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Abstract 

This thesis proposed an all digital phase locked loop (ADPLL) that consists of 

a Bang-Bang phase frequency detector (BBPFD) without any cycle-slip and with a 

narrow dead-zone, a digitally controlled oscillator (DCO) with a built-in low pass 

filter (LPF), and a multi-modulus divider (MMD) with an extended divide range. 

The loop dynamics and phase noise is simulated by the behavioral simulation in Sys-

temVenlog. The proposed ADPLL is fully synthesized in the field programmable gate 

array (FPGA) as a fast prototype and is also implemented in 0.13/wn. complementary 

metal-oxide semiconductor (CMOS) technology by the standard digital cells and two 

custom high speed cells. The measured open-loop and closed-loop phase noise of the 

fabricated CMOS ADPLL are -123.10dBc/Hz and -!20.77dBc/Hz both at 1MHz 

offset of a carrier of 1.35GHz. 
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Chapter 1 

Introduction 

The all digital phase locked loop (ADPLL) remains one of the most interesting re

search topics. Compared to the analog phase locked loop (PLL) architecture, it 

depends much less on process, temperature, and voltage (PVT) variations due to 

its digital nature. The device matching requirement in analog PLL to compensate 

the process variation is greatly relaxed. Complex circuits to compensate the PVT 

variations in the analog PLL circuit are not needed anymore. 

The PLL circuit is basically a closed loop feedback control system that makes the 

output frequency signal track an input frequency signal. When the output frequency is 

faster than the input frequency, the feedback system slows down the output frequency; 

when the output frequency is slower than the input frequency, the feedback system 

speeds up the output frequency. 

Albeit its simple operating principle, the PLL technique received much attention 

since it was first conceived by the French scientist H.de Bellescise in his paper, "La 

Reception Synchrone", published in Onde Electrique, volume 11, 1932 [4]. 
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The PLL started as the discrete element implementation and transformed into a 

partially integrated circuit, then to a fully integrated analog circuit, and finally to an 

all-digital circuit in recent years. Most of the early PLL implementations are analog 

circuits. The early digital form of the PLL often refers to the digital implementation 

with only a few building blocks due to the prohibitively high cost of the digital 

elements. The cost for the integrated circuit has been reduced to the point where the 

cost for the digital circuit is much less than the cost for the analog counterpart of the 

same functionality or the cost for the extra transistors required by the digital circuit 

can be ignored. This makes it possible to convert every single component in the PLL 

into a digital block. The state of the art digital PLL is called all digital phase locked 

loop (ADPLL) in that all the building blocks of the PLL are implemented digitally 

and have digital interface between them. The ADPLL itself is also fully integrated 

with other bigger digital circuits, such as a DSP, on a single die. Most often, there 

are more than one ADPLL in a single chip. 

1.1 Comparison of ADPLL and Analog PLL 

The first advantage of the ADPLL over the traditional PLL is its lower cost. Most 

of the analog PLLs require big capacitors in the low pass filter while the ADPLL 

implements the low pass filter as a digital circuit which occupies much smaller area 

than the capacitors required in the analog PLL. 

The second advantage of the ADPLL over the traditional PLL is that it has higher 

noise immunity since a transistor generates much less noise when it is in the switched 

on-off state [5] [6] [7]. 
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The third advantage of the ADPLL over the traditional analog PLL is that it is 

less sensitive to the PVT variations. The reason for this is obvious, the DC operating 

point of most of the transistors in an ADPLL is far away from their threshold voltage. 

The fourth, but not the last, advantage of the ADPLL over the traditional analog 

PLL is that it can be easily ported from one technology to another technology. Since 

all the building blocks are made digital, migration from one technology to another 

technology does not require a full redesign and simulation of the whole ADPLL circuit. 

The above advantages of the ADPLL do not come without any penalty. The most 

obvious disadvantage is its lower operating speed compared to the analog PLL. Most 

of the ADPLL published so far operate below 10GHz, with only a few in recent years 

between 10GHz and 40GHz [8] [9] [10], while the analog PLL can run at speed over 

100GHz [11]. The ADPLL also suffers from high quantization noise due to its pure 

digital implementation. 

1.2 ADPLL Applications 

The following is a list of typical ADPLL applications that are described in the papers 

published in the past 5 years: 

• TV band [12] 

• Wimax/Wlan [13] 

• Frequency synthesizer [14] 

• GSM/GPRS/EDGE [15] [16] 
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• Clock generation [14] 

• Portable devices [14] 

• Hard disk/optical drive [17] 

• Optical interconnect applications [18] 

• Built-in speed grading for memory [19] 

• Video pixel clock regeneration [20] 

• FM-radio transmitter [21] 

• Software defined radios [22] 

Those ADPLL applications falls into the wireline category and wireless category 

in the communication industries. The wireless PLL applications require low power 

and fine frequency resolution while the wireline PLL applications require low jitter or 

low phase noise. The targeted applications of the ADPLL in this thesis are the high

speed chip-to-chip serial interconnections, the optical transceivers for the backplane 

interconnections, and the low phase noise clock generators.. 

Architecturally, the PLL can be classified as the integer-N PLL and the fractional 

PLL. The integer-N PLL's output frequency is always an integer multiple of the input 

reference frequency whereas the fractional PLL's output frequency can be an integer 

plus a fraction of the input reference frequency. 

The main advantage of the fractional PLL over the integer-N PLL is its ability to 

produce finer output resolution with the same input reference clock. This advantage 

does not come without any cost. The drawbacks of the fractional PLL are higher 
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power consumption and the limit-cycle induced spurs. Simply put, the limit-cycle 

induced spurs are due to the fact that the digital control word is limited and will 

cycle through a repeated pattern and this will create spurs in the output frequency 

spectrum. Most often, an integer-N PLL can be easily converted into a fractional 

PLL by adding an extra sigma-delta modulator to its frequency divider. 

The subject of this thesis is to design and implement the proposed ADPLL ar

chitecture in CMOS 0.13/mi and FPGA based on the research and simulation of the 

ADPLL. 

1.3 Thesis Organization 

The thesis is organized as follows: 

Chapter 2 provides the necessary theoretical background in order to understand 

how the analog and all digital PLL work. 

Chapter 3 proposes the ADPLL that will be implemented in this thesis based on 

the theoretical findings in the previous chapter. 

Chapter 4 provides a system level behavioral simulation of the proposed ADPLL 

to make sure that the proposed ADPLL is functionally correct. 

Chapter 5 describes a FPGA implementation of a variant ADPLL that is only 

different in the DCO implementation from the proposed ADPLL. The FPGA is close 

to the final CMOS implementation so it is another fast way to validates the proposed 

ADPLL. The test result of the FPGA implementation is also included in this chapter. 

Chapter 6 describes the test setup and the test results of the fabricated ADPLL 

in CMOS 0.13/mum. 
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Chapter 7 concludes the thesis by a summary of the key research tasks, findings, 

results, and the future directions. 
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Chapter 2 

Background 

This chapter is a brief literature review of the ADPLL. The first section reviews three 

published papers that are relevant to the research area conducted in this thesis. The 

general analog PLL and digital PLL concept and detailed PLL theories can be easily 

understood by the s-domain and z-domain models in the subsections. They can also 

be easily found in books [23] [24] [25] [26], although different books might use different 

notations. 

2.1 Literature Review 

2.1.1 All-Digital PLL and Transmitter for Mobile Phones 

Any author of a paper about ADPLL after 2005 is likely to have already read this 

reference [1]. This paper has already been cited 110 times as of this writing. In 

this paper, the author presents the first ADPLL-based transmitter for GSM/EDGE 

mobile phones implemented in 90 nm digital CMOS process. 

7 



data Complex pulse 
shaping filter 

a 
m Data FCW 

AM 
Amplitude Control 

Word(ACW) 

CKR 

Channel 
Frequency 

Command Word 
(FCW) 

Frequency Frequency error 
detector accumulator Loop filter DCO L ^ f > ^ 

I 

FREF 
(26 MHz) 4—t 

Figure 2.1: Polar Transmitter Based on All-Digital PLL (From [1]; ©2005 IEEE. 

Reprinted, with permission, from R. B. Staszewski, J. L. Wallberg, S. Rezeq, C.-M. 

Hung, O. E. Eliezer, S. K. Vemulapalli, C. Fernando, K. Maggio, R. Staszewski, N. 

Barton, M.-C. Lee, P. Cruise, M. Entezari, K. Muhammad, and D. Leipold, All-

Digital PLL and Transmitter for Mobile Phones, IEEE J. Solid-State Circuits, vol. 

40, no. 12, pp. 2469-2482, 2005.) 

Figure 2.1 shows the ADPLL frequency synthesizer. The variable phase Rv[i] is 

the output of the phase accumulator. It is then sampled by the retimed FREF(CKR) 

and produces i?y[fc]. This represents the fixed point phase value. The fixed point 

phase value is then concatenated with the TDC output e[k] which represents the time 

differences between the FREF and DCO edges. The frequency error is calculated by 

the subtracting the differentiated phase error Ry[k] — e[k] from the frequency control 

word (FCW): 
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fE[k] = FCW - [(Rv[k] - e[k\) - (Rv[k - 1] - e[k - 1])] (2.1) 

The phase error </>#[&] is the output of the accumulated frequency error /E[A;] 

sampled by the retimed clock CKR: 

k 

Mk] = Y^fE[k] (2.2) 
1=0 

The phase error 4>E[k] is then filtered by a fourth order infinite impulse response 

(IIR) filter and scaled by the proportional coefficient a and integral coefficient p which 

is not shown in Figure 2.1. The filtered and scaled phase error is then multiplied 

by the DCO gain KDCO normalization factor JR/KDCOI where JR is the reference 

frequency and KDCO is the DCO gain estimator. The process produces the digital 

oscillator tuning word (OTW) to control the DCO. This is a high level description of 

the ADPLL in this paper. 

The characteristic of this architecture is the use of the TDC which measures the 

fractional delay difference between the reference clock FREF and the DCO output 

CKV. The TDC resolution used in this paper is about 20 psec. The in-band phase 

noise is affected by the TDC resolution: 

r_(2nf (AtmvVl_ 

12 [TV J fR
 {2'3) 

where Atmv is the resolution of a single inverter delay, TV is the DCO clock period, 

and /R is the reference or sampling frequency. 

The circuit in this paper is implemented in the digital 90 nm CMOS process. The 

key parameters used in the circuit are a = 2~7, p = 2~15, where a is the integral path 

coefficient and p is the proportional path coefficient. 
9 
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Figure 2.2: Linearized Analysis of a Digital Bang-Bang PLL and Its Validity Limits 

Applied to Jitter Transfer and Jitter Generation (From [2]; ©2005 IEEE. Reprinted, 

with permission, from N. Da Dalt, Linearized Analysis of a Digital Bang-Bang PLL 

and Its Validity Limits Applied to Jitter Transfer and Jitter Generation, IEEE Trans. 

Circuits Syst. I, vol. 55, no. 11, pp. 3663-3675, 2008.) 

The in-band synthesizer phase noise is measured below -93 dBc/Hz for the loop 

bandwidth of 40 kHz and -121.6 dBc/Hz at offset 400 KHz with the carrier frequency 

of 824.2 MHz. 

2.1.2 Linearized Analysis of a Digital Bang-Bang PLL and 

Its Validity Limits Applied to J i t ter Transfer and Ji t ter 

Generation 

Compared to [1] that uses a time-to-digital converter (TDC) as the way to measure 

the phase error, the circuit architecture described in [2] uses a simple Bang-Bang 

phase detector (BPD) which greatly simplifies the circuit design. The Bang-Bang 

terms refers to the fact that the phase detector output is of the digital form of either 
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zero or one. Figure 2.2 shows the block diagram of a second order digital Bang-Bang 

phase frequency detector (BBPFD) based phase locked loop (BBPLL) described in 

this paper, a is the integral path coefficient; (3 is the proportional path coefficient; 

and D is the integral path delay. Since the ADPLL is a highly non-linear circuit, the 

linearized analysis given by this paper only holds when the ADPLL is in the locked 

state. 

