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Abstract

This thesis first presents a pole-zero placement algorithm for the systematic
design of high-order phase-locked loops (PLL) serving as anti-imaging and anti-
aliasing filters for time-mode signal processing applications. A 6" order PLL is
designed and fabricated on a printed circuit board and is interfaced to a
production mixed-signal tester. The correct filtering operation and large-signal
transfer characteristic of the PLL are verified with an all-digital DFT solution.
The digital test input is driven by a single clock, which can be programmed
directly from an ATE high-speed digital pattern generator. As application of
these high-order PLLs, an accurate and low-cost clock delay generation system is
presented. With proper compensation and calibration, a delay resolution of 15 ps
is achieved over an 8.4 ns range. This technique is shown experimentally to be a
viable solution for clock alignment and for measuring jitter at a 50 GHz effective

sampling rate.




Abrégé

Ce mémoire présente tout d’abord une approche systématique descendante
pour la conception de boucles & verrouillage de phase (PLL) ayant un ordre
arbitraire et opérant comme filtre anti-image ou anti-repliement pour le
traitement de signal dans le domaine temporel. Un PLL de 6e ordre a été congu
et fabriqué sur une carte de circuit imprimé montée sur un tester & signaux-
mixtes (ATE). La fonction de filtrage et la caractéristique de transfert de grands-
signaux sont vérifiées a 'aide d’une solution de conception pour test (DFT)
entiérement numérique. Le signal d’entrée numérique est cadencé par une horloge
unique. Par conséquent, le signal de test peut étre programmé sans effort a partir
de linstrument numérique a haute-vitesse (HSD) d’un testeur & signaux-mixtes
(ATE). De plus, un systéme précis et économique de génération de délai
d’horloge est présenté comme une application du PLL construit. A l'aide de
calibration et compensation appropriées, une résolution de délai de l'ordre de 15
ps est réalisée pour un intervalle de 8.4 ns. Cette technique est démontrée
expérimentalement comme étant une solution viable pour 'alignement d’horloge

et pour mesurer le vacillement d’horloge & un rythme de sous-échantillonnage de

50 GHz.
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Chapter 1

Chapter 1

Introduction

A phase-locked loop (PLL) is a negative feedback system where an oscillator
generates a signal that is phase and frequency locked to a reference signal [1]. It
is extensively used in the industry, such as for frequency synthesis (e.g.
generating a 1.2 GHz clock signal from a 1 GHz reference); skew cancellation (e.g.
phase-aligning an internal clock to the 1/O clock); and extracting the reference

clock from a random data stream such as in serial-link transceivers as seen in Fig.

1.

Data_in Data_out

/\
PLL 4

Fig. 1: Clock and data recovery circuit showing a sample PLL application.

The concept of PLLs was first introduced in the 1930s, and became extremely
popular in the 1960’s when integrated circuit technology allowed the integration
of a complete PLL on a single monolithic substrate [2]. Since then, PLLs have
made significant progress and today contributes heavily to modern electronics.

In this thesis, we will focus on the PLLs of high-order in a new field of study,

called time-mode signal processing (TMSP), which involves the encoding of
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information in the form of time-difference variables using phase modulation. The

motivation for doing this will be described next.

1.1. Motivation of High-Order PLLs Design

Signal processing is the process of performing mathematical operations on
signals. Digital signal processing (DSP) has become extremely popular and has a
clear advantage over analog signal processing (ASP) owing it to its simplicity and
versatility. Since most signals in the real world are analog in nature, the DSP
core [3] needs to interface with these signals through the appropriate analog-to-
digital and digital-to-analog building blocks as illustrated in Fig. 2(a). An analog
input signal is first band-limited to eliminate any possible noise aliasing that may
result during the sample-and-hold process prior to analog-to-digital conversion
(ADC). The output after DSP is then converted back to an analog signal using a
digital-to-analog converter (DAC) and an anti-imaging reconstruction filter.

Voltage has traditionally been the most common analog signal used for data
transmission. However, as the technology scales down, the system voltage is
forced to decrease as well; thus, imposing difficulties for the design of mixed-
signal circuits such as ADCs and DACs. To resolve this issue, signals of other
analog forms have been explored. For example, time-mode signal processing
(TMSP) is a new field of study that involves the encoding of information in the
form of time difference variables using phase modulation. Two fundamental
blocks: time-to-digital converters (TDC) and digital-to-time converters (DTC)
such as in [4] and [5] have been studied extensively over the past few years.
DTCs convert a digital input to a time difference variable, whereas the TDCs
map such a variable to the digital domain. We can see that in nature they are
analogous to the ADCs and DACs used in the traditional voltage-domain

processing.
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Analog ) Anti Analog
input Anti- _Ant- output
—{ aliasing S/H ADC » DSP core —»| DAC Imaging  |——
filter filter
(a)
™ o
input TM Anti- TM Anti- output
—| aliasing S/H TDC DSP core —»| DTC imaging —
filter filter

(b)
Fig. 2: Illustrating the (a) modern voltage-domain signal processing architecture

(b) signal processing involving time difference variables.

Referring to Fig. 2(a), we can easily see that in order to map this
architecture to the time-mode one shown in Fig. 2(b), time-mode anti-aliasing
and anti-imaging filters are still needed. As explained in [6], a phase-locked loop
(PLL) circuit, which may be implemented as a time-mode filter, can be used for
these purposes. Like any other data conversion, these filters play a critical role
and directly affect the system performance. Filter theories suggest that high-order
designs that are optimized for filtering, such as Elliptic, Butterworth and etc.
should be considered for better performance.

Most modern high-order designs, such as described in [7], take on a dominant
pole approach, as seen in Fig. 3, where all but one pole of the PLL loop filter is
positioned at a frequency greater than the unity gain frequency. It is easily
observed that the frequency response that results is not optimized for filtering. In

[8], a pole-zero placement algorithm is used for the systematic design of several
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PLLs. However, the loop filter requires a rather small DC gain and as a result,
the PLL tuning range is greatly reduced. For example, for their 3rd order design,
the PLL tuning range is only about 20% of the VCO range. In addition, only
type-I PLLs have been considered in their work. Here a general pole-zero
placement method is proposed for designing high-order PLLs with an emphasis

on type-1I PLLs. Realization conditions related to type-I1 PLLs will be given.

A

Fig. 3: Illustrating dominant pole PLL loop filter design method.

1.2. Design-For-Test Considerations

Testing a PLL circuit easily and accurately for any applications is as
important as having a good design. A common way to test the PLL closed-loop
transfer function is to excite the input to the PLL with a phase modulated sine
wave and measure the output phase response as shown in Fig. 4. This requires a
high performance analog phase modulator and is not optimized for DFT or built-
in self-test (BIST) [9]. In [10], an on-chip BIST solution has been proposed. This
technique employs a multiplexer and a delay element to sigma-delta encode a
sinusoidal test signal of a specific frequency in the phase of the incoming clock

signal as illustrated in Fig. 5.
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Phase
—/ " Mod

PLL Under
Test

Fig. 4: Traditional PLL transfer function measurement.

o

J )

sel

PLL Under
Test

Fig. 5: An on-chip BIST solution for PLL transfer function measurement.

In this work, the multiplexer and delay element described in [10] are

bypassed, and the desired phase signal are encoded directly in a cyclic memory;

hence, minimizing the setup requirements. Also, arbitrary phase modulated

signals can be synthesized as the signal is created in software and only a digital

bit stream is passed to the PLL under test.

With the added synthesis flexibility,

an efficient multi-tone phase modulated test signal approach is described, which

greatly reduces testing and computational time while producing almost identical

results as the single tone test.
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1.3. Applications in Time-Mode Signal Processing

In this thesis, several applications of high-order PLLs will be explored.
Specifically, we will look at how high-order PLLs can be used for time-mode
signal processing. At the heart of these applications is the creation of a
programmable phase delay circuit. Phase delay generation circuits are used in
different test systems as part of the signal source or measurement circuit. For
example, one issue often encountered in digital testing is the problem of clock
skew, i.e., the clock signal arriving to different components at a different time
offset. With a phase delay generation circuit, one can tune the phase of each
clock until they eventually align with one another to eliminate the skew. Another
challenge that test engineers are facing nowadays is that the devices under test
(DUT) are running at very high speeds, thus, requiring the Automated Test
Equipment (ATE) to run at an even faster speed for a precise DUT
characterization. Using a phase delay generation circuit, undersampling
techniques can be utilized, and thus relax the speed requirements on the ATE.
Chapter 5 will describe such an approach that achieved an effective sampling rate
of 50 GHz using a system clock frequency of 66.67 MHz.

