder, then type “gui” in the 

Matlab command prompt and the ADPLL simulator GUI starts. In order to be able to 

run the simulation the Signal processing-toolbox need to be installed. 

After startup the user meet the main window, see Figure 97. To simplify the reading of 

the manual the main window is divided into 9 different categories that is addressed 

separately. 

 

Figure 97. “ADPLL simulator” 
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1. Settings  

In the settings panel all the important settings of the ADPLL can be adjusted. The six 

different settings-tabs with related parameters are listed below.  

1.1 General 

In Figure 97 the General settings tab are shown with following parameter-settings. 

FCW – The Frequency Command Word can either be set manually or calculated 

automatically depending on fref and fout (FCW = fout / fref).   

Reference frequency – The reference frequency, fref (Hz). 

Output frequency – Can either be set manually in hertz or calculated 

automatically depending on the FCW and fref (fout = FCW* fref).   

Nr of fref cycles – Sets the number of reference clock cycles that should be 

simulated. 

Good FFT – Indicates the number of reference clock cycles that are needed in 

order to obtain a good FFT plot with respect to the phase noise. 

Wint – Sets the number of integer bits (WI). 

Wfrac – Sets the number of fractional bits (WF).  

Load defaults – Loads the default settings from defaults.txt. 

 

1.2 DCO 

The DCO settings tab in Figure 98 controls the properties of the Digitally 

Controlled Oscillator and the LC-tank in it.  

Center frequency (Hz) – Sets the 

center frequency of the ADPLL. It is 

used to calculate the capacitor banks. 

Fixed inductance (H) – Sets the 

fixed inductance of the LC-tank. It is 

used to generate the output frequency. 

PVT range (Hz) – Sets the frequency 

range in PVT-mode. It is used to 

calculate the PVT-capacitor bank. 

ACQ range (Hz) – Sets the 

frequency range in ACQ-mode, is used to calculate the ACQ-capacitor bank. 

Tracking range (Hz) – Sets the frequency range in TRK-mode, is used to calculate 

the TRK-capacitor bank. 

Sigma Delta (SD) – Checkbox to turn on/off the Sigma Delta. Checked box means 

that the SD is on. 

SD clk division rate – The SD is clocked by the output frequency divided by the 

SD clk division rate.   

SD resolution – Sets the word length that the SD can handle. 

 

 

Figure 98. DCO settings tab. 
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1.3 TDC 

The TDC settings tab in Figure 99 controls the properties of the Time to Digital 

Converter. 

TDC resolution (s) – Sets the 

resolution of the inverters in the TDC. 

Typically 15-40 ps. 

Inverter chains – The number of 

inverter chains that are used in order to 

obtain more randomness. Typically 5-

40. 

Inverter inaccuracy (%) – Sets the 

inaccuracy of the individual inverter 

delays. 

Shape factor – Factor that adds colored noise on the TDC in order to obtain more 

randomness. Typically 0.001- 0.01.  

 

1.4 Loop-Filter 

The Loop-Filter settings tab in Figure 100 controls the digital Loop-Filter. 

KP PVT-mode – The proportional 

term of the loop-filter in PVT-mode. 

Power of twos exponent is specified in 

the box (2
X
). 

KP ACQ-mode – The proportional 

term of the loop-filter in ACQ-mode. 

Power of twos exponent is specified in 

the box (2
X
). 

KP TRK-mode – The proportional 

term of the loop-filter in TRK-mode. 

Power of twos exponent is specified in the box (2
X
). 

df: Damping factor (TRK-mode) – The damping factor (ζ) in TRK-mode is 

defined as the relationship between KP and KI such as  

KI TRK-mode – The integrating  term of the loop-filter in TRK-mode. Power of 

twos exponent is specified (2
X
). 

KDCO estimation factor (TRK-mode) – Factor that makes it possible to simulate 

inaccuracy of the KDCO estimation. If the factor is 1 the estimation is correctly, if it 

is for example 1.10 the estimation differ 10%. 

IIR filter – Checkbox to turn on/off the IIR filter. Checked box means that the IIR 

is on. 

 

 

Figure 99. TDC settings tab. 

 

Figure 100. Loop-filter settings tab. 
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1.5 Noise and Inaccuracy 

The Noise and Inaccuracy settings tab in Figure 101 controls the parameter 

inaccuracy and the DCO noise. 

Component inaccuracy – Sets the inaccuracy of the capacitors and inductor in the 

LC-tank in percent. The global 

inaccuracy affects all the components 

just as much while the internal 

inaccuracy affect each component 

individually. With the radio-buttons 

the inaccuracies can be set to a fix 

value or to be random numbers with a 

normal distribution. The value in the 

box corresponds to 3σ of the normal 

distribution when random is chosen.  