The time domain operation of the BBPLL is governed by the following equation: 

n+i =Tk + x0- R- i>k-D - sgn(rk) 
(2.4) 

ipk+i = i>k + sgn(rk+1 

where R is the ratio between the integral path coefficient and the proportional coef

ficient a//3; r = A/(N/3KT) is the jitter seen at the BPD; KT is the period gain of 

the DCO; tjj is the integrator output; and xo is the detuning of the DCO. 

The key concept in this paper is to have the 2-Dimensional orbit representation 

of the limit-cycle caused by the limited word width in any digital circuit. Based on 

this concept, the author finds the stability condition of the BBPLL to be: 

2 
R < Rent = 2D+1 ^"^ 

The BPD gain K& expression 

Kd 
I—W' 

V27T(7tr 
1 + e 

1 (N0KT\ 
"n "tr ) 

V27r<Jtr 
(2.6) 

derived in [27] by the same author is used in the linear model of the BPD to derive 

the variance of the output jitter: 
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< = 5 r^~ 
Nf3KT 4^2^\l N/3KT 

where atr is the root mean square (RMS) jitter of the reference clock; atv is the RMS 

jitter of the DCO output clock; N is the divider ratio; (5 is the proportional path 

coefficient; and KT is the DCO period gain. 

From equation 2.6, it can be seen that the phase detector gain depends on the RMS 

jitter of the input reference clock. From equation 2.7, it can be seen that the output 

RMS jitter grows linearly with the square root of the input RMS jitter provided that 

the input jitter is larger than the minimum quantization step of the BBPLL. 

The theory presented in this paper is validated with a BBPLL implemented in 

0.13 fim CMOS technology. Two output bands centered at 2.2 GHz and 4.8 GHz are 

supported. The DCO phase noise of -110 dBc/Hz at 1 MHz with 2.2 GHz and 4.8 

GHz carriers respectively. 

2.1.3 A 4GHz Low Complexity ADPLL-based Frequency Syn

thesizer in 90 nm CMOS 

Figure 2.3 shows a low complexity ADPLL-based frequency synthesizer implemented 

in 90 nm CMOS technology. 

A conventional tri-state phase frequency detector (PFD) is used in this work, 

followed by the one-bit T2D. The frequency decision circuit consists of a decision 

clock to define the decision period (N), and a logical circuit to make decision at each 

rising edge of decision clock. The DCO in this paper is implemented as an LC tank 

oscillator with tunable varactor as the C. In order to achieve the fine DCO resolution of 
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Figure 2.3: A 4GHz Low Complexity ADPLL-based Frequency Synthesizer in 90nm 

CMOS (From [3]; ©2005 IEEE. Reprinted, with permission, from N. Da Dalt, Lin

earized Analysis of a Digital Bang-Bang PLL and Its Validity Limits Applied to Jitter 

Transfer and Jitter Generation, IEEE Trans. Circuits Syst. I, vol. 55, no. 11, pp. 

3663-3675, 2008.) 

5 KHz, a capacitance tuning scheme with increment ally-sized varactors and matched 

varactor banks is employed. Instead of adding or removing a smallest possible varactor 

Co in a certain technology by thermometer coding, the author enables or disables any 

single varactor in an array with the increasing varactor step size ACO by one-hot 

coding, which means only one bit can be set at any time. Since ACo is usually 

one magnitude smaller than Co, a finer frequency step size can be realized without 

violating the design rule checking (DRC). 

The achieved phase noise of the circuit implemented in 90 nm CMOS in this paper 

is -106 dBc/Hz at 1 MHz offset of the 3.916 GHz carrier. 
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Figure 2.4: Phase Locked Loop Block Diagram 

2.2 Linearized s-Domain Model of the Analog PLL 

Although most PLL circuits, notably the digital PLLs, operate in non-linear fashion, 

the linearized modeling of the PLL is proved to be simple to understand and it is a 

power tool to gain insight into how a PLL works in the locked state. 

In this section, the classical s-domain linearized model of the analog PLL is intro

duced based on the block diagram in Figure 2.4. Most steps of the derivations can 

be found in [23] [24] [25] and [26]. The mappings from the time domain convolution 

equations to the s-domain multiplication equations for the LPF's operation are added 

by the author for the sake of completeness. 

Please note that the divider is normalized into the voltage controlled oscillator 

(VCO) in the derivations. Simply replacing all the VCO gain k0 with k0/N in all the 

equations derived here results in equations for the de-normalized VCO, where N is 

the divider ratio. 

The phase of the input reference clock signal is denoted by: 

6r{t) = urt (2.8) 

and the phase of the VCO is denoted by: 
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60{t) = u0t + (j>0{t) (2.9) 

The PFD compares these two phase inputs and produces the phase error: 

ee(t) = er{t) - e0{t) (2.10) 

in the time domain. The s-domain phase error is simply: 

0c(s) = 0r(s) - e0(s) (2.11) 

Assume that the output of the PFD is a voltage and is linear in the phase locked 

condition so that its output can be written as: 

vd(t) = kd[8r(t) - 90(t)] (2.12) 

where kd is the the PFD gain. The s-domain PFD output is 

vd(s) = kd[er(s) - e0(s)] (2.13) 

The PFD output is processed by the low pass filter (LPF) to produce the control 

voltage of the VCO. The high frequency noise signal components are suppressed by 

this LPF. The loop dynamics are mainly determined by LPF as will be discussed 

shortly. The time domain output of the LPF is expressed as the convolution of vd(t) 

and LPF's impulse response function f(t): 

vc(t) = f(t) ® vd(t) = f f(t- r)vd(t)dr (2.14) 
Jo 
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To solve the output vc(t) in the time domain is quite tedious. Fortunetely, a loop 

filter can be analyzed easily in the s-domain. Please note that the s-domain signals 

in this thesis is represented by capital letters corresponding to its time domain lower 

case signal names. The s-domain LPF output can be easily converted by applying 

Laplace Convolution Theorem 

Vc{s) = F(s)Vd(s) = kdF(s)Oe(s) (2.15) 

The phase deviation of the VCO caused by the control voltage is: 

d9{t) = k0vc{t)dt (2.16) 

in the time domain, where k0 is the VCO gain. 

Integrating both sides of the above equation results: 

0o(t)= fk0vc(t)dt (2.17) 

in the time domain or 

O (5) = kQVds) = kdk0F{s)Qe{s) 

in the s-domain after applying the Laplace Integration Theorem. 

The s-domain open loop transfer function is defined as: 

G(s) ^ | 4 S ^ 
It is clear from 2.18: 
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G W _ WW (2.20) 

The s-domain closed loop transfer function is defined as: 

er(s) 
It can be shown by combining 2.11, 2.19, and 2.21 that 

H(s) = ^ g (2.21) 

1 + G(s) 

Applying 2.18, we get 

H(s) = 1
 G(*] , (2.22) 

s + kdk0F(s) 

The s-domain error transfer function is define as 

*M = ̂ P ^ (2-23) 

e,(s) 
Similarly, we can get 

E(s) = %& (2.24) 

«<•> = r r W ) = 1 ~H(s) (2'25) 
Applying either 2.20 or 2.23, we get 

Equations 2.20 2.23 and 2.26 are generic equations that describe the dynamic of an 

analog PLL system regardless of what the loop filter is. In the following subsections, 
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we will introduce the PLL's design parameters and performance parameters as we 

apply certain filter types in the PLL system. 

2.2.1 Analog PLL With Only Proportional Pa th 

The simplest analog PLL is the one that has a filter with transfer function F(s) = kp. 

The loop gain, open loop transfer function, closed loop transfer function, and the 

error transfer function are: 

G(s) = ^ (2.27) 
s 

where Kp is defined as: 

H(s) - - J L , (2.28) 

£<s> = J T K , <2'29> 

Kp = kdk0kp (2.30) 

2.2.2 Analog PLL With Only Integral Pa th 

The other simple analog PLL is the one that has a filter with transfer function F(s) = 

kt/s. The loop gain, open loop transfer function, closed loop transfer function, and 

the error transfer function are: 

G(s) = § (2.31) 
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m.) = * (2.32) 

s2 

EM = JTTY, <2'33> 

where K, is defined as: 

#* = kdk0kx (2.34) 

2.2.3 Analog PLL With Both Proportional and Integral Pa th 

The loop gain, open loop transfer function, closed loop transfer function, and the 

error transfer function for the analog PLL with both the proportional path and the 

integral path are: 

G(a) = KpS + K' (2.35) 

HM ~ /SZ + K, (2'36) 

E{s) = ^T£TK, <2 '37> 

un = \[K% = y/kdk0kt (2.38) 

C = ^p = ^p = — / (2 39) 

^ 2cun 2JK 2 V K K ' ' 
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Figure 2.5: Bode Diagram of |#(s) | for a Second-Order Type 2 PLL With Frequency 

Normalized to uin 

2.2.4 Natural Frequency 

Natural frequency u)n provides a good indication of the PLL bandwidth, but it is a 

strong function of the damping factor ( as can be seen from Figure 2.5. For this 
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Figure 2.6: Bode Diagram of |# (s ) | for a Second-Order Type 2 PLL With Frequency 

Normalized to Kn 

reason, ujn is not a good choice for the PLL bandwidth. 
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2.2.5 Loop Gain 

From Figure 2.6, we can see that the loop gain Kp is a good indication of corner 

frequency of H(s). Unlike u>n, which may have no definition for other order PLL, 

such as first order PLL, Kp is a choice of the PLL bandwidth for any type of PLL 

[24]. 

2.2.6 Noise Bandwidth 

The noise bandwidth BL is defined as: 

/•OO 

BL= / \H(f)\2df (2.40) 
Jo 

If the referred input reference signal has significant white noise, the noise band

width can be a good indication of H(s) corner frequency and can be estimated easily 

from a phase noise measurement graph. However, if the input source has already 

been a noised shaped signal, such as a cascaded PLL source, or is a very low noise 

source, the noise bandwidth BL will not be a good choice for the PLL bandwidth. In 

this cases, the loop gain K will be preferred. 

2.2.7 3-dB Bandwidth 

Since a PLL can be seen as a low pass filter and filters are commonly specified by the 

3-dB bandwidth. The closed form of a the 3-dB bandwidth for a second order type 2 

PLL can be derived as: 

oozdB = o;n^/l + 2C2 + V4C4 + 4C2 + 2 (2.41) 
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•a 

Figure 2.7: 3-dB Bandwidth vs Frequency Normalized to uin 

The 3-dB bandwidth u>zdB normalized to the natural frequency uin is plotted in 

Figure 2.7. 

For quick estimate of the 3-dB bandwidth, the short form of the 3-dB bandwidth 

can be used: 

^3dB (2.42) 
2(un if C > 1.7 

(1 + CV2)con if C < 1-7 

As can be seen from Figure 2.7, the short form 3-dB bandwidth estimate is fairly 

accurate for £ > 0.4. 
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Figure 2.8: All Digital Phase Locked Loop Block Diagram 

2.3 Linearized z-Domain Model of the ADPLL 

The derivation of the linearized z-domain model of the ADPLL is similar to that of 

the linearized s-domain model of the ADPLL. Figure 2.8 shows the linerized z-domain 

model of the ADPLL. The phase of the input reference clock signal is denoted by: 

er[n]=urn (2.43) 

and the phase of the voltage controlled oscillator (VCO) is denoted by: 

0o[n] = u0n + (f)0[n\ (2.44) 

The PFD compares these two phase inputs and produces the phase error: 

6e[n] = 0r[n - 1] - 60[n - 1] (2.45) 

in the time domain. The z-domain phase error is simply: 

ee(z) = ~(er(z) - Q0(Z) 
6i 

(2.46) 
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Assume that the output of the PFD is a voltage and is linear in the phase locked 

condition so that its output can be written as: 

vd[n] = kd[6r[n]-90[n]] (2.47) 

where kd is the the PFD gain. The z-domain PFD output is: 

Vd(z) = ^[Qr(z) - e0(z)} (2.48) 

The PFD output is processed by the LPF to produce the control voltage of the 

VCO. The high frequency noise signal components are suppressed by this LPF. We 

will see that the loop dynamics are mainly determined by LPF as will be discussed 

shortly. The time domain output of the LPF is expressed as the convolution of vd(t) 

and LPF's impulse response function f(t): 

oo 

vc[n] = f[n] <g> vd[n] = J ^ f(n - m)vd[m] (2.49) 

To solve the output vc(t) in the time domain is tedious. Fortunetely, a digital loop 

filter can be analyzed easily in the z-domain. Please note that the z-domain signals 

in this thesis represented by capital letters corresponding to its time domain lower 

case signal names. The z-domain LPF output can be easily converted by applying 

Laplace Convolution Theorem 

Vc{z) = F(z)Vd(z) = kdF(z)ee(z) (2.50) 

Applying D sampling clock delay to Vc{z) and rewriting it without introducing a 

new symbol, we get: 
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Vc{z) = kiFi^U1 (2 H ) 

The phase deviation of the VCO caused by the control voltage is: 

6[n] - 6[n - 1] = k0vc[n - 1] (2.52) 

in the time domain, where k0 is the DCO gain. 