One way of generating a clock phase delay in a testing environment is
through the use of digital-to-time converters (DTC) [4][11][12]. Fig. 6 attempts to
capture the essence of a 3-bit DTC (more later), where a set of digital input
words (e.g., 4, 1, 2, 3) is mapped linearly to the delay of a clock. This conversion
process is similar to the function of a digital-to-analog converter (DAC). In
subsection 1.1, we learned that such a conversion process should always be
combined with an anti-imaging filter (e.g. a PLL) to eliminate the images that
appear in the output spectrum. Although DTCs are crucial in measurement
instrumentation, range finding and direct digital synthesis [13], their use is still

relatively new and this is seldom seen in practice. Additionally, due to its lowpass
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characteristic, PLLs often serve the purpose of reducing the jitter present in the
DTC output. This idea can be taken even further by incorporating noise shaping

to achieve finer resolution, which will also be explored in this work.

Digital Select 4 1 2 3

Bitinterval 03 234567 01234567 01234567 01234
1 1 1 1

MainClock [Tt iti (Tii[iii[iii il

DTC Output

Fig. 6: Illustrating DTC input output relationship.

1.4. Thesis Overview

This thesis begins in Chapter 2 by reviewing the PLL’s basic structure and
the corresponding signal types. We will then examine its overall response with
the VCO free running frequency component taken into consideration and break
the response down into two parts: the constant-clock-input response and the
excess phase response, along with the analysis of how the former affects the latter
in design decision making. Furthermore, the realization conditions have been
derived to restrict the type of transfer function that can be realized and the open
loop parameters have been formularized in terms of the desired closed-loop
parameters.

In Chapter 3, a DFT solution for testing the high-order PLL is described.
Sigma-delta modulation is first reviewed, followed by an explanation of a digital-
to-phase mapping technique. The test stimuli generation and output capture

process are then presented. Three tests, the single-tone, multi-tone and the large
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signal transfer characteristic tests utilizing sigma-delta modulation and digital-to-
phase mapping technique are provided in the end.

In Chapter 4, a 6™ order PLL is constructed on a PCB board and interfaced
to a Teradyne FLEX tester using the design methodology described in Chapter 2.
The correct operation is verified experimentally using the DFT technique
explained in Chapter 3. Simulations were also performed before carrying out the
experiments and presented in this Chapter.

In Chapter 5, we show that a high-order PLL can be used as a phase delay
generation circuit to perform clock skew cancelation and jitter measurement.
Both simulation and experiments are performed to validate the proposed
applications and results are presented.

Finally, thesis summary and potential future research topics are outlined in

Chapter 6.
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Chapter 2
PLL Design

In this chapter we shall outline the basic building blocks of PLLs and their
corresponding closed-loop operation. We shall describe the closed-loop behavior in
terms of a constant-clock input and one with an excess phase component. Finally,
this chapter concludes by outlining how high-order PLLs can act as a frequency-

selective circuit that acts on the signal carried in the phase of a clock signal.

2.1. PLL Basics Review

2.1.1. Phase Detector

A phase detector is a circuit that creates an output voltage whose average
value is proportional to the phase difference of its two inputs [14]. Its
implementation can be as simple as an XOR gate as shown in Fig. 7. The width
of the output pulse varies linearly with the input phase difference, and therefore
so too does its average value, as can be seen from Fig. 8. It can also be shown
that this phase detector has a linear input range of mradians. Note that this
phase detector reacts to both the rising and falling edges of its inputs and,

consequently, it is desired that the two inputs have the same duty cycle.

Out

Fig. 72 An XOR phase detector.
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Fig. 8: A sample XOR phase detector output.

Co— dr
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constant B
[>— o

Fig. 9: A phase/frequency detector.

Another common phase detector is the 3-state phase/frequency detector
(PFD) as illustrated in Fig. 9. It contains two D-flip-flops and an AND gate to
perform the operation summarized by the state diagram shown in Fig. 10.
Basically, PFD can detect both the phase and frequency difference of its two
inputs, thus providing one more variable to aid PLL acquisition. It has a linear
input range of 4mradians, which is a significant improvement over the XOR
phase detector of Fig. 7. In addition, it is only sensitive to the rising edge of its
inputs and therefore they do not need to have the same duty cycle. One can also

note that the PFD has two outputs. In order to convert them to a single output,

10
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one can either use a tri-state buffer or a charge-pump circuit [15] as shown in Fig.
11. In general, charge pump circuits are preferred as they are insensitive to power
supply variations. Also note that the charge-pump output is in the form of a

current rather than a voltage.

State B j State
0

A j St?te

Fig. 10: PFD operation state diagram.

VDD

:\. VDD

QA I I: QB I

— GND — GND

(a) (b)

Fig. 11: (a) A tri-state buffer circuit. (b) A charge-pump circuit.

The major drawback of the PFD is the presence of dead band region. This
occurs when the two inputs have a very small phase difference as depicted by the

solid line in Fig. 12 corresponding to the PDF transfer characteristic. This dead

11
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band region is highly undesirable, especially with type-II PLLs, as the steady-
state output of the PFD is nearly 0 forcing the operating point of the PFD to be
inside this dead band region. One common practice is to increase the delay of the
AND gate shown in Fig. 9, so that dead band region shifts away from the origin,
as depicted by the dash line in Fig. 12. If the designer has no control over the
delay of this AND gate, i.e, when the AND gate is internal to an IC and the
design is carried out at the board level, such as in this work, the PFD will have
to be operated at a frequency where the impact of the dead band effect is
tolerable. Such a situation is illustrated in Fig. 13(a). Assume that the PFD has
a dead band region of 3 ns or +1.5 ns about the origin. When the PFD is
operating at 200 MHz so that it has a period of 5 ns, the input range of

4
4n radians is translated to 10 ns (—”6
27xx200x%x10

j. In this case, the dead band
region of 3 ns is clearly significant. In Fig. 13(b), where the PFD is operating at
20 MHz or a period of 50 ns, the linear region becomes 100 ns, and the dead band

region of 3 ns is small compared to the overall input range and therefore so too is

its impact.
Original
A PFD output Deadband
Deadband
P After Time
- Shifted

g PFD input

Fig. 12: Original dead band and the dead band after input phase offsetting.
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4 PFD output

-5ns —1.5Ins 1.5\%,13 -50 ns
| [ |

4

-1.5ns

A PFD output

I1yAns
| >

-

PFD input

(a)

-

PFD input

(b)

Fig. 13: Showing a dead band of 3 ns when the PFD is operating at (a) 200 MHz

(b) 20 MHz.

2.1.2. Loop Filter

A loop filter is a lowpass filter with general transfer function F(s). It can be

constructed from a simple first-order RC filter [16] as seen in Fig. 14 (a). Its

transfer function can be written as

Voe(s) 1

Vout

V.(s) 1+sCR
R
Vin Vout Iin
MW—r
—_—c R
Cl o —

(a)

(b)

C,

Fig. 14: (a) A first-order all-pole RC loop filter and (b) a second-order loop filter

for the PFD/charge pump combination.
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In the case of PFD when a charge pump is used, the most common loop filter
used is shown in Fig. 14(b). The filtering action is performed by R and C,, while
C, is used to suppress the ripple caused by current sources mismatch in the
charge pump. The transfer function ignoring C, is derived to be

~Vou(s) 1+sCR
1, (s) sC,R (2)

F(s)

Note that this transfer function has a pole at DC. This is a very important
feature of this type of loop filter and will be explained further later. PLLs
utilizing this type of loop filter are referred to as type-II PLLs, whereas those
using a loop filter without any DC poles are of type-I PLLs.

2.1.3. Voltage Controlled Oscillator

The voltage controlled oscillator (VCO) can be modeled as a voltage-to-
frequency converter with a gain of Ky, and frequency offset ;. As an example,
a VCO can be constructed from a ring oscillator as shown in Fig. 15. A ring
oscillator needs an odd number of inverting stages Nq in order to oscillate, unless
a fully-differential structure is used. The frequency of oscillation f,, is given by

|
f - o
o Nos'Ctot'VDD (3)

where I is the drain current of each branch, V,, is the supply voltage and C,, is
the total capacitance at each stage interface. The frequency of oscillation f , is
linear with respect to I, and consequently linear with V, as I, is controlled by

V,, through a voltage controlled current source.
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VDD VDD VDD
ay 4; A ZAVDD

Current Mirrors

T

} Current Mirrors
= = = L

I||_| §+

Fig. 15: A ring-oscillator-based VCO.