DCO wander noise – Sets the level of the thermal noise of the DCO at 3.5 MHz. 

The thermal noise has a slope of -20dB/decade. The variance is calculated 

automatically depending on the dBc.  

DCO jitter noise – Sets the noise floor level that occurs due to jitter. The variance 

is calculated automatically depending on the dBc value. 

 

1.6 Plot options 

The Plot options tab in Figure 102 handles the plot properties. 

Current plot – Shows the name of all 

current plots. It is possible to 

show/hide an individual plot by 

double click on the name.  

Remove – Remove a plot by select 

the plot-name and then click Remove. 

Rename – Rename a plot by select 

the plot-name and then click Rename. 

X Limits – Specify the X-limits 

manually. It is possible to lock the X-

limit settings by checking the lock checkbox.  

Y Limits – Specify the Y-limits manually. It is possible to lock the Y-limit settings 

by checking the lock checkbox. 

 

 

Figure 101. Noise and Inaccuracy settings tab. 

 

Figure 102. Plot options tab. 
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2. Simulation type 

 

2.1 Start simulation  

The button starts the simulation with current settings. Abort the simulation by click 

Cancel on the simulation information bar. 

2.2 Save sim. as  

The button saves current simulation into the simulation file folder. Name the 

simulation with the extension .mat. 

2.3 Sweep (Param. Sweep) 

With the sweep function it is possible 

to sweep a parameter with wished 

values. When pressing the Sweep 

button (Param. Sweep), the GUI is 

replaced with the Parameter sweep 

window in Figure 103. Enter a proper 

name of the sweep simulation and 

select the parameter to sweep in the 

drop down list. Select the number of 

simulations and the start and stop 

value of the parameter. The values of 

the parameter will be displayed in the 

Values box. It is also possible to manually enter wanted parameter-values in the 

Values box. When all is set, Press Start simulation, the current simulation is 

displayed on the simulation information bar. The simulation results are stored in the 

simulation folder and can be found in the drop-down list Select simulation file.          

 

3. Simulation results 

This box shows the settling time and corresponding number of fREF clock cycles and 

finally the simulation time. In some plots there will be some additional results for 

example integrated phase noise and phase jitter. 

 

4. File information 

The file information box shows the current filename, when the simulation is 

performed and which settings that have been used. 

 

5. Select simulation file 

This drop-down list enables selection between the stored simulations. By default the 

simulation temp.mat is selected. 

 

Figure 103. Parameter sweep window. 
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6. Plot view 

In the Plot view radio button group, it is possible to choose Normal or Versus plot. 

This feature allows a simple comparison of different simulations. When Versus is 

selected the curves are placed on top of each other. The lock function (1.6 Plot 

options) can be very useful in order to keep the same zoom level. Note that the Versus 

mode is not applicable on the functions Fraq rotation and Phase deviation. 

 

7. Select plot 

Depending on what should be studied a suitable plot can be chosen from the Select 

plot buttons. Each plot is explained separately. 

7.1 Phase noise  

The phase noise function can only use simulation results from a settled ADPLL.  

To get an adequate plot it is necessary to simulate at least so many reference clock 

cycles that the good FFT indicates. To reduce the variance an averaged 

periodogram (Welch) is used. The simulation results box shows the integrated 

phase noise if there is enough data. 

7.2 Output frequency  

In the Output frequency plot it is possible to follow how the output frequency varies 

over each reference cycle. 

7.3 PHI  

In the PHI plot it is possible to follow how the phase varies over each reference 

cycle. If the IIR filter is on it is also possible to compare the phase before and after 

filter. 

7.4 Frac rotation  

The Frac rotation plot illustrates the fractional rotation. Additionally the sum of the 

fractional error and the fractional FCW is illustrated for each sample. 

7.5 OTW  

In the OTW plot it is possible to follow how the OTW varies over each reference 

cycle. 

7.6 Freq. deviation  

In the Freq.deviation plot it is possible to follow how the output frequency deviates 

from the wished output frequency for each reference cycle. 

7.7 Phase deviation  

With the phase deviation plot it is possible to see the phase distribution. The 

function needs at least 2
15

 reference cycles to illustrate phase distribution. The 

simulation results box shows the phase jitter. 
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8. Plot window 

The plot window illustrates what the user selects. If more interactivity is desired in 

terms of line-type, colors etc. use the Undock button in the toolbar (9. Toolbar). 

 

9. Toolbar 

The toolbar enables the usage of some of Matlab’s built in plot functions. It is possible 

to Zoom, Pan and display data cursors. When the functions are enabled, there are some 

extra features available by right click the mouse button. For example, horizontal or 

vertical zoom etc. From the toolbar it is also possible to add grid, clear the plot 

window and undock the plot window to an independent figure. The latter function is 

useful during export of images or then additional Matlab functions are desired. 