The corresponding z-domain equation by applying the Differential Theorem on 

the left and the Time Shift Theorem on the right results in: 

(1 - z-^Qoiz) = k0vc{z)z-1 (2.53) 

re-arranging the above equation, we get: 

S0(z) = k0vc(z)^-^ = kdkoe^iz^Fiz))^-^- (2.54) 

The z-domain open loop transfer function is define as: 

G W = | g (2.55) 

It is clear from 2.54: 

G(z) = kdk0(z-DF(z))Y^pi (2-56) 

The z-domain closed loop transfer function is defined as 

H(,) S HI (2.57) 
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It can be shown by 2.46 that: 

BO) = jf^ (2-58) 

Applying 2.54, we get: 

[)" (i - z-i)+kdk0{z-Dnz))z-x { } 

The z-domain error transfer function is define as: 

E{z) s | M (2.60) 

Similarly, we can get: 

B<*> = T T G M = 1 - * W (2'61) 

Applying either 2.56 or 2.59, we get: 

l-z-1 

E(Z) = (1 - z-^) + kdk0{z-°F{z))z-^ ( 2 - 6 2 ) 

Equations 2.20 2.59 and 2.62 are generic equations that describe the dynamic of a 

PLL system regardless of the loop filter. In the following subsections, we will introduce 

the PLL's design parameters and performance parameters as we apply certain filter 

types in the PLL system. 

2.3.1 ADPLL With Only Proportional Path 

The simplest ADPLL is the one that has a filter with transfer function F(z) = kp. 

The loop gain, open loop transfer function, closed loop transfer function, and the 

error transfer function are 
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K z~l'D 

G(z) = t f ^ (2.63) 

K z~l-D 

H(z) = , Zur, ^ (2-64) l + z^(Kp-l) 

EW = i • Ji-Dftr TT ( 2 - 6 5 ) 

where Kp is defined as 

l + z-i-DiKp-l) 

Kp = kdk0kp (2.66) 

2.3.2 ADPLL With Only Integral Pa th 

The other simple ADPLL is the one that has a filter with transfer function F(z) = 

kxz~x/(l — z_1). The loop gain, open loop transfer function, closed loop transfer 

function, and the error transfer function are: 

- l \ 2 
z l N 

G(z) = K,z-D [—^-A (2.67) 

K,z-D(\ - 2">)2 , , 

where Kt is defined as: 

Kx = kdk0kz (2.70) 
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2.3.3 ADPLL With Both Proportional and Integral Pa th 

The loop gain, open loop transfer function, closed loop transfer function, and the error 

transfer function for an ADPLL with both the proportional path and the integral path 

are: 

^ ) = [ ^ ( i - y ^ r v l " ° ("I) 

H[Z) (1 - z-i)* + Kpz-'-D + KlZ-° [AJZ) 

(1 _ z-iy 
E^Z) = (1 - z-^Y + Kpz-D(l - z-i) + Ktz-i-D ( 2 ' ? 3 ) 

Using z = e~JU)ts, where ta is the sampling period, we can define the natural 

frequency and damping factor corresponding to those of the analog PLL. This is 

only valid if there is no delay D and when the bandwidth is less than the sampling 

frequency: 

Ur, •„ = yJ~K% = y/kdkoVK (2.74) 

C — ^P — ^P — yKdkp kp . . 

~ 2un ~ 2^KX 2 yfc K ' ' 

The Bode plots of the ADPLL are similar to those of analog PLLs. If the band

width is relative small compared to the sampling rate of the ADPLL, then the ADPLL 

will work like an analog PLL. 
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Figure 2.9: Bode Diagram of \H(z)\ for a Second-Order Type 2 ADPLL, D=l With 

Frequency Normalized to Loop Gain K. 

As can be seen that the Bode plots of the ADPLL shown in Figure 2.9 are similar 

to the Bode plots for an analog PLL, shown in Figure 2.6. The ADPLL in Figure 2.9 

has large phase margin, therefore it is stable. 
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Chapter 3 

The Proposed All Digital Phase 

Locked Loop 

The proposed ADPLL in this chapter consists of three major modules as shown in 

Figure 3.1: 

• The non-linear BBPFD without cycle-slip and dead-zone. This BBPFD takes 

the reference signal Fref and the divider output signal Fdiv and produces a 

single rectangle phase direction signal Dir instead of the pulsed signals UP and 

DN by a traditional linear PFD. 

• The highly integrated DCO that contains both the integral and the proportional 

filter paths. This DCO takes the low speed PFD output signal Dir and the 

signal Shift and produces the high speed synthesized clock output Font. When 

running in open-loop mode, it can be characterized easily by the external test 

signals Dir and Shift independent of all other ADPLL modules. Kp is the 

programmable proportional path coefficient. 
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Figure 3.1: The Proposed All Digital Phase Loop (Kp and R are programmable 

proportional path coefficient and divide ratio) 

Figure 3.2: The Characteristic Curve of a Traditional 3-state PFD 

The wide divide range multi-modulus divider (MMD) that is capable of dividing 

by the divide ratio R from 2 to 2n — 1, where n is the number of divide-by-2/3 

stages plus 1. The advantage of the wide divide range MMD is that the input 

reference frequency range is also wide, giving the designer more choices. 
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3.1 P F D Without Cycle-Slip and Narrow Dead-

Zone 

The traditional 3-state PFD takes the reference clock signal Fref and the frequency 

divider output signal Fdiv and produces two pulse outputs U and D. Followed by 

the charge pump circuit in the analog PLL, the traditional 3-state PFD is considered 

to be linear because the integrated area under the U — D signals are proportional to 

the phase difference <f>(Fref) — <p(Fdiv). When in the phase locked state, the pulse 

U and D is not wide enough to drive the big capacitive load presented at the charge 

pump input due to the finite rise time and fall time, resulting in the metastability 

or the dead-zone problem. Within the dead-zone, the effect of the metastability is 

to smooth out the binary characteristic curve of the BBPFD thus leading to linear 

operation with small phase errors [28]. So the dead-zone problem is not a real problem 

per se. The real problem associated with the dead-zone is that the dead-zone can not 

be too wide. If the dead-zone is too wide, the loop will not be able to have enough 

loop gain to correct small phase error. For this reason, it is desirable to have a very 

narrow dead-zone. 

Another less severe but unwanted effect of the traditional 3-state PFD when in 

frequency locked state is the cycle slip. The cycle slip is illustrated usually with a step 

response figure and is a direct effect result of the PFD characteristic curve shown in 

Figure 3.2. U — D in Figure 3.2 is the averaged PFD output signal and A<p is the the 

phase error between the two PFD inputs. In the analog PLL with the charge pump 

configuration, the cycle slip slows down the frequency step response and makes the 

settling time longer than needed. 
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Figure 3.3: The Phase and Frequency Detector Without Cycle-Slip and Narrow Dead-

Zone 

Table 3.1: PFD Glitch Elimination Truth Table 

u 

0 

0 

1 

1 

D 

0 

1 

0 

1 

UP 

0 

0 

1 

0 

DN 

0 

1 

0 

0 

The proposed PFD used in this thesis is shown in Figure 3.3. It consists of a 

traditional PFD followed by a glitch elimination stage and a cycle slip elimination 

stage. The glitch elimination stage consists of two AND gates with one inverted input 

connected to the other gate's input. Its operation follows the truth table 3.1: 

As can be seen from this glitch elimination table that, when both U and D are 

high, the output UP and DN are low and the net effect of this stage is that the 
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Table 3.2: PFD RS Latch Truth Table 

UP 

0 

0 

1 

1 

DN 

0 

1 

0 

1 

Dir 

Keep State 

0 

1 

Restricted 

narrow glitches associated with the traditional 3-state PFD is eliminated, as can be 

seen in Figure 3.5. Please note that eliminating the state where both UP and DN 

are high also eliminates the undefined input state in the following cycle slip stage. 

The cycle slip is eliminated with an reset-set (RS) latch following the dead-zone 

elimination circuit. The cycle elimination circuit truth table is shown in Table 3.2 

With the cycle slip elimination circuit, the proposed PDF's characteristic curve 

is changed from Figure 3.2 to Figure 3.4 making it a non-linear Bang-Bang phase 

frequency detector. When in the phase locked condition, the ideal shape of the signal 

Dir is a squared waveform. 

Since the glitch elimination stages and the cycle slip stage also serve as two high 

gain amplifiers, the flip-flops in the proposed PFD can be designed with very small 

gate width because the capacitive load seen by U and D signals is the glitch elimi

nation stage only. This effect is called reverse scaling and it results in an extremely 

short time of metastability and a narrow dead-zone. The narrow the dead-zone, the 

higher speed that the the PDF can operate. This is confirmed with the measured 
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Figure 3.4: The Characteristic Curve of the Proposed PFD 

output frequency spectrum with 1Hz resolution bandwidth in Figure 6.9. 

Compared with the narrow pulsed up-down signal U and D used in the traditional 

analog PLL, the square waved signal Dir have the following advantages: 

• Since the Dir signal is extended in the whole reference period, the proportional 

path phase correction is averaged out in the whole reference period and thus 

requires a much smaller proportional path varactor array. 

• The square-waved Dir has less stringent rise and fall time requirements when 

applied to the DCO input flip-flops. With sufficient delay of the Shift signal, 

the internal flip-flops that control the varactor arrays within the DCO will 

always be switch on or off. This makes the circuit work reliably under different 

temperature and power supply conditions. 

The correct operation of the proposed PFD is illustrated in Figure 3.5. This figures 

shows how the glitch elimination and cycle elimination works and it also shows how 

the signal Dir changes value when applying a frequency step on the divider output 

signal Fdiv. 
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Figure 3.5: The Waveform of the Proposed PFD 

3.2 DCO With the Integrated Low Pass Filter 

The digital interface of the DCO is very simple by combining the low pass filter 

functionality inside the DCO itself. The DCO in the design takes only the signal Dir 

from the PFD and a signal Shift to clock the internal shift register. The output of 

the DCO is the synthesized output clock Fout. 

Combining the low pass filter not only makes the interface simple and clean but 

also makes the test of the DCO in the open-looped mode easy. By inserting two 

MUXes between the PFD and the DCO, the PLL loop can be opened or closed. 

When in the closed mode, the Dir and Shift signals are connected to the PFD 

output Dir and the divider output Fout. When in the opened mode, the Dir and 

Shift signals are connected to two external control signals and the DCO's linearity 

and step size can then be characterized easily. 

Conceptually, the DCO can be divided into the bidirectional shifter register con

trolled integral varactor array, the programmable proportional varactor array, and 

the DCO core. 
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8x64 Bidirectional Shift 
Register Controlled Integral 

Varactor Array 

Figure 3.6: The Bidirectional Shift Register Controlled Integral Varactor Array 

3.2.1 The Bidirectional Shift Register Controlled Integral 

Varactor Array 

Without the capacitor counterpart in the analog PLL to serve as the memory element 

to remember the previous state, the integral path in this all digital PLL design is 

embedded in the DCO itself and is implemented by a long bidirectional shift register 

shown in Figure 3.6. The Dir signal determines the shift direction. The Shift signal 

serves as the clock input to the shift register. Signals UI and DI DO are used to 

concatenate the register cells together to form a serial array. For easy and regular 

layout purposes, each register cell also contains a pair of differential varactor pair 

which shares two common signals Vap and Van of the resonant tank from the DCO 

core. 