The circuit shown in Fig. 16 belongs to another important class of VCOs: the
LC tank based VCOs. In this particular circuit, the tank is formed by an
inductor and the parasitic capacitance of the MOSFET and the diode connected
to it. This type of VCO oscillates at its resonance frequency given by

foo_ 1 (4)
* 2zJLC,,
The reverse biased diode is used as a varactor. Its capacitance C,,, is related to

the reverse-bias voltage Vy according to

_ G (5)

where C,, ¢ and m are process dependent parameters. We can see that changing

Vi will change C,,, and consequently vary the oscillation frequency f .
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2N VDD PAN

L
% + Vout - % L

O oO—
+
CvarxVR I_><_I I': V-;xcvar
Vc
(o,

Fig. 16: An LC tank based VCO.

In general, the LC tanked based VCOs generate less noise than the ring
oscillator based VCOs, but they have a reduced tuning range. These two issues

compete against one another, and the choice is application specific.

2.1.4. Frequency divider

A frequency divider relates its input frequency to its output frequency by a
constant dividing factor. A frequency divide-by-2 circuit is shown in Fig. 17. One
can verify its operation by the fact that clk out toggles every time a rising edge
of clk in occurs. Though not explored in this work, the dividing ratio is not
restricted to integer values. Fractional values can be achieved on average by
switching between two divider ratios. For example, if the divide-by-M circuit is
switched to A times and the divide-by-N circuit is switched to B times, the

equivalent divider ratio N, on average can be expressed as
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B A+B (6)
“ A/N+B/M
clk_out
D Q D o
clk_in
o > Q > Q

Fig. 17: A frequency divide-by-2 circuit.

Phase Detector  Loop Filter VCO

G(s) V(s V(s Oo(s)
B Kp e( ) ) F(S) C( ) KVCO >
—P S
O4(s)

~NprL [

Frequency
divider

Fig. 18: A block Diagram of a PLL.

2.2. PLL Architecture and Mathematical Modeling

Now that all the PLL components have been introduced, the general
architecture of the PLL is ready to be shown. A PLL consists of a phase detector,
a loop filter and a voltage-controlled oscillator (VCO) in the feed-forward path
and a frequency divider Ny, ; in the feedback path as shown in Fig. 18.

Under steady state conditions, the PFD creates an output that, on average,

is proportional to the phase difference of its two inputs with a gain of K, i.e.,
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V.(s)=K, [Qi(s)—é?f(s)} (7)

The loop filter is a lowpass filter with general transfer function F(s) as
discussed earlier. Its function is to reject the unwanted high frequency
components produced by the PFD. The VCO can be modeled as a voltage-to-
frequency converter with a gain of K., and frequency offset wyz. Since the input
and output variables of a PLL are best described in terms of instantaneous phase,

the VCO operation can be expressed in the Laplace domain as

0,(s) :%+%Vc(s) (®)

The first term accounts for the step change in frequency from a zero-state
condition and the second term accounts for the phase contribution from the input
controlling voltage. Note that in most PLL literatures, the first term is ignored.
In this work, we will take it into account in the analysis and describes how it
impacts our design decisions.

Finally, the divider in the feedback path Np;; reduces the frequency or phase
of the signal feedback to the PD according to

2.2.1. Constant-Clock-Input Response

Now with the models of all the components described, we can derive the
mathematical model for an arbitrary-order PLL. We first examine the response of
the PLL when a fixed-frequency constant-phase clock is applied to the PLL.

The input-output behavior of the PLL can be described in general terms as
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N 1 Opg + SN pr Kyco K, F (5)
S(Npus + KooK, F(5))  5(Nppys+KyoK F(s))

6,(s) = (10)

For a constant-clock input ,, or equivalently, a linear ramp in phase with slope

m?

,,, we write the input signal as

6(t)=a, 1-u(r) (11)

1

Taking the Laplace transform, we obtain

0, (s)=—2 (12)

Substituting the input signal into (10) we obtain the output phase term as

N p1y Dy SNPLLKVCOKPF(S) 0}

m

+ 2
S(Nppus+ Kyeo K, F(5)) - 5(Nppys+KyoK F(s)) s

0,(s) = (13)
One could invert the Laplace transform and obtain the transient solution to a
constant-clock input; however, this does not reveal anything interesting. Rather,
let us look at the steady-state phase error between the input clock and signal

feedback to the PFD input, i.e.,
0.(s)=6,(5)=0,(s) (14)
Combining (9) with (10) and substituting into (14) we write

SKyco K, F (5) , W (15)
S(Npys+ Kyeo K, F(9)) | 87 s(Nppys+ KoK, F(s))

H.(s)z 1-

&

In steady state, the final phase error becomes

Dpg — N PP

0,(0) =limsd,(s) = -
50 KoK, F(0)

(16)
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For time-mode signal processing, it is desired to have zero phase error, so that
the phase delay induced in the filtering process is not dependent on the PLL
running frequency. Clearly, for zero phase error, the DC gain of the filter
response F(s) should be infinite. In other words, the filter requires a pole at DC.
In the PLL literature, this is referred to as a type-II response and the frequency
range of operation only depends on the VCO range. Another compelling reason
for selecting a filter function with a pole at DC is to ensure that the output of
the PFD in steady state is zero. This biases the PFD in the middle of its

operating range and maximizes its signal handling capability.

2.2.2. Excess Phase Response

The behavior of the PLL excess phase over and above the constant-clock
input signal is critical to the quality of the anti-imaging and anti-aliasing filtering
action in the DTC and TDC conversion process, respectively, as well as for the
applications that will be described in Chapter 3. Consider the input to the PLL
consisting of a constant-clock input and an excess phase component, ¢,, such that
the total instantaneous phase of the input signal can be described in the time

domain as
0 (t)=a, t-u(t)+¢/(r) (17)
Taking the Laplace transform, we obtain
0,(s)= f‘:—+ 4 (s) (18)

Substituting this expression back into (10), we write
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0 - N py1 Dpg SNPLLKVCOKpF(S) w,,
) (5) = + "
S(NPLLS+KVC0KPF(S)) S(NPLLS+KVC0KPF(S)) s (19)
n SNPLLKVCOKpF(S) 4 (S)
s (NPLLS + choKpF(s)) i

The output can be organized into two parts: one part is the response to the

constant-clock input and the other is due to the excess phase, i.e.,
0,(5) = Opc (5) + 4, (5) (20)

Isolating the excess phase terms in (19), we write

NPLLKVCOKpF(S)
SN ppp + Kyeo K, F (5)

$,(s) = $,(s) 21
( ) (21)

from which we define the excess phase transfer function as

A ?,(s) _ NPLLKVCOKpF(S)
$(s) SNy, + KoK, F(s5)

D(s) (22)
It is the magnitude of this transfer function that is used to remove the images or
the aliases during the DTC and TDC conversion process. Also, it inherently
filters out the quantization error associated with the XA encoding process for
DFT and the applications, which will be described in greater details in the

following chapters.

2.2.3. Realization Considerations

For an arbitrary filter function F(s) defined as the ratio of two polynomials

of N order, i.e.,

F(s)= ) (23)
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we can re-write (22) by substituting (23) to obtain

D(s) = NPLLKVCOKPP(S) (24)
Np SE(s)+ Ko K, P(5)

Here we see the zeros of F(s) are unaltered by the PLL structure and become the
zeros of the PLL excess phase response. The poles together with the zeros of F(s)
and the PLL parameters set the poles of the excess phase response. We can also
conclude that the PLL transfer function is always proper, resulting in either a
low-pass or band-pass behavior, but not high-pass.

In the previous subsection we learned that the filter function F(s) must have
a pole at DC to eliminate the static phase error. Let us re-write the filter function
with explicit polynomial coefficients as follows

aNsN Jra,\,flsN’1 +..+as+a,
s(sN’1 +by s" P+ .+ bys +b1)

F(s)= (25)

Substituting this back into (22) we obtain

& (5) = (KucoK, )ays" + .4 (KyeoK, ) a5 + (KooK, s + (KoK, )y 26)

sV [bel + (KoK, /NPLL)aN]sN oot (KoK, [Ny )ays + (KooK, [Ny )y

In order to see more clearly the structure of this transfer function we shall re-

write it using two new sets of coefficients and write

N 2
CyS +..tcs”+ces+c,

Dd(s)=N
PN 1 d sV . dysT +es e,

(27)

where

¢ = KVCOKpai I'Npy

d,=b +K,,K,a /Ny, foriel..N+l (28)
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This expression reveals the impact of the pole at DC on the excess phase transfer
function. Specifically, the first two coefficients of the pole and zero polynomial

must be the same.