 

A.2 File structure of the “ADPLL simulator” 

The ADPLL simulator is based on a number of m-files that are linked together. To 

investigate the system performance in an effective and flexible way, a graphical user 

interface (GUI) is connected to the rest of the m-files. From the GUI it is possible to 

adjust all important system parameters and display the simulation results in an 

appropriate way. The file structure is illustrated in Figure 104. The GUI consists of the 

files gui.m and gui.fig. During GUI start up all system parameters is loaded from the 

text-file settings.txt. From the GUI it is possible to change the settings. The new 

settings will be automatically stored when the user starts a new simulation. From the 

GUI it is also possible to load the default settings. However, there is no possibility to 

write to the default file from the GUI, but this may in such cases be achieved with a 

text editor. 

Then the user presses the “Start simulation” – button the main loop will be called (the 

scenario is the same if simulation is started from the parameter sweep function). The 

main loop (Main.m) is the kernel of the ADPLL-model. The main loop handles much 

of the processes itself but functions relating to lock detector, digital controlled 

oscillator, Sigma Delta modulator and loop filter are placed in separate files 

(CheckMode.m, DCO.m, SigmaDelta.m and LoopFilter.m). When the simulation is 

carried out by the main loop the result is saved in the simulation files folder.  

The simulations can be retrieved by the GUI and then analyzed using the plotting tools 

according to Figure 104. If there are other things that needs to be analyzed it is just to 

use Matlab’s open or load command at the simulation file.  The variables will then be 

available in the Matlab workspace. 
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Figure 104. File structure of the ADPLL simulator 

 

A.3 Further Development Opportunities 

The ADPLL simulator has great potential for further development. The code is well 

commented, with clear breakdowns for each sub-block. So changes in ADPLL model 

can easily be performed. Changes in the GUI require a bit more laying on of hands 

since it is necessary to understand the tools GUIDE and TABPANEL.   

It is possible to create a standalone application of the ADPLL simulator by using the 

Matlab deploy tool. The end-user does then just need to have Matlab Component 

Runtime (MCR) installed on the computer in order to run the simulator and do not 

need to own Matlab. Another advantage is that the end-user does not have access to 

the m-files of the simulator.     
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Appendix B Table of Kp, Ki and ζ 

The tables show a summary of how the loop bandwidth and settling time is affected by 

the different settings of ζ, KP and KI. The values are obtained from the step response 

and bode plot of the S-domain model. The tables are intending to be a guideline when 

choosing loop filter parameters.    

Table 14. Damping factor = 1, 2 

ζ =2     ζ =1    

Kp Ki Loop 

BW 

Settling 

time 

Kp Ki Loop BW Settling 

time 

2
-2 

2
-8

 1,1 MHz 95 us 2
-2 

2
-6

 1,3 MHz 21 us 

2
-3

 2
-10

 561 kHz 189 us 2
-3

 2
-8

 640 kHz 42 us 

2
-4

 2
-12

 273 kHz 373 us 2
-4

 2
-10

 320 kHz 83 us 

2
-5

 2
-14

 140 kHz 676 us 2
-5

 2
-12

 160 kHz 156 us 

2
-6

 2
-16

 68 kHz 1350 us 2
-6

 2
-14

 80 kHz 318 us 

2
-7

 2
-18

 34 kHz 2320 us 2
-7

 2
-16

 40kHz 629 us 

2
-8

 2
-20

 17 kHz 5130 us 2
-8

 2
-18

 20 kHz 1025 us 
 

 

Table 15. Damping factor = 0.707,  0.5 

ζ =1/√(2)    ζ =0.5    

Kp Ki Loop BW Settling 

time 

Kp Ki Loop BW Settling 

time 

2
-2 

2
-5

 1,5 MHz 13 us 2
-2 

2
-4

 1,8 MHz 18 us 

2
-3

 2
-7

 750 kHz 27 us 2
-3

 2
-6

 960 kHz 36 us 

2
-4

 2
-9

 375 kHz 54 us 2
-4

 2
-8

 480 kHz 72 us 

2
-5

 2
-11

 190 kHz 110 us 2
-5

 2
-10

 240 kHz 143 us 

2
-6

 2
-13

 95 kHz 213 us 2
-6

 2
-12

 120 kHz 226 us 

2
-7

 2
-15

 46kHz 433 us 2
-7

 2
-14

 60kHz 465 us 

2
-8

 2
-17

 23 kHz 839 us 2
-8

 2
-16

 30 kHz 970 us 
 

 