The operation of the bidirectional shifter register controlled integral varactor array 

is similar to a thermometer. When the divider output signal Fdiv is ahead of the 

reference signal Fref, the Dir is low and the register shift one more ' 1 ' into the 

register and slows down the DCO output signal Fout; when the divider output Fdiv 

is behind the reference signal Fref, the Dir is high and the register shift one more 

'0' into the register and speed up the DCO output signal Fout. 
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Given a fixed varactor step size and the inductor value in the DCO core, the total 

number of the shift register cells determines the PLL's locking range. More cells 

results in a wide locking range but lower output frequency. The size of the varactor 

in each cell determines the minimal resolution of integral path in the DCO. Generally 

speaking, given the same proportional path to integral path coefficient ratio Kp/Ki, 

the finer the resolution in the integral path, the smaller the deterministic jitter caused 

by the proportional path. 

3.2.2 The Programmable Proportional Varactor Array 

The proportional path in the DCO as shown in Figure 3.7 is simpler than the integral 

path. Each cell in the proportional path consists of an AND gate and a differen

tial varactor. The signal Dir is directly taken from the PFD output DIR. The 

programmable proportional coefficient Kp[7:0] is binary coded in the low 4 bits and 

unary coded in the upper 4 bits. The minimal coefficient is 0 and the maximal coef

ficient is 79 when all the bits of Kp[7:0] are all 0. A better choice would be to have 

all the bits binary coded to simplify the software programming interface and to allow 

for bigger proportional path coefficients. 

3.2.3 The LC-Based DCO Core 

The DCO core shown in Figure 3.8 is made up of two inverters cross connected with 

an spiral inductor. The bidirectional shift register controlled integral varactor array 

and the programmable proportional path varactor array provide the capacitive load 

in the resonant tank. A separate power supply Vdco is provided for the DCO core 
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Figure 3.8: The Proposed DCO Core 

to control the output center frequency and to control the output swing amplitude to 

match the high speed common mode logic (CML) logic in the divider stage described 

40 



ai^-i 

SsSS 

Figure 3.9: EMSS Model for the Inductor Used in the DCO 

17.5-

T ET H— 

1 9 c j 

m A. 
X 

- 1 7 r 

K Cl-

9 El-

0-

sS 

1 

n 

1 

— 1 — 1 — 1 — 1 — 

5,0 10 15 20 25 
frequency (GHz) 

Figure 3.10: Inductor's Inductance by EMSS Simulation 

41 



17.5 

0 5.0 10 15 20 25 
frequency (GHz) 

gure 3.11: Inductor's Q by EMSS Simulation 

l U U U -

Qfin n -

cr\r\ n. 

S AC\C\ f l -

cC 

9nn n-

u-

-200.0-

J 

0 5.0 10 15 20 25 
frequency (CHz) 

?ure 3.12: Inductor's R by EMSS Simulation 

42 



in the next section. 

The inductor used in the DCO shown in Figure 3.9 is made up of top two layer 

metals with the bottom metal layer as the ground shield to reduce the substrate 

loss caused by the capacitive coupling. The result of the electromagnetic simulation 

software (EMSS) simulation of the inductor is shown in Figures 3.10, 3.11, and 3.12. 

The simulated inductance, quality factor Q, and the parasitic resistance are 1.66nH, 

7.5, and 1.880 respectively at 1.35GHz. 

3.3 MMD With Wide Divide Ratio Range 

The MMD made up of n traditional divide-by-2/3 cells have the divide ratio range 

of 2 n _ 1 to 2n — 1. For the applications that do not require wide divide ratio range, 

this type of MMD is sufficient. For a research project like this one or the frequency 

synthesizer design a wide divide ratio range will give the designer more freedom to 

explore various effects related to the divide ratio and find a best ratio range for a 

particular PLL architecture. 

The modified divide-by-2/3 cell used in this design is illustrated in Figure 3.13. 

One OR gate and one NAND gate are added to the traditional divide-by-2/3 cell. 

The OR gate is used to sense if any higher bit R[m + 1 : n] than the current bit 

R[m] in the ratio word R has a ' 1 ' . If there is a ' 1 ' in the higher bit the current 

output Tout[m] will be '1 ' . When cascaded together, the signal Tin[m] with the next 

modulus signal Mout[m — 1] will activate or de-activate the next divide-by-2/3 cell, 

hence dynamically adjusting the effective length of the MMD depending on the input 

ratio R. This results in the wide divide ratio range 2 to 2n — 1. The extended range is 
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Figure 3.13: The Modified Divide-by-2/3 Cell 
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Figure 3.14: The Multi-Modulus Divider 

achieved with only two additional gates per divide-by-2/3 cell. The cost in the layout 

area and power consumption is negligible. 

The modified divide-by-2/3 cells are cascaded together to form a MMD as shown 

in Figure 3.14. For the divide range from 2 to 2n — 1, the required number of divide-

by-2/3 cells is n-1. 
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Chapter 4 

System Level Simulation of the 

ADPLL by SystemVerilog 

Event-driven simulation technique of an ADPLL by SystemVerilog is presented in 

this chapter. It uses the Mersenne-Twister random number to generate the uniformly 

distributed white noise and then uses Box-Muller algorithm to generate the normally 

distributed white noise. The extremely simple Stochastic Voss-McCartney algorithm 

is used to generate the pink noise so that the 1 / / phase noise effect can be modeled 

easily. Since the event-driven simulation is extremely fast compared to the circuit 

level simulation, it allows circuit designers to explore different ADPLL architectures 

at the early stage without going through the time-consuming circuit level simulation. 

Pure SystemVerilog implementation also makes it possible to simulate the phase noise 

effect of the ADPLL efficiently in a system-on-chip (SoC) dominated by the digital 

components. 
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4.1 Event-Driven Simulation by SystemVerilog 

It is a well known issue that the PLL simulation by a Spice-like simulator is time 

consuming. In order to predict the noise in a circuit, the Spice simulator needs a 

quiescent operating point which is not always the case in a PLL circuit [29]. This 

means that it is impractical to use a Spice simulator to explore the PLL architecture 

due to its simulation speed and sometimes it is even impossible due to its inability 

to simulate the noise in a complex system. In order to solve the speed problem of 

the Spice simulation, phase-domain simulation technique was used. However, the 

phase domain simulation is only useful for predicting the loop dynamics and gives 

little intuitive insight into the circuit itself especially for the beginners. Moreover, the 

phase domain simulation can not be used to evaluate the phase noise performance 

which is the most important feature in a PLL system. 

With the increased interest in the ADPLL, researchers began to simulate the AD-

PLL by the event-driven technique. Reference [30] explores Matlab's event-driven 

programming technique to simulate the digital PLL at the system level. Because the 

Matlab simulation code uses the event-driven functions, the simulation speed is fast. 

It is easy to add the phase noise simulation in the Matlab code. However, it is not 

an easy task to integrate the Matlab simulation into a SoC simulation environment. 

Reference [29] is a comprehensive tutorial paper that uses the mixed signal simulator 

VerilogA to simulate a charge-pump-based PLL (CP-PLL). The best part of this ref

erence is its jitter and phase noise simulation technique. Compared to the Matlab or 

other general purpose programming languages such as C, the hardware description 

languages Verilog or VHDL are intrinsically event-driven and programmers do not 
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need to worry about how event-driven functions work. Adding a EA modulator into 

the simulation code will make it possible to study the EA modulator phase noise 

effect. Reference [31] does this by a different mixed signal simulator SpectreVerilog 

from Cadence. With the advance of the CMOS process, more and more circuit com

ponents can be integrated into a single chip and most SoC designs have one or more 

PLL blocks. From the architectural point of view, it is desirable to use as many 

as possible digital parts in the PLL design. This results in the proliferation of the 

ADPLL in the SoC applications. Due to ADPLL's digital nature, it is very easy to 

incorporate the ADPLL simulation into the SoC simulation environment. It is a diffi

cult task to effectively simulate the phase noise in a pure digital environment without 

slowing down the whole simulation because phase noise simulation requires complex 

noise generation algorithms. Reference [32] simulates the phase noise within the SoC 

environment with the pure digital VHDL language. 

The key component in the phase noise simulation is the time domain noise gen

erator. Once the noise in the DCO is generated correctly, the closed loop dynamics 

with the noise effect can be simulated. The most important noises in a DCO is the 

—20dB/dec frequency modulated thermal noise, the — lOdB/dec flicker noise, and the 

flat white Gaussian noise. Noises generated in blocks that are not part of the PLL 

loop can be modeled as the additive white noise and they are not cumulative so they 

can be inferred into the DCO's output white noise. 

In this chapter, SystemVerilog is used to model the ADPLL building blocks pro

pose in Chapter 3 since SystemVerilog's direct programmin interface (DPI) makes it 

extremely easy to call external noise generation functions written in C. The highly 

respected Mersenne-Twister random number generator [33] is used to generate the 
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white noise with uniform distribution. The white noise with Gaussian distribution is 

then generated from this uniform white noise by the Box-Muller algorithm. The 1/f 

noise is generated by a simple Stochastic Voss-McCartney algorithm [34] from the 

music DSP community. The higher order noises are generated by integration over the 

previously mentioned lower order noise sources. 

4.1.1 P D F Simulation 

The PFD used in this simulation is shown in Listing 4.1. 

Listing 4.1: PFD Simulation Model in SystemVerilog 

1 ' i n c l u d e " a d p l l . v h " 
2 module pfd ( f r e f , fdiv , up , dn, r s t _ n ) ; 
3 output u p , dn; 
4 input fref , fdiv , r s t _ n ; 
5 reg up , dn; 
6 wire p f d _ r s t ; 
7 
8 / / fref faster => up 
9 a lways @(posedge f ref or posedge p f d _ r s t ) begin 

10 i f ( p f d _ r s t ) up <= 0; e l s e up <= 1; 
11 end 
12 
13 //fdiv faster => dn 
14 a lways @(posedge fdiv or posedge p f d . r s t ) begin 
15 i f ( p f d . r s t ) dn <= 0; e l s e dn <= 1; 
16 end 
17 
18 a s s i g n p f d _ r s t = ~ r s t_n | (up & dn) ; 
19 endmodule 

4.1.2 Divider Simulation 

The frequency divider in a real circuit implementation may be the dual modulus 

divider. However, for the behavioral simulation purpose, we use a counter in the 
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simulation for simplicity and speed purpose. It is also used as a verification module 

for the multi-modulus divider we used in FPGA and CMOS implementation in the 

following chapters. Initially, the counter is reset to 0. Whenever the counter is 

greater than or equal to the programmed divider ratio, the output is flipped and the 

the counter is reset to 0 again. Listing 4.2 shows the frequency divider SystemVerilog 

code. 

Listing 4.2: Divider Simulation Model in SystemVerilog 

1 ' i n c l u d e " a d p l l . v h " 
2 module fdiv (e lk , M, fdiv , r e s e t ) ; 
3 parameter d iv_wid th = 8; 
4 
5 
6 
7 
8 
9 

10 
11 
12 
13 
14 
15 
16 
17 
18 
19 
20 
21 
22 
23 
24 
25 
26 
27 

input elk , r e s e t ; 
input [ d i v _ w i d t h - 1 : 0 ] M; 
output fdiv ; 
wire fdiv ; 
reg q; 
i n t e g e r i ; 

always @(negedge r e s e t ) begin 
i = 0; 
q = 0; 

end 

always @(clk) begin 
i f ( ~ r e s e t ) begin 

i = i + 1; 
i f ( i >= M) begin 

q = ~q; 
i = 0; 

end 
end 

end 

a s s i g n fdiv = q & " r e s e t ; 
endmodule 
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4.1.3 DCO With the Built-in LPF Simulation 

Compared to most of the traditional PLL configurations, the ADPLL does not have 

an explicit LPF. The LPF function in this ADPLL is tightly integrated inside the 

DCO. The DCO frequency is controlled by an array of switched capacitors which can 

also be used to perform addition operations. Integrating the LPF function inside the 

DCO has the benefit of eliminating the complex adders needed by the traditional 

LPF module. 