2.3. High-Order PLL Design

In this section, the goal is to design a PLL for time-domain filtering. Due to
the realization condition described earlier, we need to have in ®(s) the first order
term of the numerator to be the same as that of the denominator. This will
create a real left-half plane zero that is on the same order of magnitude as any of
the poles and as a result, a gain peaking is observed near the band edge
frequency (i.e. 3 dB frequency). To limit this impact, various filter functions
have been tested as seen in Fig. 19 and the Gaussian filter, which has the most
gradual passband roll-off and the lowest group delay, has been found to result in
the lowest gain peaking.

A 6th order unity-feedback PLL with a 100 kHz half-power bandwidth has

been designed from the following desired 6™ order Gaussian filter response:

2.0306x10*

29
s® +2.5613x10°s® +3.0066 x 105" +2.0443x10"®s* + 8.4065 x 10°s” +1.9664 x 107 s + 2.0306 x 10* ( )

(Ddesired (S) =

After meeting the realization condition, the closed-loop response of the PLL

becomes
O (5)= 1.9664 x10*'s + 2.0306 x 10* (30)
ectal B 6 4 2.5613x 10°5° +3.0066 x 10°25* +2.0443x 10'°s° + 8.4065x 10°s% +1.9664 x 10%°s + 2.0306 x 10
The loop filter F(s) is then found to be
F(s)= 6.4517 x10”'s + 6.6625 x 10%° (31)
§° +2.5613x10°s* + 3.0066 x 10°%s* + 2.0443x 10*°s + 8.4065 x 10”s

It is built with two second-order Tow-Thomas biquads, together with a first-

order active stage, which generates the DC pole and the zero as seen in Fig. 20.
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The PFD uses the tri-state buffer in Fig. 11(b) due to the topology of the chosen
PLL IC which will be discussed in Chapter 5. Note the resistor R, connected
between ground and the output of the PFD. It is neither part of the filter circuit
nor part of the PFD. Its role is to reduce the rise and fall time of the PFD
output when PFD transitions into the high impedance state. Refer to Fig. 21,
when the PMOS transitions from ON to OFF and the NMOS transistor is OFF,
V.. is consequently switched from VDD to the high impedance state. The final
voltage in the high impedance state is supposed to be ‘gnd’, set by the negative
input terminal of the opamp. During the transition from VDD to ‘gnd’, the

charge stored on the parasitic capacitor C ,, needs to be discharged through R,,

para

which is a slow process as there is no direct DC path to ‘gnd’. Therefore, a small

resistor R, is introduced between V_, and ‘gnd’, so that C can discharge

out para

through it quickly. R, should be big enough to pull V , to VDD or VSS when it

out
is not in high impedance state. In the case of the PLL designed in this work, this
resistor value was chosen to be 160 €2. All the component values are listed in
Table 2 in the Appendix.

Fig. 22 shows the resulting filter frequency responses compared to an ideal
Gaussian filter with the same bandwidth. As one can see, the behaviors are
similar except near the passband edge. There we see a maximum error of about
5 dB. This gain peaking is inevitable in the realization of type-II PLLs and may
not be desired in some applications, such as those requiring the cascade of several
PLLs since it could drastically amplify the phase noise in a small frequency
region. It should consequently be taken into consideration in the overall system
design. However, it is acceptable for the DFT solution and applications described
in this paper as there is no cascading of PLLs and the quantization noise in the

gain peaking region is deemed to be small since it is still within the bandwidth of

the XA modulator.
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gain(dB)

frequency(Hz)
Fig. 19: Gain peaking levels resulted when modifying the Gaussian, Chebyshev

and Butterworth filters to meet the PLL realization condition.

Fig. 20: Circuit realization of a 6th order PLL.
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1->0 t
V,

0->0 |

Fig. 21: R, is introduced to help C , ., to discharge.

para
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o 1
20
o |
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£ |
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-80 Resulting Filter
—— Gaussian Filter
100~ R EEE LR
10°

frequency(Hz)

Fig. 22: Magnitude response of a Gaussian filter and that of the PLL closed-loop
transfer function when forcing it to meet the realization condition.
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2.4. Summary

In this chapter, a pole-zero placement algorithm for the systematic design of
high-order phase-locked loops is presented. Basic mathematical models of the
building blocks, namely, the PFD, VCO, loop filter and divider circuits are first
reviewed. Then, the closed-loop response of the PLL was developed, first for a
constant-clock input and then one with the phase-modulated clock input with an
arbitrary excess phase component. According to the constant-clock-input
response, we conclude that we need to have a pole at DC in the loop filter
transfer function for zero phase error. Consequently, realization conditions for the
loop filter were derived so that the excess phase response approaches a desired
transfer function under DC pole realization conditions. A 6" order PLL was

designed to approach a 6th order lowpass Gaussian filter transfer function.
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Chapter 3
DFT Solution

The DFT methodology for validating the behavior of the high-order PLL is
described in this section. We start by first giving a brief overview of sigma-delta
modulation and show how it could be used for generating phase modulated test
stimuli. The PLL test setup is then described along with the stimulus generation
and response capture implementation. A discussion on single-tone and multi-tone
testing followed by the investigation of the static operation of the PLL are

presented.

3.1. Overview

For BIST or DFT, it is desired that the testing process be digital in nature
for its simplicity, programmability and robustness. When using a digital signal to
approximate an analog test signal, quantization noise is unavoidable and the
accuracy of the measurement results will be affected. When a signal is quantized
or digitized, the resulting signal follows approximately a second-order statistics
model with independent additive white noise. In terms of power spectral density
(PSD), this process yields approximately an evenly distributed noise floor, the
power of which is proportional to the square of the quantizing step size.

PLLs are generally lowpass in nature. When the above digitized test signal is
phase modulated and applied to the PLL, the quantization noise outside of the
PLL bandwidth is attenuated, whereas those within the bandwidth are still

present and influence the measurement results. One could reduce the digitizing
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step size; consequently, reducing the in-band quantization noise. However, a more

efficient way is to use sigma-delta modulation.

3.2. Sigma-delta Modulation

The basic architecture of a first order £A modulator is depicted in Fig. 23.
As can be observed, the concept consists of using feedback to reduce the
quantization noise, e(n), of a quantizer. XA modulators are oversampling analog-
to-digital converters, meaning that the sampling rate of the signal is increased
beyond the Nyquist rate. As will be shown below, feedback pushes the noise away
from the signal spectrum to the point where a low-resolution quantizer is enough
for accurate digitization. The amount of oversampling is defined by the
oversampling ratio (OSR)

osk =25 (32)

2fp

where fg is the sampling frequency and f; is the signal bandwidth. The digital
output of the ZA modulator corresponds to a pulse-density modulated version of

the input signal.

I
| I

x(N) o+ :u(n) +)}—p| 7 V(n):: + }——pY(N)
) | |:9uantizer:

L__——————— ===

M-bit DACi¢—

Fig. 23: First order XA modulator architecture.
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Referring back to Fig. 23, the time domain difference equation mapping the

input signal to the output signal is
y(m) =x(n—-1) +[e(n) —e(n —1)] (33)

where x(n) denotes the input, y(n) the output, and e(n) the quantization noise of

the quantizer. The z-transform representation of (33) can easily be verified to be
Y(2) =z7'X(2) + (1 - z7HE(2) (34)

Note that Y(z) is composed of two transfer functions where the first one, z',
corresponds to the signal transfer function (STF) while the second, (1-z"), is the
noise transfer function (NTF). It can be noted that the STF has a unity
magnitude response while the magnitude response of the NTF starts at zero and
increases exponentially to a value of two as it approaches fy/2. This effect of
pushing the quantization noise out of the bandwidth of interest is referred to as
noise shaping and is a very powerful feature of A modulators. A typical signal
and noise spectrum is shown in Fig. 24 when a sine wave is encoded.

High-order modulators can be implemented by utilizing more error history.
For example, a second-order modulator can be implemented by subtracting the
previous two samples of the error (weighted) signal to the current one. Generally,
increasing the XA modulator order Nyx would increase the signal-to-noise ratio
(SNR); however, more care with regards to the stability of the modulator need to
be taken. There are other techniques to improve the SNR, such as increasing the
OSR, number of output levels and etc. Note that the output is purely digital
when it only has two levels. The effects of the aforementioned SNR improvement

methods [17] are illustrated in Fig. 25.
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Fig. 24: Typical frequency spectrum of XA bits when a sine wave is encoded.