If two capacitors are connected in parallel, the total capacitance is simply the 

addition of two individual capacitances. This property makes it possible to use the 

varactor array itself to perform the addition operation. The purpose of the multiplier 

is to control the ratio of the proportional coemcient and the integral coefficient. If 

we use extra control signals to control how many varactor units are used for the 

proportional path and how many varactor units are used for the integral path, we do 

not need complex multipliers any more in the LPF. 

Listing 4.3 shows the DCO SystemVerilog code. Only the up/down counter 

method is shown in this listing for simplicity purpose. The noise generation related 

code will be explained in section 4.2. 

Listing 4.3: DCO and the Built-in LPF Simulation Model in SystemVerilog 

1 ' i n c l u d e " a d p l l . v h " 
2 module bbdco ( u p , dn , fout , fref , f d i v ) ; 
3 input up , dn ; 
4 output fout ; 
5 reg fout ; 
6 input fref , fd iv ; 
7 reg [1 :0] P; 
8 i n t e g e r I ; 
9 r ea l C t r l , pe r iod ; 

10 r ea l j i t t e r _ s t d d e v , f l i c k e r _ s t d d e v , w a n d e r . s t d d e v , 
s a u n t e r _ s t d d e v ; 
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11 
12 
13 
14 
15 
16 
17 
18 
19 
20 
21 

22 

23 

24 

25 
26 
27 
28 
29 
30 
31 
32 
33 
34 
35 
36 
37 
38 
39 
40 
41 
42 
43 
44 
45 
46 
47 
48 
49 
50 

rea l p j i t t e r , 
i n i t i a l begin 

fout = l ' b l ; 
P = 0; 
I = 0; 
C t r l = 0 .0 ; 
p j i t t e r = 0.0 
p f l i c k e r = 0.0 
pwander = 0.0 
p s a u n t e r = 0.0 
j i t t e r _ s t d d e v 

' w h i t e _ p n ) ; 
f l i c k e r _ s t d d e v 

' p i n k _ p n ) ; 
wander_s tddev 

' b r o w n . p n ) ; 
s a u n t e r _ s t d d e v 

' r e d _ p n ) ; 
end 

p f l i c k e r , pwander , psa 

= w h i t e 2 s t d d e v ( 'fOdco , 

= p i n k 2 s t d d e v ( 'fOdco , ' p i n k - c o r n e r , 

= brown2stddev ( 'fOdco , ' b rown_corne r , 

= r e d 2 s t d d e v ( 'fOdco , ' r e d _ c o r n e r , 

always @(up or dn) begin : lpf 
case ( { u p , dn}^ 

2 'b01: I = I 
2 ' b l O : I = I 
d e f a u l t : ; 

endcase 

- 1; 
+ l; 

P[0] = up ~~ dn; 
P [ l ] = up & ~dn; 

end 
always @(posedge 

C t r l <= ( 'Kp * 
end 
always begin 

pe r iod = 1.0 / 

f d i v ) begin : r e t i m i n g 
P) + ( 'K i * I ) ; 

( ' fOdco + 'Kdco * C t r l ) ; 
p e r i o d = pe r iod + j i t t e r ( j i t t e r _ s t d d e v , p j i t t e r ) ; 
p e r i o d = perioc 
p e r i o d = perioc 
p e r i o d = perioc 

+ f l i c k e r ( f l i c k e r . s t d d e v , p f l i c k e r ) ; 
+ wander (wander_s tddev , pwander) ; 
+ s a u n t e r ( s a u n t e r _ s t d d e v , p s a u n t e r ) ; 

i f ( p e r i o d <= 0) $$ s t o p ; 
e l s e begin 

# ( p e r i o d / l e — 
# ( p e r i o d / l e — 

end 
end 

endmodule 

12/2) fout = ~fout ; 
12/2) fout = " fou t ; 
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Figure 4.1: Phase Noise Spectral Density 

4.2 Noise Simulation 

The same noise terminologies from different publications can sometimes mean dif

ferent types of noises. In order to have consistent noise terminologies, we use the 

terms white, pink, red, and infrared to designate the frequency domain phase noises 

with different slopes in this paper. White phase noise is flat; pink phase noise has 

— lOdB/dec slope; red phase noise has —20dB/dec slop; infrared phase noise has 

—30dB/dec slope. The corresponding time domain noise terms for the above phase 

noises are jitter, nicker, wander, and saunter, respectively, as shown in the parenthesis 

in Figure 4.1. 

Please note that the term infrared phase noise and the saunter are newly intro

duced in this paper to refer to the integrated pink noise and the nicker noise in the 

frequency domain and in the time domain respectively. 

Given the white phase noise Cw in dBc and the oscillator frequency /0, the jitter 

noise a3 can be calculated by the following equation [32]: 
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Figure 4.2: Generated White —150dBc/Hz Gaussian Noise by Box-MuUer Algorithm 

1 /i(yw10 

J
 2TT /o 

(4.1) 

Figure 4.2 shows white — 150dBc/Hz Gaussian noise by the Box-Muller Algo

rithm. 

Given the pink noise Cp in dLBc and frequency offset A / , the flicker noise 0/ can 

be calculated by the following empirical equation introduced in this paper: 

af 
A / /10A>A° 

(4.2) 
/o V 27r/o 

Figure 4.3 shows the simulated —lOdB/dec pink noise generated by the Voss-

McCartney algorithm. 

Given the red noise £ r in dBc and frequency offset A / , the wander noise aw can 

be calculated by the following equation [32]: 
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Figure 4.3: Generated -U0dBc/Hz@2MHz Pink Noise (-10dB/dec) by Voss-

McCartney Algorithm 

vw = 
Af /lO^/10 

(4.3) 
/o V /o 

Figure 4.4 shows the simulated —20dB/dec red noise generated by integration of 

the white noise. 

Given the infrared noise C% in dBc and frequency offset A / , the saunter noise as 

can be calculated by the following empirical equation introduced in this paper: 

0\, = 
A / /lO^/ 10 

(4.4) 

Figure 4.5 shows the simulated —30dB/dec infrared noise generated by integration 

of the pink noise. 

Noise simulation in the behavioral simulation involves the generation of the white, 

pink, red, and the infrared noise. The simplest noise is the white noise. Theoretically, 
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the white noise can be generated by any uniform random number generator readily 

available from many software packages. However, a random uniform random number 

generator may not have the expected power spectral density value in the ADPLL 

simulation. The normal random number generator should be used in the simulation. 

In this paper, the normal random number generator is implemented by the Box-

Muller algorithm and the uniform random number generator used by the Box-Muller 

algorithm is implemented by the highly respected Mersenne- Twister random number 

generator from [33]. 

Designers who are new to the noise simulation are often confused by the power 

spectral density and the random number probability distribution. Actually, these two 

properties do not have any direct relationship. Both the uniform random number 

generator and the normal random number generator can generate the time sequences 

that have flat spectral density. Noise with different power spectral density can be 

generated by integration or differentiation of the white noise. The integration and 

the differentiation serve the purpose of generating poles or zeros so that we can get 

the desired power spectral density graphs. This is called the filtering method or fitting 

method. 

Like white noise, pink noise is also found to be universal in all kinds of applications 

such as electronics, economics, and music. However, unlike white noise that is the 

easiest one to generate, the flicker noise is the most difficult one to generate. It remains 

one of the most interesting topic of research in the art, science, and engineering fields. 

Reference [32] uses the filtering method to generate pink noise. The filtering method 

is straight forward but its running simulation efficiency is not the best. Reference [34] 

proposed an improved Voss-McCartney algorithm in the music DSP community to 
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Figure 4.6: Step Response Without Noise 

generate pink noise. This paper will use this improved Voss-McCartney algorithm in 

the ADPLL phase noise simulation. 

The red and the infrared noise generators can be easily constructed with white 

noise and pink noise generators. The red noise generator is simply the integration of 

white noise and infrared noise generator is simply the integration of pink noise. 

The noise generation functions are written in C language as the SystemVerilog 

DPI. DPI allows SystemVerilog code to call any user defined functions or operating 

system provided C libraries so it is extremely easy to integrate any external noise 

generators written in C into the simulation model written in register transfer language 

(RTL). 
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4.3 Simulation Results 

The SystemVerilog test bench writes the time domain periods into a file. After the 

simulation is done, a Matlab script is used to plot the time domain periods graph 

and to calculate the phase noise. The Matlab script is partially based on the script 

provided by [29]. The difference is that the Matlab script used by [29] does the noise 

integration by the Matlab while the noise is integrated by the PLL simulation itself. 

The noise integration is the transfer function of the DCO so it should be handled by 

the simulation. The phase noise is calculated by the Welch algorithm available in 

Matlab with the input period time sequence. 

Figure 4.6 shows the time domain step response without any noise. The locking 

and the settling behavior can be clearly seen from this diagram. With the noise added 

in the simulation, the settling time is longer than that without the noise as show in 
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Figure 4.8: Simulated Phase noise 

Figure 4.7. The time domain noise at can be calculated from the period time sequence 

used to draw the step response diagram. However, this time domain noise increases 

with the the simulation time if the phase noise is not pure white. 

Figure 4.8 shows the phase noise of the simulated ADPLL architecture. The 

phase noise values and shape are close to the calculated ones. For example, the white 

phase noise caused by peripheral circuits is expected to be —150dBc/Hz and phase 

noise at 10MHz is expected to be -120dBc/Hz + 3dBc = -llldBc/Hz mainly 

determined by the red noise corner and the infrared noise corner and the simulated 

result is —116.6dBc/Hz. We can see from this diagram that the ADPLL effectively 

suppresses the close-in phase noise. The loop bandwidth is estimated to be 30kHz 

from this diagram. 

The program takes about 5 seconds to finish a 436 [is simulation without any noise 

and it takes 46 seconds to finish the same simulation with all four different noises on 
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a Sun-Fire-V440 machine. This amounts to about 10/J.S simulation time per second. 

4.4 Summary 

Table 4.1 summaries different PLL simulation techniques described in the references. 

The simulation languages used in the references include Matlab, VenlogA, and VHDL. 

This paper chose SystemVenlog because the DPI interface provided by SystemVenlog 

makes it extremely simple to integrate the noise generators written in C. The noise 

performance is one of the most important parameters in any PLL design. Reference 

[30] does not include the noise simulation. Reference [29] and [31] only include the 

white noise and the red noise simulation. Reference [32] and this paper both include 

the 1 / / noise simulation but with different algorithms. Reference [32] uses the IIR 

filter method to generate the 1 / / noise while this paper uses the simple and efficient 

Voss-McCartney algorithm to generate the 1 / / noise. 

This paper also introduces a new infrared noise (saunter in the time domain) in 

the simulation to model the —30dB/dec effect in addition to the white, pink, and red 

noises. Because not all the papers include all four noise sources and the simulation 

environments are different, the simulation speed values listed in Table 4.1 are for 

references only. 

The pure digital language System Venlog is successfully used in this paper to sim

ulate the step response and the locking behavior in the ADPLL. Since SystemVenlog 

is intrinsically event-driven, the simulation speed is fast enough to allow a SoC design 

to include the detailed ADPLL simulation. 

The noise generation algorithms in C language are used in the SystemVenlog 
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Table 4.1: Comparison of ADP 

[29] 

[30] 

[31] 

[32] 

This work 

Language 

VerilogA 

Matlab 

VerilogA 

VHDL 

System Verilog 

Noise 

Yes 

No 

Yes 

Yes 

Yes 

JL Behavioral Simulation 

1// Noise 

No 

No 

No 

IIR Filters 

Voss-McCartney 

Speed 

N/A 

N/A 

l^S/Sec 

15/iS/Sec 

10/iS/Sec 

model by DPI. The algorithms include the Mersenne- Twister random number gener

ator, Box-Muller algorithm, and the Voss-McCartney algorithm. The noise simula

tion techniques can be used to investigate the phase noise behavior with any ADPLL 

system architecture at the very early design stage. 
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Chapter 5 

Fully Synthesized ADPLL 

Prototype in FPGA 

The purpose of this chapter is to provide a fast prototype of the proposed ADPLL 

by the FPGA which is much closer to the real CMOS implementation than the pure 

software simulation. The fully synthesized ADPLL in the FPGA can also be used 

separately in any applications that need both the ADPLL and other DSP modules 

to be implemented in the FPGA. 