SNRyiax
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Fig. 25: SNR improvement methods and their effects.

When recovering the encoded high-resolution analog information, it is

straightforward to use an analog filter, as such information is present at low
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frequencies within the modulator bandwidth f; and the quantization noise is
mostly outside of the modulator bandwidth. This analog low-pass filter should
have at least one more order than the modulator such that the slope of the rising
quantization noise will be compensated by that of the filter’s attenuation. If the
above condition is met, a filter of the same bandwidth as the modulator will
suffice. When the encoded signal has a lower bandwidth than the modulator, for
example, in the case of the applications described in this work, a filter of a
smaller bandwidth can be used as well. One more condition imposed on the filter
is that, since most of the quantization noise is around f,/2 [18], it thus needs to

have high attenuation in the high frequency region.

3.3. Digital-to-Phase Mapping

In this section, we will show how a digital input can be converted to a phase
modulated signal through a digital-to-time conversion process. The digital-to-
phase mapping is typically done through the use of a digital-to-time converter
(DTC), as introduced in [10]. The mapping process between the input bits and

output time shift with respect to a reference clock is represented by

t, =t (b0 +b 2" +0,2" +- 4 bN_12D‘1)+tOS

ref (35)
A general way of implementing a DTC is through the use of a delay-locked
loop (DLL) and a multi-bit multiplexer (MUX). Referring to Fig. 26(a), the DLL
is used to generate different delayed versions of a clock signal and the MUX takes
in the digital input word and chooses the corresponding delayed clock. The
symbol is presented in Fig. 26(b). For example, a 3-bit digital-to-phase mapping
process with a digital input word being the sequence 4-1-2-3 would give the DTC

output as shown in Fig. 27.
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Fig. 26: (a) Multi-bit DTC hardware implementation consisting of a DLL and a
MUX. (b) Symbol of the DTC in (a).
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Fig. 27: Output of 3-bit DTC to a 4-1-2-3 input word.
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A convenient way to understand and implement the DTC mapping process
introduced in [23] is to look at the output sequence in terms of the input
sequence. In the case of a 1-bit DTC that maps ‘0’ and ‘1’ in the digital domain
to 0 radians and n/2 radians, respectively, every ‘0’ value in the digital domain is
mapped to the bit sequence ‘1100’ and every ‘1’ is mapped to the sequence ‘0110’
In the case when a rising edge-triggered phase frequency detector (PFD) is used
for the PLL, the duty cycle of the DTC output bit sequence need not to be 50%.
As a result, an equivalent output pair of “1000” and “0100” can be used, as
illustrated in Table 1.

As an aside, the choice of the bit sequence used in the DTC must also take
into account the behavior of the PFD. As in the situation described here, the
PFD is positive-edge triggered, hence all output codes must contain a well
defined edge transition for every input bit. For example, as seen in Fig. 28(a),
for the digital input sequence of “01”, the corresponding output code pair “1100”
and “0110” would be acceptable as it contains two rising edges, whereas the
output code pair “1100” and “0011” would not work, as “1100” will not be
captured by the PFD when following “0011” since a rising edge is not present as
seen in Fig. 28(b).

Fig. 28: Illustrating cases where the input code to the PLL (a) can be captured
by an edge triggered PFD (b) cannot be captured by an edge triggered PFD.
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Table 1: Illustrating the phase encoding process for a 1-bit DTC having a 90

degrees phase encoding range, for the equivalent cases of a 50% duty cycle output

and a 25% duty cycle output

DTC Input DTC Output DTC Output
(50% duty cycle) (25% duty cycle)
0 1100 1000
1 0110 0100

3.4. Phase Spectrums

Now that digital-to-time conversion has been presented, we can look at how
everything fits together. Every XA modulated bit is mapped to a corresponding
discrete phase through the DTC. The maximum value of the sigma-delta
modulated signal in the amplitude domain, ZA,;,x, is mapped to the maximum
phase shift ¢,,y; likewise, the minimum value of the sigma-delta modulated
signal in the amplitude domain, XA,qy, is mapped to the minimum phase shift
Oyiy, Without loss of generality if it is encoded using a single or multi-bit
conversion. Assuming ‘I’ represent the unit used in the digital domain, the

digital-to-phase mapping coefficient is defined as

o, =D " 12, (36)
ZAMAX_ZAMIN I

This equation defining oy can also be seen as taking the full-scale range of the
DTC over the full-scale range of the sigma-delta converter. Since 2m radians

represent a complete period 7' of a clock signal, we can convert oy to time as

T S
SR Y ]
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The spectrum of DTC output signal can then be written in terms of the ZA
PSD output, according to [23] as

Se(f) = (“¢x/SzA(f)+¢os)2. f=0

38
s Ssa(F), f#0 59)

Finally, the DTC spectrum is filtered in phase by the PLL with a transfer
function G(s), and therefore the PLL output spectrum Sp;;(f) can then be written

as
Spr(f) = |G(S)|ZS¢(f) (39)
Amplitude \ ! Excess Phase
s Ssa(f) - So(f= | Seu(f)=
? | 0o”S3a(f) / IG(s)|*Se(f)
Freq. - Freq. - Freq. Freq.
—_— 2A » DTC » PLL (——
(a)
Amplitude | Excess Phase
| Soff)= Seu(f)=
S0 | 0o SH(f) |G(SP|)_i_ZS¢(f)
Freq. i Freg. Freq.
_ PM » PLL ———

(b)
Fig. 29: (a) Illustrating the PSD of signals at each block for this testing scheme.

(b) Showing the traditional phase modulation scheme and the equivalence to our

method.
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Fig. 29(a) illustrates the PSD at the output of the sigma-delta modulator,
the DTC and the PLL. A test signal with a power spectrum S(f) is first A
modulated and is then mapped to the excess phase through the DTC with an
amplitude-to-phase mapping factor a,. The resulting signal is then applied to the
PLL, which will filter out the quantization noise produced by the XA encoding
process. Assuming that all the out-of-band quantization noise is filtered out and
that the in-band noise is negligible, this procedure is equivalent to a direct phase
modulation procedure, where the test signal is phase modulated with the same
amplitude-to-phase mapping factor oy and applied directly to the PLL, as shown
in Fig. 29(b).

3.5. Test Stimuli Generation and PLL Output Capture

As mentioned earlier, both the XA modulator and the DTC can be
implemented in software. A short sequence of XA bits of length N, can be
generated and repeated as to approximate the output of an infinite-duration XA
oscillator when driven by a periodic signal. From a DSP-based testing perspective,
this signal needs to be coherent, as explained in [19]. This is ensured by

respecting the coherency rule given by

f o=—0*f, M=012..,N/2 (40)

where f , is one possible frequency component of the test signal that is to
complete M cycles at a sampling frequency of f. M and N, need to be relatively-
prime (no common factors) for a maximum number of unique samples. In
addition, if the bits are not coherent, a discontinuity is created when bits are
repeated. These bits are then mapped to the excess phase of a clock signal using

the DTC and applied to the PLL. One can also notice that if the bit-stream is
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not coherent, every time when they repeat, the discontinuity will cause the PLL
to undergo a transient response trying to regain steady state. This is not desired
since PLLs usually have a tight bandwidth and consequently require a long time

to regain steady state.

ulnl=kfaralln
X[0] = 0; y[O]=0; SOFTWARE

Initialization

deltasigma
modulation

#[n]=uln-1]+x[n-1]-y[n-1]
¥[nFsgnix([n])

example: 011001

If o
Output 1100
If 1
Output 0110

DTC

]

i
i I
I I
1 1
I I
I I
I I
I I
I I
I I
I I
I I
1 1
I I
1 1
I I
I I
- |
I . .
! deltasigma bits, i
1

I
i I
I I
1 1
I I
I I
I I
I I
I I
- :
i Phase modulated delta sigma bits, !
H from previous example: i
i 110001100110 1100 1100 0110 =

HARDWARE

HSD PLL

Fig. 30: Flow chart for the testing procedure.

The flow chart of the actual implementation using Matlab software and the

HSD digital channels of the ATE is shown in Fig. 30. Here u[n]| is the sampled
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version of the high resolution test signal. The sigma-delta modulation and the
DTC mapping process occurs in software and the resulting bits are loaded to the
HSD unit of the ATE to test the PLL. Note that this flow chart only shows a
first order delta sigma modulation process. This is only for illustration purposes
and in practice any order can be used when applicable.

To ensure an accurate PLL characterization, a reference clock signal that runs
at the same frequency as the PLL carrier frequency needs to be introduced and
the excess phase is defined with respect to it. The excess phase signal in the PLL
output can be measured by using a simple TDC consisting of a counter triggered
by the rising edge of this reference clock and counts the time difference to the
next rising edge of the PLL output. This capture process is illustrated in Fig. 31
and the testing setup is illustrated in Fig. 32.

Refererglz |_
oo M I U IHIHY WL
/‘

Amp
Decoded \—m
Signal

At time

Fig. 31: Illustrating how a PM signal is extracted with respect to a reference.

» PLL >
Digital Testing Code Excess
Phase
Extractoin
Ref. Clock

Fig. 32: Illustrating the PLL testing setup with the digital input.
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3.6. Transfer Function Measurement

In this section, PLL jitter transfer function and large signal transfer
characteristic test methodologies are described, using the coding scheme
mentioned in the previous sections. We start by introducing the single-tone test
and expose its limitations. A more efficient multi-tone test is then described
which will show that the entire transfer function can be measured with the same
effort as a single tone test. Finally, the large-signal transfer characteristic test is

explained.

3.6.1. Single Tone Test

In a single-tone test, a coherent sine wave is XA-encoded in the excess phase
of a clock signal and applied to the PLL. Its response is captured in the excess
phase of the PLL output, which is expected to be a sine wave running at the
same frequency with its amplitude and phase altered by the PLL frequency
response. This can be measured accurately without much interference from noise
and distortion by performing a Fast Fourier Transform (FFT). This process is
illustrated in Fig. 33(a) when a single-tone is applied to the PLL and its expected
output is captured and analyzed. Going through a set of coherent frequencies in
the input signal will give rise to an output vs. frequency plot and with enough
frequency resolution, the PLL closed-loop transfer function can be determined
accurately.

This approach, although very effective, has important limitations such as test
running time. For example, during the frequency sweeping, each measurement
must wait for the circuit to settle into steady-state before the result is valid,
which is very time consuming. This problem becomes more pronounced when
testing PLL circuits, as they usually have a tight bandwidth and consequently

require a long time to settle.
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Test Input Spectrum Expected Output
So(f) Seu(f)= Spectrum
IG(s)*Sa(f)
Freq.
> PLL >
(a)
Test Input Spectrum Expected Output
Soff) Spu(f)= Spectrum
1G(s)I*Sa(f)
> ] Freq.
» PLL >
(b)

Fig. 33: The PLL test signal input spectrum and its expected output spectrum

for a) a single-tone test b) a multi-tone test.

3.6.2. Multi Tone Test

A more efficient approach is to use a multi-tone signal, which consists of a
sum of coherent sinusoids. One can construct a multi-tone signal whose frequency
components cover the entire frequency range of interest. Then, the PLL test
input stimulus is constructed by XA encoding this signal in the excess phase of
the reference clock signal. In addition to coherency, the tones need to be chosen
such that no harmonics or low-order inter-modulation (IM) distortion collides
with another test frequency. In addition, the peak-to-RMS ratio needs to be kept

low to maximize dynamic range. The testing procedure is illustrated in Fig. 33(b),
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when 3 sinusoids are added together to generate a 3-tone signal. The output is
expected to have the same frequency components with their amplitudes and
phases altered by the PLL transfer function. Note that one single test can be
sufficient to capture the PLL transfer function thus saving tremendous amount of
test time and resources. If the test needs 10 sinusoids at different frequency to
capture its frequency response, the multi-tone test will be 10 times faster than
the single-tone test. Since only 1 set of bits is needed, comparing to the 10 sets in
the case of single tone, the multi-tone test is also 10 times more efficient in terms

of computing resources.

3.7. Static Operation Test

For investigating the static operation of the PLL, one can XA-encode a DC
value in the excess phase of the signal applied to the PLL input and observe its
corresponding output. At the PLL output, the excess phase information presents
itself as a clock signal with a constant delay to the reference signal. By sweeping
the DC code and measuring the corresponding delay, one can obtain a voltage-to-
time transfer characteristic curve. This is analogous to measuring the large-signal
transfer characteristics of an amplifier. Many properties, such as linearity, can be
observed. During this test, the rule of coherency can be relaxed as there is no
strong periodic frequency component present (since a DC signal is coherent with

any frequency).

3.8. Summary

In this chapter, the DFT solution for testing a PLL is presented. We started
by giving a review of sigma-delta modulation and digital-to-phase mapping
techniques first introduced in [10]. The digital-to-phase mapping was then
improved in [23] and used in this thesis. The theoretical background for this
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testing technique in the form of phase spectrum was subsequently explained.
Next, how the test stimuli was generated and PLL output phase could be
extracted was discussed. Finally, the details of single-tone test, multi-tone test

and large-signal voltage-to-time transfer function test were described.
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Chapter 4

Simulation /Experimental Verification of
PLL Operation

A 6™ order PLL with a 100 kHz half-power bandwidth was constructed
according to the schematic of Fig. 20, interfaced to a Teradyne FLEX mixed-
signal tester and its behavior was measured. The Teradyne tester was used to
generate the digital bit stream to stimulate the PLL and an Agilent oscilloscope
was used to analyze the PLL output data. The opamps used to realize the active
filter were of the type OPA355 from Texas Instruments. The experimental board
used to interface the PLL to the tester is shown in Fig. 34 and it is mounted on
the tester in Fig. 35. The PFD and VCO were constructed from the components
found on the TLC2932 IC chip, also from Texas Instruments. The PFD which
uses a tri-state buffer has a gain K; equal to 0.34 V/rad and the VCO has a gain
Ky equal to 76.6 Mrad/V /s. The VCO output voltage range is from 0 to 5 V.
The active filter was designed to have the transfer function in (31) of Chapter 2.

The detailed design files (schematic, layout) are presented in the Appendix.

Fig. 34: Photograph of the 6th order prototype PLL.
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Flex ATE.

For comparison purposes, simulations were also performed using
MATLAB/Simulink. The implementation of £A modulator of arbitrary order is
shown in Fig. 36 where the state variables are calculated using the tool ‘DSMOD’
described in [20]. The resulting bits are then exported to the Matlab workspace.
In addition, the high-order PLL and the excess phase capture are implemented as
shown in Fig. 37(a). The phase capture is performed by taking the time
difference between the rising edges of the PLL output and those of a reference
clock running at the same frequency. The time of rising edge is captured by the
triggered subsystem, a unique type of system of Matlab, which is shown in Fig.
37(b), acting like a D flip flop latching the simulation time when a rising edge is
present at its input. Constants of multiples of 2n radians are added to avoid
issues of phase wrapping, and the final phase value is brought within the range of

0 to 2m by the “modulus” function.
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Fig. 36: A sigma-delta modulator of arbitrary order implemented in Simulink.

Firnin

From
Workspace

Outt

double

double

Dar Type Conversion

o fr_nurmeraton]

ContinuousTime

¥

Gain

L
[ter_denom |3

Transfer Fen

wCo

Continugus-Time
woo

boolean

ol
d

Data Type Conwersion

Clock2

Fig. 37: Simulink implementation

Fine YWave

Relayz

FFD
b
£
Pe{ini cutl
Triggered
Subsystem 1

I

Outl

Triggered

Subsystem

Qutt

Triggered
Subsystem

Constantl

@7

Relayl

simout

To Workspase

Math
Function

Outl

of the (a) high-order PLL and the phase

extraction process which outputs the time difference between the PLL output and

the reference clock in radians. (b) triggered subsystem shown in (a).

46



Chapter J

4.1. PLL Test

The bits used for testing were first generated in Simulink using a 5"-order
YA modulator having a Butterworth response and an OSR of 64 together with a
Matlab script that performs the DTC operation of mapping the digital sequence
to the corresponding phase modulated signal. The £A modulator output ranges
from 0 to 1 resulting in sigma delta parameters XA,y = 0 and XA,,x = 1. For
both the single-tone and multi-tone test, the amplitude-to-phase mapping
converts every logical ‘0’ value to the bit sequence ‘1000’ and every ‘1’ to the
sequence ‘0010’ for a phase range of m radians. The amplitude-to-phase mapping
factor, denoted previously by ayis therefore equal tomrad/I. For the test of
voltage-to-time large-signal transfer characteristics, a different coding scheme is
used, where every ‘0’ value in the digital domain is mapped to the bit sequence
‘1100’ and every ‘1’ is mapped to the sequence ‘0110’; hence, resulting in a
mapping factor oy of m/2 rad/I.