Analog circuit synthesis remains one of the chanllenging research area. Although 

its interfaces are all digital, the ADPLL works like a analog circuit. This makes it 

difficult to fully synthesize an ADPLL from Verilog or VHDL. The other reason that 

it is difficult to synthesize an ADPLL is that the ADPLL is basically a feedback 

system and the optimization algorithms used in Verilog or VHDL compiler will likely 

remove the feedback loop completely if no special constraints are used in the language. 

These constraints are vendor specific and are not standard Verilog or VHDL language 
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features. 

Most of the ADPLL sub-circuits can be synthesized easily from the RTL language 

except for the DCO [35] [36] [37] [38], [39] [40]. Most of the FPGA-based ADPLL 

uses the coordinate rotation digital computer (CORDIC) algorithm inside the FPGA 

and an digital-to-analog converter (DAC) to realize the DCO which limits the DCO 

output from a few KHz to tens of MHz. 

This chapter describes a fully-synthesized ADPLL in the FPGA from the Verilog 

language including the DCO. The benefits of the digitally synthesized ADPLL are 

obvious. Firstly, the ADPLL can be offered as a soft IP module that can be integrated 

into SoC applications and can be simulated with the rest of the digital modules. 

Secondly, porting the ADPLL from one process to another requires much less time 

compared to porting the analog or mixed signal PLL. Lastly, the development cycle 

from functional specification to the tape-out and the lab characterization is short, 

since most of the tasks involved now can be automated by the software. The ADPLL 

synthesized on an FPGA chip can be served as the prototype to check if the circuit 

works and the circuits can be characterized immediately. This greatly improves the 

chance of first time tape-out success. 

5.1 PFD 

The tri-state PFD can be easily synthesized from Verilog as shown in Listing 5.1. 

The synthesized netlist schematic in the FPGA is shown in Figure 5.1. 

Listing 5.1: Synthesizable PFD 

1 module pfd (fref , fdiv , up, dn, r s t _ n ) ; 
2 output up, dn; 
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Figure 5.1: Synthesized PFD in PFGA 
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input fref , fdiv , r s t _ n ; 
wire fv_rs t , f r _ r s t ; 
reg qO, q l ; 

a s s i g n f r _ r s t = (qO & q l ) ; 
a s s i g n f v _ r s t = (qO &; q l ) ; 

always @(posedge fdiv or posedge f v _ r s t ) begin 
i f ( f v . r s t ) qO <= 0; e l s e qO <= 1; 

end 

always ©(posedge f re f or posedge f r _ r s t ) begin 
i f ( f r _ r s t ) q l <= 0; e l s e ql <= 1; 

end 

a s s i g n up = ql ; 
a s s i g n dn = qO; 

endmodule 

5.2 LPF 

The LPF Verilog code as shown in Listing 5.2 used in the FPGA is similar to the 

LPF Verilog code used in SystemVerilog simulation in [41]. The integral path is im

plemented as a bidirectional shift register that has a length of 288-bit and the propor

tional path is represented as 2-bit output. The integral and the proportional output 
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directly controls the DCO's tri-state load which tunes DCO's output frequency. 

If the ADPLL is implemented in CMOS as a semi-customized circuit, the LPF 

module presented here will be tightly integrated in the DCO's varactor arrays such 

that the layout of the varactor array is compact and small due of regular wire routing 

and the interface of the DCO can be simply controlled by only two signals from the 

PFD. The DCO in the open loop mode can also be easily characterized with the built-

in shift register by these two external control signals. Otherwise, it is impossible to 

control the DCO with hundreds or thousands of external signals. 

Listing 5.2: Synthesizable LPF 

1 module lpf(UP, DN, fsmp , r s t_n , I , P) ; 
2 input UP, DN, fsmp, r s t _ n ; 
3 output [ ' i n t e g r a l —1:0] I; 
4 output [1 :0] P ; 
5 reg [ ' i n t e g r a l —1:0] I ; 
6 reg [1 :0] P; 
7 
8 a lways @(posedge fsmp) 
9 begin 

10 i f ( ! r s t _ n ) begin 
11 I <= ' i n t e g r a l ' h f ; 
12 P <= 2'bOO; 
13 end 
14 e l s e begin 
15 i f (UP &fe ~DN)begin 
16 I <= I » 1; 
17 I [ ' i n t e g r a l - 1 ] <= 0; 
18 end 
19 e l s e i f (DN &fe ~UP) begin 
20 I <= I « 1; 
21 I [ 0 ] <= 1; 
22 end 
23 end 
24 P [0 ] <= "(UP "~ DN) ; 
25 P [ 1 ] <= " (UP & ~DN) ; 
26 end 
27 endmodule 
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5.3 MMD 

The MMD Venlog code that divides the input frequency by 2 to 2n is shown in Listing 

5.3. The code is partially based on the Venlog code in [23] that can only divide from 

2 n _ 1 to 2n. Since the code is a simple sequential logic without any feedback, it can 

be easily synthesized as well. 

A counter based divider can be synthesized easily from Venlog and is much eas

ier to understand. However the synthesized netlist is bigger and slower than the 

compact MMD presented here. Remember that one of the purposes of the FPGA 

implementation is to validate the circuit design before a CMOS implementation is 

fabricated. 

Listing 5.3: Synthesizable MMD With Divide Ratio of 2 to 2n Partially Based on [23] 

1 module w l a t c h ( Q , Q-N, D, e l k , r s t _ n ) ; 
2 input D, e l k , r s t _ n ; 
3 output Q, Q_N; 
4 reg Q; 
5 wire QJNT; 
6 
7 a lways @(clk or r s t _ n or D) 
8 begin 
9 i f ( ~ r s t _ n ) 

10 Q <= 1'bO; 
11 e l s e i f ( e l k ) 
12 Q <= D; 
13 end 
14 a s s i g n QJNT = ~Q; 
15 endmodule 
16 
17 module mmc(fin , fout , modin, modout, T i n , Tou t , R, r s t _ n ) ; 
18 input fin , modin, T i n , R, r s t _ n ; 
19 output fout , modout, Tou t ; 
20 wire a, b , e l , e , f, fl , g, h, h i , i , j , k; 
21 
22 a s s i g n modout = k; 
23 a s s i g n fout = j ; 
24 
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25 
26 
27 
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29 
30 
31 
32 
33 
34 
35 
36 
37 
38 
39 
40 
41 
42 
43 
44 
45 
46 
47 
48 
49 
50 
51 
52 

or (Tout 
and ( b , 
and ( e , 
and (g , 

/ / 
w la tch Ql 
wla tch PI 
wla tch Q2 
wla tch P2 

endmodule 

module mmd 
input fin 

T in , R) 

i , 
k, 
fl 

Q 
(k , 
(f , 
(h , 
( i , 

[ fin 
rsl 

input [ 'd iv_wi 
output fdi 
wire fdiv 

mmc MMOO 
mmc MMC1 
mmc MMC2 
mmc MMC3 
mmc MMC4 
mmc MMC5 
mmc MMCB 
mmc MMC7 

a s s i g n fdi 
endmodule 

v ; 

I ^in 

; f o , 
; f i , 
; f 2 , 
; f 3 , 
; f 4 , 
;fs, 
; f 6 , 

v = 

; 
modin) ; 
R) • 
f o u t ) ; 

c l , 

f l , 
h i , 

J , 

M, 
_n ; 
d t h -

fO, 

f l , 
f 2 , 
f 3 , 
f 4 , 
f 5 , 
f 6 , 
f 7 , 

Q-N D 
b , fin 
e , "f in 
g, fin 
h, "f in 

elk 
, r s t _ 
, r s t _ 
, r s t -
, r s t_ 

fdiv , r s t _ n ) 

-1:0] M; 

modi, 
mod2, 
mod3, 
mod4, 
mod5, 
mod6, 
mod7, 
l ' b l , 

"modi; 

modO 
modi 
mod2 
mod3 
mod4, 
mod5, 
mod6, 
mod7, 

rst_n 

n ) 
n ) 
n ) 

n ) 

T l 
T2, 
T3 , 
T4, 
T5 , 
T6, 
T7, 
1'bO 

TO, 
T l , 
T2, 
T3 , 
T4, 
T5 , 
T6, 
T7, 

M[0] 
M[ l ] 
M[2] 
M[3] 
M[4] 
M[5] 
M[6] 
M[7] 

r s t 
r s t 
r s t 
r s t 
r s t 
r s t . 
r s t . 
r s t . 

_n ) , 
_n ) ; 

- n ) ; 
_n ) ; 
_n ) ; 

- n ) ; 
_n ) ; 
_n ) ; 

5.4 D C O 

The most challenging task in the Verilog synthesis in the FPGA is the DCO since there 

is no synthesizable inductors or varactors. All the published FPGA implementations 

use either the CORDIC algorithm plus a DAC or a long ring oscillator whose stages 

can be switched on or off. Those implementation can only run at a few KHz or tens of 

MHz. Furthermore, those implementations have long delays in the close loop which 

are detrimental to the stability of the loop. 
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The DCO implemented in this thesis uses a 3-stage ring oscillator whose 3 output 

nodes O[2:0] drive a serials of tri-state loads Tp[80:0] and Ti[280:0] which are controled 

by the LPF shown in Listing 5.2. Compared to other ring oscillator-based DCOs 

which consist of an array of switchable inverters or CORDIC-based direct digital 

systhesis (DDS) system, the DCO used in Listing 5.4 runs over 500MHz in an entry 

level FPGA. It should be noted that the synthesized DCO on the FPGA can run 

above 1 GHz if it is synthesized into a single logical cell. However, this type of ring 

oscillator is not tunable since the tri-state load can not be directly connected to the 

ring oscillator inside a single logical cell. 

Since the Verilog compiler will optimize out the entire ring loop, you need to tell 

the compiler not to do so by inserting the (*keep*) directive on line 8 of Listing 5.4. 

The long and repetive tri-state loads are automatically generated by a C program 

into varactor.v which is included in Listing 5.5 but logically belongs here. If it is 

included here, the compiler optimization algorithm will transform it into something 

that is not what is needed originally. 

The synthesized netlist schematic of the 3-stage ring oscillator is shown in Figure 

5.2. 

Listing 5.4: Synthesizable DCO 

1 module d co (O) ; 
2 ( * k e e p * ) o u t p u t [2 :0] O; 
3 a s s i g n O[0] = ~ 0 [ 2 ] ; 
4 a s s i g n 0 [ 1 ] = ~O[0] ; 
5 a s s i g n 0 [ 2 ] = ~0[ 1 ] ; 
6 endmodule 
7 
8 / / varactor.v 
9 / / Proportional path tunable tri-state load 

10 a s s i g n Tp[0] = (SW[9] & P [ 0 ] ) ? O[0] : 1 'bZ; 
11 a s s i g n Tp [ 1 ] = (SW[9] & P [ l j ) ? 0 [ 1 ] : 1 'bZ; 
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Figure 5.2: Synthesized Ring Oscillator Based DCO in PFGA 
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a s s i g n Tp[2] = (SW[9] & P [ l ] ) ? 0 [ 2 ] : 1'bZ: 

a s s i g n Tp[78] 
a s s i g n Tp[79] 
a s s i g n Tp[80] 

= (SW[17] & P [ 0 ] ) 
= (SW[17] & P [ l j ) 
= (SW[17] & P [ l j ) 

? O[0] 
? 0 [ 1 ] 
? 0 [ 2 ] 

/ / Integral path tunable tri —state load 
a s s i g n T i [ 0 ] = I [0] ? O[0] : 1'bZ: 
a s s i g n T i [ l ] = I [ l ] ? 0 [ 1 ] : 1'bZ: 
a s s i g n T i [ 2 ] = I [2] ? 0 [ 2 ] : 1'bZ: 

a s s i g n T i [ 2 8 5 ] 
a s s i g n T i [ 2 8 6 ] 
a s s i g n T i [ 2 8 7 ] 

= I [ 2 8 5 ] ? O[0] 
= I [ 2 8 6 ] ? 0 [ 1 ] 
= I [ 2 8 7 ] ? 0 [ 2 ] 

1'bZ; 
1'bZ; 
1'bZ; 

1'bZ 
1'bZ 
1'bZ 

5.5 ADPLL 

The complete ADPLL Verilog code is captured in the top level Listing 5.5. Another 

layer of code used for the pin assignment, key control, and LED display is omitted. 