The bits were generated in a cyclic fashion with a single-bit duration of 15 ns
and then applied to the input of the PLL. As every bit sequence consists of 4 bits
corresponding to a carrier period of 60 ns, the frequency of this phase-modulated
signal is 16.67 MHz. A reference clock was also synthesized at this same rate. In
simulation, this is achieved by introducing a clock signal running at 16.67 MHz,
whereas during the experiment this needs to be done more carefully to ensure
synchronization. Specifically, the code “1100” is stored in the source memory of
the FLEX tester, repeated every 4 bits and generated in parallel with the phase-
modulated bit sequence. This was achieved using the high-speed digital source
unit of the FLEX tester. A block diagram of the experimental setup is shown in
Fig. 38. The excess phase extraction block is implemented using the Agilent
54830D oscilloscope. Here the input to the PLL and its corresponding output are

fed to the scope's channel 1 and 2, respectively, and are compared to the
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reference clock through the external triggering of the scope. While we choose to
use the scope for extracting the excess phase, we could have just as easily fed
these signals back into the digital capture unit of the FLEX tester and performed
these same measurement. This was simply a matter of convenience, since the
Agilent scope had Matlab running in it. In fact, a routine to extract the excess

phase from the sampled data running in Matlab facilitated the analysis.

fclk
) —| |—’ |—| |— X fclk
output > Excess
ATE HSD Phase
"l Extractoin
Ref_clk I | | | I |
fclk

Fig. 38: Experimental setup for PLL testing in which both the excess phase of the

PLL input and output are extracted with respect to a reference clock.

4.1.1. Single-tone Test

Here, a coherent sine wave with an amplitude of 0.15 on a 0 to 1 scale in the
digital domain (4.5 ns in the phase domain) with a frequency of 93.59 kHz is
encoded into a 81920 bit long cyclic bitstream to act as the test stimulus. Such a
long bitstream is forced upon us due to the tester’s lack of flexibility with regards
to the looping of the bit sequence to ensure coherence. While any frequency
within the XA software-encoded modulator bandwidth could have been used, in
this experiment we placed the tone very near the passband edge of the PLL
where the PLL is most sensitive. To verify the signal presented to the PLL, we

captured the corresponding input bit stream to the PLL and measured its phase

48



Chapter 4

with respect to the reference signal. The PSD corresponding to this signal obtain
through an FFT analysis is shown in Fig. 39. Also shown in Fig. 39 is the PSD of
the input signal resulting from simulation. As is evident, the two signals are in
close agreement. The level corresponding to each tone is almost identical (7.055
dB versus 7.029 dB), where 0 dB in all the spectral plots of this work corresponds
to a sinusoidal phase-modulated signal with an amplitude of 2 ns. Also, evident
from Fig. 39 is the high-pass nature of the PSD corresponding to the noise-

shaping operation of the XA modulator. In both cases, they are very similar.

20t - 0.35%+ ] 7
éz 3_055 % — Bxperiment
I Simulation
Of X: 9.359+004 .
Y: 7.029

0] 5 10 15
Frequency (H2) x 10°
Fig. 39: Spectrum of the PLL input excess phase signal both simulated and

experimentally measured for the single tone test.

The PLL output is then measured and a time domain plot of the output

excess phase is obtained and plotted in Fig. 40(a). These results are also
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compared to those generated by simulation. Note that the simulation output had
to be shifted by about 10.35 ns vertically in order to adjust for the constant delay
induced from the clock skew in the experimental setup. In comparison, the two
sine waves have similar amplitude; simulation reveals an amplitude of about 4.1
ns, and through direct measurement has an amplitude of 4.7 ns. The
corresponding PSD of these two signals is shown in Fig. 40(b). Here the level of
the experimentally measured tone is 6.183 dB whereas the simulated tone level is
7.442 dB. This is a difference of 1.26 dB corresponding to a 14% relative error.
This error is attributed to the fact that the PLL model in simulation is not
exactly the same as that used in the prototype. While one would never expect
them to be exactly the same, these results suggest they are quite similar and the
simulation results are a reasonable predictor of PLL frequency response
performance. We also notice that the PSD is limited to a noise floor of about -60
dB. This can be attributed to the quantization noise associated with the time
resolution of the scope. We will have more to say about this in a separate context
in the next paragraph. In addition, harmonics not seen in simulation was
observed in the experimental data. This is due to the nonlinear large-signal
behavior of the PLL. We will investigate this further in section 4.1.3.

Next, the frequency of the encoded sine wave is swept over a range of 4069
Hz to 231.9 kHz while the input amplitude is kept constant at a level of 4.5 ns.
Fig. 41 illustrates how the input amplitude as seen at the input to the PLL varies
with frequency. As can be observed, the input level is relatively constant and
consistent with the value encoded, with a maximum relative error of 0.05 dB or
0.6%. These results further illustrate the flexibility of the bit-stream approach as

a general test stimulus.
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Fig. 40: A comparison of the experimental data with simulation corresponding to

PLL output in (a) time domain (b) frequency domain.
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Fig. 41: Showing the input power level being consistent throughout the frequency

range of interest for single tone test.

In conjunction with the frequency swept phase-modulated sine wave input
stimulus, the output signal from the PLL was captured and the corresponding
input-output phase magnitude frequency plot was obtained as shown in Fig. 42.
Also shown in the plot is the expected or simulated phase transfer function
response. It is reasonable to conclude the swept single tone test using the
bitstream approach is in good agreement with that predicted by theory. This is
not too surprising given that we measured the input signal characteristics and
found that they were very tonal within the PLL bandwidth. We also noticed that
the gain measurements could not be measured reliably 30 dB below the input
level of 4.5 ns. This meant that phase signals with amplitudes less than 142 ps

were lost. This is reasonable as the scope has a stated time resolution of 500 ps.
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Gain (dB)

Fig. 42: A comparison between the experimentally measured frequency response

and simulation using single-tone and multi-tone tests.

4.1.2. Multi-tone Test

In this subsection, 20 coherent sinusoids with equal amplitude of 0.037 in the
digital domain have been added together and encoded to generate an 81920 bit
cyclic bit-sequence that is phase modulated with 20 tones of 1.11 ns amplitude
each. The frequencies of these tones were chosen such that there are no frequency
collisions with any of their distortion products, as well as the phases of these
tones were randomized to reduce the peak-to-RMS ratio|21].

The PLL input and output phase signals are captured experimentally in the
same fashion as the single-tone test and their PSD are plotted in Fig. 43 and Fig.

44, respectively. One can clearly observe from Fig. 43 that the input tones are of

53



Chapter 4

equal amplitude across a frequency span of 0 to 250 kHz having a level of -5.10
dB corresponding to an amplitude of 1.11 ns. Also, the noise shaping action of
the ZA modulation is also present. In the plot of Fig. 44, one can see that the
PLL frequency response to the multi-tone signal. Here the amplitude of the
individual tones are altered by the PLL behavior and the out-of-band
quantization noise is filtered out. Note that significant amount of energy is
present on some non-testing frequencies within the PLL bandwidth. This is
normal with multi-tone testing and is simply ignored in any post analysis [21].
Matlab/Simulink simulations results are also consistent with these results, as seen
from Fig. 45 and Fig. 46.

The phase transfer function measurement associated with the PLL can now
be easily obtained and the resulting curve is superimposed on the previous plot of
expected behavior in Fig. 42. We can see that the multi-tone results are very
similar to the single-tone test and ideal/simulation results. We can also conclude
that the multi-tone test is faster to perform than the single tone test. In
simulation, it takes 0.31 ms to complete the multi tone test, whereas the single
tone tests take 6.2 ms. This stems from the fact that the tester resources are
identical in both cases, requiring 81920 bits of cyclic tester memory, but the
multi-tone test provides the entire phase transfer characteristic in a single test
rather than after multiple iterations of the single-tone test and its associated

settling time per frequency setup.
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Fig. 43: Experimentally measured PSD of the PLL input excess phase signal for

the multi-tone test.
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Fig. 44: Experimentally measured PSD plot of the PLL output excess phase

signal for the multi-tone test.
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Fig. 45: PSD plot of the PLL input excess phase signal for the multi-tone test

measured in simulation.
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Fig. 46: PSD plot of the PLL output excess phase for the multi-tone test

measured in simulation.
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Fig. 47: Transfer characteristic curve showing output phase versus encoded DC

code in both simulation and experiment.