The integral and proportional coefficients is controlled by the external keys on the 

DE2 board. The LEDs are used to indicate the dynamic shift register value when 

you change the coefficients or the reference clock frequency. 

Listing 5.5: Synthesizable ADPLL 

1 'define p ropor t iona l 81 
2 ' d e f i n e i n t e g r a l 288 
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3 
4 
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6 
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12 
13 
14 
15 
16 
17 
18 
19 
20 
21 
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' d e f i n e d iv_wid th 8 
module a d p l l (CLOCK_50, SW, LEDR 

fref , fdiv , fdco , 
input CLOCKL50; 
input [17 :0] SW; 
input r s t _ n ; 
output [17 :0 ] LEDR; 
( * k e e p * ) o u t p u t fref , fdiv , 
output [ ' p r o p o r t i o n a l —1:0] 
output [ ' i n t e g r a l —1:0] T i ; 

/ * DCO output buffer */ 
(*keep*) wire N l ; 
(*keep*) wire N2; 
(*keep*) wire N3; 
a s s i g n Nl = ~O[0] ; 
a s s i g n N2 = ~N1; 
a s s i g n N3 = ~N2; 
a s s i g n fdco = ~N3; 

/ * Internal wires */ 
wire UP, DN; 
wire [1 :0] P ; 
wire [ ' i n t e g r a l —1:0] I; 
wire [2 :0] 0 ; 

a s s i g n f re f = flM; 
mmd FREF1 (. f in (CLOCK_50) , 

mmd FREF2 ( 

pfd PFD ( 

lpf LPF ( 

fout (flOM) , 
f in(f lOM) , 
f o u t ( f l M ) , 
f r e f ( f r e f ) , 
up (UP) , .dn(DN) 
UP(UP) , .DN(DN) 
r s t _ n ( r s t _ n ) , 

dco DOO (0) ; 
' i n c l u d e " v a r a c t o r . v " 

fd ivby2 FPSO (. f i n ( O [ 0 ] ) , 
mmd FDIV (. fin (Fps) , 

. f o u t ( f d i v ) 
endmodule 

UP 
•) 
, DN, Tp, T i , r s t _ n 

fdco , UP, DN; 
Tp 

5 

J 

5 

) 

R ( ' d i v _ w i d t h 'D5) , 
r s t _ n ( r s t _ n ) ) ; 
R ( ' d i v _ w i d t h 'D10) , 
r s t _n ( r s t _ n ) ) ; 
f d i v ( f d i v ) , 
r s t _n ( r s t _ n ) ) ; 
fsmp( fdiv ) , 

i ( i ) , - P ( P ) ) ; 

fout ( F p s ) ) ; 
R(SW[ 'd iv_width - 1 
r s t_n ( r s t _ n ) ) ; 
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Figure 5.3: Waveforms of Reference Clock, Divider Ouput, and DCO Output 

5.6 Test Results of the Synthesized ADPLL in FPGA 

This ADPLL is synthesized into Cyclone II EP2C35F672C6 on an Altera's DE2 

board. Since the tri-state gates are limited by the device, the number of the shift 

register cells are short and the proportional path coefficient is small in this imple

mentation. 

Figure 5.3 shows the waveforms of the input reference clock, the divided down 

clock, DCO output signals. The real time monitoring of these signals clearly shows 

that the output is locked to the input reference clock. 

Figure 5.4 shows the measured phase noise graph. The loop bandwidth is 100kHz 

measured from this graph. The phase noise is —98.33dBc/ H z@lM H z with the carrier 

frequency of 572MHz. These results prove that the synthesized ADPLL is feasible. 

71 



10 d B / 
RL - 5 0 dBc /Hz 

WUIH 
f - f f l 

SPOT F •RQ = 1 0 0 MHz 
- 9 8 . 33 d B C / H z 

, T , r , . . , ^ ^ r , [ . 

J 
J 
J 
J 
J 
J 
J 
] 

^\ 

... • " ! ! , l u i_ . . . . . . 

- • ^ - h - - -

3M 

100 FREQUENCY OFFSET 
Hz FROM 572 0 MHz CARRIER 

10 
MHz 

Figure 5.4: Measured Phase Noise of ADPLL implemented in FPGA 

Synthesizable 

DCO type 

AD/DA needed 

J out 

£a 

Table 5.1 

[35] 

Yes 

Ring 

No 

40MHz 

N/A 

: Comparison of ADPLLs 

[38] 

Yes 

CORDIC 

Yes 

lUAKHz 

N/A 

[39] 

Yes 

CORDIC 

Yes 

16.27KHz 

N/A 

in FPGA 

[40] 

Yes 

CORDIC 

Yes 

60MHz 

N/A 

This Work 

Yes 

3-stage Ring 

No 

572MHz 

-98.33dBc/Hz 

a: Phase noise in dBc/Hz@lMHz 

5.7 Summary 

The comparison of the ADPLL FPGA implementations is shown in Table 5.1. It is 

clear that that the work presented in this paper is superior in that it runs a magnitude 
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faster than all the FPGA other implementations published known to the author due 

to the fact that the ring oscillator used in this work has only 3 stages. It is expected 

that with a newer and faster FPGA, the output frequency can run at a few GHz. The 

phase noise result is only available from this work and it is even better than some of 

the CMOS implementations. The uniqueness of the synthesized ADPLL presented in 

this paper is that the DCO is fully synthesized as a 3-stage ring oscillator tuned by 

an array of tri-state gates which is controlled by the bidirectional shift register. The 

bidirectional shift register serves as the integral path of the LPF. 
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Chapter 6 

ADPLL in 0.13/xm CMOS and 

Performance Evaluation 

The test and measurement play a critical role in evaluating the performance of the 

ADPLL. Months of design effort will not be rewarded without any careful test prepa

ration and proper setup. The input/output (10) control circuits and software design is 

one of the major preparation tasks before the fabricated chips arrive. Test equipment 

user's manuals and operation theories need to be familiarized to save the precious 

alloted testing time. 

The loose die micro-photo of the fabricated ADPLL chip is taken by a microscope 

as shown in Figure 6.1 with a layout annotation below it. The inductor implemented 

by the top level metals and the pads can be clearly seen in the die photo. All the 

squares seen in the die photo are top three level metal fills. All the low level metals 

and the transistor level structures are hidden below the top level metals. 

The chip individual modules layout sizes are summarized in Table 6.1. It is clear 
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Figure 6.1: Die Micrograph With Layout Annotation 

from this table that this test chip is pads limited. A single pad takes 108xl08rrazm2 

and there are 24 in total. The biggest active module in this design is the integral 

varactor array which accounts for 8% of the total area. The electrostatic discharge 

(ESD) circuits are important to meet the reliability design rules and it accounts for 

4.32% of the total area. The inductor used in this design is relatively small and only 
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Table 6.1: ADPLL Chip Layout Areas 

Chip Boundary 

Non-Active Area 

PADs 

Integral Varactor Array 

ESD Circuits 

Inductor 

Proportional Varactor Array 

Divider 

SPI Controller 

DCO excluding Inductor 

PFD 

Size 

1000 fim x 2000 fim 

-

108 fim x 108 fim x 24 

400 fim x 400 fim 

120 fim x 60 fim x 12 

110 fim x 110 fim 

100 fim x 100 fim 

140 fim x 60 fim 

60 fim x 120 fim 

50 fim x 20 fim x2 

40 fim x 40 //m 

P e r c e n t a g e 

100.00 % 

71.61 % 

14.00 % 

8.00 % 

4.32 % 

0.61 % 

0.50 % 

0.42 % 

0.36 % 

0.10 % 

0.08 % 

takes 0.61% of the total area. Although PFD only occupies 0.08% of the total area, 

it is a critical component since its phase resolution directly affects the phase noise 

performance of the DCO output. 

The fabricated ADPLL chip is packaged in a CFP24 ceramic package and is 

mounted on the CFP24P test fixture provided by CMC Microsystems. 
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ADPLL 1004CG TEST SETUP ONE 
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DC Power Supply 

vi" •' "£:• w 

Vcc Vdco 

=Jis= 
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Figure 6.2: Test Environment Setup One 

6.1 Test Environment Setup 

There are two test environments used to characterize different aspects of the ADPLL 

chip with different test capability. The first test environment setup is shown in Figure 

6.2. 

The frequency spectrum and the phase noise is measured with HP8564E, which is 

a very good at measuring the frequency spectrum with a noise floor of -130dBC/Hz 

with some sharp discontinuities between different frequency bands. The phase noise 

software utility in HP8564E is rather slow when you need to measure the phase noise 

below lOOKHz. The reference clock is generated by the Rohde and Schwarz signal 
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f^rr ADPLL 1004CG TEST SETUP TWO 

1004CG ADPLL 
CMCCFP24 
Test Fixture 

12SMA 
connectors 

Agilent E5052B 
10MHz to 7GHz 
Signal Source 

Analyzer 

Agilent Jbert 
N4903A 

150Gbps-12.5Gbs 
Pattern Generator 

Figure 6.3: Test Environment Setup Two 

generator SME06 which is capable of generating signals from 5 KHz to 6.06 GHz. 

The system is handy to sweep the input frequency to measure the lock range. It 

can also generate signals with the phase modulation to study the behavior of how 

the ADPLL tracks the input reference noise. HP54750a digital oscilloscope with 

HP547452A plugin is used to monitor the synthesized high frequency clock waveform 

in the time domain. 

The second test environment setup is shown in Figure 6.3. Equipped with modern 

CPU processors, Agilent E5052B is extremely fast and accurate to measure the phase 

noise. It can measure the phase noise above 100Hz within sub-second and above 1Hz 

within 15 seconds. The E5052B also has very low and continuous noise floor below 
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-160dBc/Hz. Another feature with E5052B is that it outputs two programmable very 

clean DC outputs as the ADPLL power supplies. The spectrum analyzer functionality 

provided by E5052B, however, is very weak since it only spans 15MHz such that you 

almost always need to manually locate the center frequency first before you can use 

the peak search and zoom keys. The sub clock output of the Agilent JBert N4903A 

is used as the signal generator. This reference clock has a noise floor of -155dBc/Hz 

above lOOKHz offset frequency. 

Since the ADPLL 10 control circuits uses the standard 1.2V CMOS transistors to 

simplify the 10 design, a voltage level shifter is needed when connecting the device 

under test to any external standard 10 control and measurement equipment. In both 

setup environments, an AD325V20 breakout board with 8-BIT bidirectional voltage-

level translator TXB0108 chip is used. Although the data sheet for TXB0108 specifies 

bidirectional translation between 1.2V to 5.5V, the test shows it can translate as low 

as 0.9V without any problem. 

The open source hardware, BusPirate, created by Ian Lesnet, is used in the test 

environment setup to serve as the serial to peripheral interface (SPI) protocol bus 

master to control the ADPLL chip. The BusPirate hardware is capable of various 

serial bus protocols, such as the joint test action group (JTAG) protocol, the inter-

integrated circuit (I2C) protocol, the 1-wire protocol, the raw wire bus protocol, and 

the SPI protocol. The interface from the BusPirate to the personal computer (PC) 

is through the prevalent universal serial bus (USB) bus. 

You can use telnet to connect to the BusPirate to manipulate the serial bus and 

a few 10 ports on the board. For any useful measurement, the software to automate 

the test is definitely desired to improve the test efficiency and to aid in data set 
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Figure 6.4: ADPLL Control and Measurement Software 

management by time stamping and by comment insertion. The Microsoft C# is used 

to write the control and measurement software. A snapshot of the software GUI is 

shown in Figure 6.4 when it is used to obtain the DCO tuning curve. 

6.2 CMOS DCO Performance 

The ADPLL can operate in two different modes: open-loop mode and closed-loop 

mode. This is controlled by a dedicated pin. When the input of this pin is high, 

it operates in the open loop mode; when the input of this pin is low, the circuit is 

closed to form a complete ADPLL loop. In the open-loop mode, the SPI bus signals 

SCK and SDI can used to control the shift register chain in the integral path so the 

integral path tuning curve of the DCO can be easily characterized by measuring the 
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Figure 6.5: The Integral Path Tuning Curve 

averaged carrier frequency by a spectrum analyzer. It takes about 20 to 30 seconds 

to characterize a single control word value. This amounts to about 3 to 4 hours 

to characterize all 512 control word values. A fully-automated control and measure 

software would be greatly appreciated. 

Figure 6.5 shows the characterized integral path tuning curves when the propor

tional path coefficient is fixed to the constant 0. The straight line is shows the DCO 

output frequency in GHz vs the control word value. The saw tooth curve is the 

differentiated DCO step size in KHz at different control word values. The measured 

average step size from this diagram is 250KHz with a standard deviation of AQKHz 

within the output range from 1.32GHz to lA5GHz. 

It is interesting to note that the step size curve is saw tooth shaped and also 

tips upward with the control word value. Since the integral path varactors with unit 
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Figure 6.6: The Proportional Path Tuning Curve 

size 2/j,m x 2/j,m are sparsely distributed and snake chained within 400/xm x 400/zm 

area, this can be easily explained by the large interconnect parasitic capacitance, 

inductance, resistance, or even the mutual inductance created by short and long 

wires associated with different control word values. It is also likely that the process 

variation across such a large area causes this effect. As long as the tuning curve is 

monotonic and the step sizes do not vary by too much, the effect of this second-order 

non-linear tuning curve on the phase noise should not be a big concern. 

Similarly, the integral path tuning curve can also be obtained by fixing the integral 

shift register value to the constant 0. The obtained proportional path tuning curve 

is shown in Figure 6.6. 

There are a few comments about this tuning curve as well. First, the propor

tional tuning curve has a negative slop different from the integral path due to the 
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Figure 6.7: Measured Phase Noise of the DCO 

way how the proportional path signal is connected in the loop. The average step 

size of the proportional path is 260KHz. It is lOKHz bigger than the integral path 

step size even though both paths use the same unit varactor size. Again this is 

due to the wire parasitics and process variation across different regions. The cod

ing method used for the proportional path only allows the control word values of 

[0,1,2,3,4,5,6,7,8,15,31,47,63,79] to simplify the control logic. Only the small propor

tional control word shows the step size variation. The bigger control word averages 

the step size to a relative constant value of 260KHz. 

The phase noise is the most important key parameter for a DCO used in any 

PLL as it partially determines how low the PLL phase noise can be. The measured 

phase noise of the DCO is presented in Figure 6.7. The achieved phase noise is 

-123dBc/Hz©lMHz offset with the carrier frequency of 1.35GHz. 

The —20dB slope due to the white flatten thermal noise integration is limited 
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Figure 6.8: Measured Phase Noise of the Reference Clock of 135MHz 

above 1MHz. Below 1MHz, the phase noise exhibits — 30dB slope due the DCO 

integration filtering of the pink noise (flicker noise) with — lOdB slop. Since CMOS 

is notorious for the higher flicker noise compared to bipolar technology, this behavior 

is expected with a typical CMOS technology. 

6.3 C M O S A D P L L Performance 

Since the ADPLL output signal directly tracks input reference clock within the noise 

bandwidth, the close-in phase noise of the synthesized ADPLL output is usually 

higher than 20log(N)dB where N is the divider ratio. The close-in phase noise of the 

ADPLL output does not necessarily to be flat. It inherits whatever the shape of the 

input reference clock, including any reference clock spurs. 

Figure 6.8 shows the input reference clock used by the ADPLL. The reference 
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has a flat — 152dBc/Hz phase noise above 200KHz offset, —30dB/dec slop between 

2KHz and 200KHz offset, -95dBc/Hz with a big spur below 2KHz offset. 

The ADPLL output frequency spectrum is shown in Figure 6.9. Since the reso

lution bandwidth is 1Hz, the close-in phase noise is just the difference between the 

carrier and the offset which is about —80dBc/Hz. This value is determined exclu

sively by the phase noise value of the reference clock and the divider ratio. This is 

confirmed by the subsequent more accurate phase noise measurement. 

The measured phase noise of the ADPLL is shown in Figure 6.10. The close-in 

phase noise at IKHz offset is —75.9dBc/Hz and the phase noise at 1MHz offset is 

-120.77d.Bc/iJz. 

As can be seen that the close-in phase noise truthfully tracks the reference phase 
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noise with a difference of —20log(N) and the phase noise outside the noise band

width closely tracks the DCO phase noise. The output power level is 1.92dBm. The 

integrated RMS jitter from 100Hz to AQMHz is 1.87° or 3.85psec. 

Figure 6.11 combines the phase noise plots of the ADPLL, the DCO, and the 

reference clock together for easy comparison. The reference clock frequency used in 

the test is 135MHz and the divide ratio is 10. The reference spur of-78dB at 62.5MHz 

offset is observed. The spur offset is at half the reference frequency due to the one 

clock delay of the phase error from the BBPFD. This spur can be a problem for 

applications that use the ADPLL as the clock source and the application can lock to 

this spur accidentally. The commonly used solution is to apply a bandpass filter to 

the output of the ADPLL. This solution is not used in this thesis as it is out of the 

scope of this thesis. 

6.4 Performance Summary 

In this chapter, we presented the experimental results summarized in Table 6.2. Table 

6.3 compares the performance results of similar PLL designs in the past two years with 

carrier frequencies from 1GHz to 3.28GHz in 0.13/^m and below CMOS technologies. 

The results demonstrated the suitability of the ADPLL as the frequency synthesizer 

with the low phase noise of — 120.77dBc/ H z@lM H z at the core power consumption 

of 13mW and with an active area of 0.193mm2. 

87 



Table 6.2: ADPLL Per 

Technology 

Chip Size 

Active Area Size 

DCO Supply Voltage 

DCO current 

Other Circuit Supply Voltage 

Other Circuit Current 

Open-loop Phase Noise 

Closed-loop Phase Noise 

Locking Range 

"ormance Summary 

0.13 fim CMOS 

2mm2 

0.193mm2 

1.06 V 

17 mA 

1.03 V 

13 mA 

-122.10dBC/Hz@lMHz 

~120.77dBC/Hz@lMHz 

1.298GHz ~ 1.451GHz 
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Table 6.3: Comparison of ADPLLs in CMOS 

Technolog 

PLL Type 

VCO 

J out 

Power 

Current 

Area 

Ca 

[42] 

130nm 

Analog 

Ring 

1GHz 

16.8mW 

N/A 

0.31mm2 

-100 

[43] 

65nm 

Digital 

LC 

3.28GHz 

4.5mW 

N/A 

0.22mm2 

-109.92 

[44] 

32nm 

Analog 

ceo 

1GHz 

IV 

~lmA 

0.046mm2 

-110 

[45] 

45nm 

Digital 

RO/LC 

2.5GHz 

2.5V 

28/24mA 

0.277mm2 

-106.6/-112.1 

[46] 

65nm 

Hybrid 

Ring 

1.24GHz 

1.21/ 

N/A 

0.12mm2 

-119.67 

This Work 

130nm 

Digital 

LC 

1.35GHz 

1.1V 

13mA 

0.193mm2 

-120.77 

a: Phase noise dBc/Hz@lMHz 
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Chapter 7 

Conclusions 

7.1 Summary 

This thesis introduces the ADPLL applications followed by the literature review with 

a few typical published ADPLL papers relevant to the topic in this thesis. The 

linearized s-domain model of the analog PLL and the linearized z-domain model of 

the ADPLL are presented to provide the solid theoretical background. 

Based on the literature review and the ADPLL theories, a simple ADPLL archi

tecture targeted for the low phase noise and wide locking range is proposed which 

consists of: 

• a PFD that eliminates the cycle slips and has a narrow dead-zone, 

• a DCO with a built-in LPF which is implemented as a bidirectional shift register, 

and 

• an improved MMD divider that has wide divide ratio of 2 to 2" — 1. 
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An efficient top-down design methodology is used in this thesis to guarantee that 

the performance is met and the logic is working correctly at all levels. The Sys

temVerilog is used as the system level simulation tool to verify that the proposed 

ADPLL is operational in the time domain and can meet the phase noise expectation. 

All the SystemVerilog module used in the simulation can be directly synthesize into 

the FPGA except the LC DCO. The LC DCO is replaced with a fully synthesized 

3-stage ring oscillator whose frequency is controlled by an array of tri-state load. The 

FPGA implementation validates most of the circuit at the gate level and serves as a 

propotype of the CMOS ADPLL. Compared with 5-month CMOS design turnaround 

time, the FPGA implementation is an efficient and economical way to guarantee the 

success of the first silicon tape-out. 

Finally, the ADPLL based on the LC DCO is implemented in 0.13/zra CMOS 

technology by using the standard digital cells and two custome high speed cells. 

The fabricated ADPLL chip is successfully characterized and evaluated with the 

open loop phase noise of —123.10dBc/Hz@lMHz and closed loop phase noise of 

-120.77dBc/Hz@lMHz. 

7.2 Significant Contributions 

The significant contributions of this thesis are: 

• Applied the Mersenne- Twister algorithm, Box-Muller Algorithm, and Stochas

tic Voss-McCartney algorithm in the phase noise simulation by SystemVerilog 

• Presented a completely digitally synthesized ADPLL in FPGA including the 
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DCO with measured phase noise of —98.33dBc/Hz at 1MHz offset with the 

carrier frequency of 572MHz. 

• Implemented and provided the detailed analysis of the the DCO with a built-in 

low pass filter in 0.13 /im CMOS technology with the phase noise of —123.1 OdBc/Hz 

at 1MHz offset with carrier frequency of 1.35GHz. 

• Implemented the compact multi-modulus divider (MMD) divide range from 2 to 

2n — 1 in CMOS 0.13 fim technology that is a good candidate for AE modulation 

in frequency synthesis. 

• Implemented the ADPLL by standard digital cells and two high speed cells 

in CMOS 0.13 /j,m technology. The measured phase noise of the ADPLL is 

-120.77dBc/Hz at 1MHz offset with a carrier of 1.35GHz. 

7.3 Potential Applications 

The algorithms used in the SystemVerilog behavioral simulation is currently written 

in C connected by DPI interface. The SystemVerilog compiler vendors can easily turn 

those algorithms written in C into native tasks and functions so it is easy to include 

the noise simulation in the language. 

The fully synthesized APDLL in FPGA and the cell-based ADPLL in CMOS are 

the pioneering work towards a fully synthesized ADPLL in any SoC applications. Al

most all the SoC applications nowadays includes quite a few expensive and customized 

ADPLL IP blocks from third party vendors. The successfully designed ADPLL in 

both the FPGA and the CMOS technology in this thesis has been measured with fa-
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vorable phase noise values which proves the feasibility of a fully synthesized ADPLL. 

The ADPLL proposed in this thesis is suitable for the following applications: 

the high-speed chip-to-chip serial interconnections, the optical transceivers for the 

backplane interconnections, and the low phase noise clock generators. By adding the 

A — E modulator in the ADPLL, the applications can also be extended to the wireless 

transceivers for mobile devices. 

7.4 Future Research Direction 

The non-linear behavior of the ADPLL has not been fully studied yet. Since the 

ADPLL is a highly non-linear circuit, good understanding of the non-linear theory 

may aid in designing a better ADPLL. The book [26] and the papers [47] [48] [49] 

[50] [51] are good places to start with the non-linear PLL theory. 

Based on the extensive measurement experience and review of some published 

papers [52] [53] [54] [55], the author feels that an ADPLL which combines both the 

phase lock and the injection lock mechnisms may lead to better phase noise result. 
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