4.1.3. Large-Signal Transfer Characteristics

In order to obtain the large-signal transfer characteristic curve, DC signals
are encoded and swept over the stable region of the A modulator used, which is
about from 0.22 to 0.78 on a 0 to 1 scale. The coding scheme explained earlier
with o4 equal to /2 rad/I is exercised here. The reason a smaller phase range is
chosen is to use finer time resolution. In addition, it also shows the versatility of
the testing encoding principle as users can zoom-in to a desired observation range
using a finer phase resolution. The voltage-to-time large-signal transfer
characteristic curve is plotted in Fig. 47. As can be observed, the curve is

monotonically increasing with a linear trend as expected from simulation.
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However, the small deviations from the straight line can be related to non-linear

behaviors present in the PFD, the active filter and/or the VCO.

4.2. Summary

In this chapter, the PLL design methodology and the DFT solution were
verified both in simulation and experiment. A 6™ order PLL was built and
measured on a Teradyne Flex ATE. In addition, simulations were performed
before performing the experiment. The DFT method is verified by measuring the
known input and comparing with the results capture using this method. Single-
tone and multi-tone measurements are then performed using this technique, and
the results agree with the theories present in Chapter 2 very well. The large
signal voltage-to-time transfer function is also measured and is found to be in

close agreement with the theory too.
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Chapter 5
Several Applications of High-Order PLLs

In this chapter we will demonstrate several new applications of high-order
PLL. This will include the design of a phase delay generator for clock alignment
and jitter measurement. Simulations will first be carried out to illustrate the
basic idea then experiments will be performed using the Teradyne Flex tester and

the LeCroy SDA6000 oscilloscope.

5.1. Phase Generation

5.1.1. Application Description

Fig. 48(a) shows a block diagram of our proposed delay generation circuit,
which is very similar to the PLL transfer function test setup. The desired phase
delay is first encoded using lowpass XA modulation and it is then converted to
the excess phase of a clock signal using a DTC. The unwanted quantization noise
is thus shaped to high frequencies (with respect to the phase modulated signal)
and is filtered out by the lowpass transfer characteristic of the PLL. Both the XA
modulator and the PLL are high-order, which leads to infinitesimal quantization
noise at the output, such that a clean clock signal with an arbitrary phase can be
generated quite accurately. Fig. 48(b) shows a clock delayed from its original
position with respect to reference clock. This clock can be thought as the clock

that drives the sigma-delta modulator in a hardware implementation.
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5.1.2. Simulation

The proposed phase-delay encoding scheme was first implemented in

Matlab/Simulink and verified. DC encoded bit-streams are generated in the same
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way as the testing bit-streams for the large signal transfer characteristics test
described in section 4.1.3. Here a 5™ order modulator with OSR 64 was used
together with a 1-bit DTC having a digital-to-phase mapping factor a4 equal to
n/2 rad /1. The resulting bit sequence is then applied to the input of the 6™ order
PLL model and the output delay is observed with respect to the reference clock.
Fig. 49 shows the PSD of the spectrums at the input and output of the PLL,
when a DC value of 0.5 was encoded. A Blackman-Harris window is applied to
avoid frequency leakage of the quantization noise. As can be observed, there is a
tone in Bin 0 (i.e. DC) and we see the high-frequency quantization noise
associated with the input and the filtering action of the PLL. The PLL rejects
most of the high frequency quantization noise leading to a DC output phase

signal (i.e., a constant phase shift with respect to the reference).

Time Difference Between 0.5 and 0.501 Codes
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Fig. 50: Two sample outputs corresponding to 0.5 and 0.501 DC encoded values

showing a phase difference of 15 ps.

Fig. 50 shows two sample outputs, where DC values of 0.5 and 0.501 are
encoded. The time difference between these two outputs is calculated to be 15 ps
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((0.501-0.5)xa,, where o4 is /2 rad/T or agof 15 ns/I for a period of 60 ns),

which is consistent with the above simulation result.

Now, let us examine how various design parameters of the PLL affect the
performance. As mentioned in Chapter 3, when recovering high-resolution
information that is sigma-delta encoded, the order and bandwidth of the
reconstruction filter, in our case, of the PLL, plays a vital role. In general, the
smaller the PLL bandwidth, the more quantization noise can be filtered out and
therefore the higher the performance. Higher order PLLs are also preferred, as
they reject more noise out of band. In addition, higher order filter allows the use
of higher order modulators, which will ultimately lead to high performance too.

Fig. 51 shows the simulation result of how time resolution varies with respect
to PLL bandwidth, while all other parameters are unchanged (i.e, sigma-delta
modulator order of 5, OSR 64, ZA-DTC cascade gain o4 equal n/2 rad/I, PLL
order of 6 designed for Gaussian lowpass response). The resolution measure used
is integral nonlinearity (INL), which is the maximum deviation of the measured
result from the ideal curve. We can clearly see that the resolution gets better
with tighter bandwidth.

Alternatively, instead of altering the filter bandwidth, one can also alter the
order of the PLL and experience performance change. The PLL order is swept
while other parameters of the delay generator are held constant (i.e, sigma-delta
modulator OSR of 64, XA-DTC cascade gain o4 equals /2 rad/I, PLL bandwidth
of 100 kHz designed to have a 6"-order Gaussian lowpass response). Note that
the sigma delta modulator order is changed according to the rule described in
section 3.2, as the low-order PLL cannot filter out the fast-rising high frequency
quantization noise of high-order sigma-delta modulators. Fig. 52 shows the plot of
resolution versus order. Not surprisingly, the higher the order, the better the

resolution.
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Fig. 52: Plot of time resolution vs. PLL order showing improved resolution with

increasing order.

We can therefore conclude that high-order PLL design with a tight bandwidth
is desired for the application of phase generation. This also allows the use of
higher order sigma-delta modulator with a high OSR, which can also improve the

phase delay performance.
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5.1.3. Experiment

Phase delay generation experiments are performed in this section. The
functional operation of all codes is first verified by sweeping the ZA encoded DC
value and the phase difference between the PLL output clock and the reference
clock is observed. The voltage-to-time transfer characteristic curve is plotted in
Fig. 54. This is the same experiment as the large signal transfer characteristic
test performed in section 4.1.3. The bits chosen cover the stable region of the A
modulator, which is about from 0.22 to 0.78 using a very small DC encoded step
of 0.001. Therefore, a total of 561 cases have been tested. As can be observed, the
curve is monotonically increasing with a linear trend as expected. However, the
small deviations from the straight line can be related to the non-linear behaviors
present in the PFD, the active filter and/or the VCO. Here, the maximum
absolute error compared to a best-fit line equals 380 ps. This deviation from a
straight-line would correspond to a 4.4-bit linear digital-to-time conversion with
an INL/DNL of less than 1 bit. However, since the curve is a monotonic function,
knowing exactly the correspondence between the DC code and the phase, proper
compensation can be performed. Indeed, the DC codes can be pre-distorted by a
lookup table prior to applying them to the XA modulator, as depicted in Fig. 53.
As shown in Fig. 54, with this compensation setup a 9-bit conversion, or a
resolution of 15 ps, can be achieved with an INL/DNL of less than LSB. Note
that a constant phase offset that is not present in simulation is expected since the
length of the path that carries the output signal differs from that of the reference
signal, which is the problem of clock skew discussed earlier. This offset is
determined empirically and turns out to be -10.35 ns. A sample output is
captured in Fig. 56(a), where a delay of 3 ns between the PLL output and the

reference can be observed when a DC value of 0.49 is encoded.
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Fig. 54: Transfer characteristic curve of output phase versus encoded DC code.

5.2. Skew Cancelation

5.2.1. Application Description

One direct application of this device can be immediately identified: clock
skew cancelation. When testing digital circuits, a clock signal needs to be
generated from the source, for example, an ATE. Due to the spatial displacement

from the source and the DUT, a phase difference is created from the desired clock.
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If multiple DUTs driven by the same clock are being tested, the clock phase
deviation produced due to different distance from the clock source may result in
circuit malfunction. This problem becomes more pronounced as the circuits are
running faster and faster. Although this problem has been addressed in most
ATE testers to some extent, it is still problematic at the device-interface board
(DIB) level.

Fig. 55 shows how our proposed technique can solve this problem. A clock
that needs to be aligned, is first frequency up converted by 4, which can be done
by a PLL with a feedback divider of 4. This clock will then drive the bits stored
in a memory that is generated similarly as before. Then, the encoded phase is

swept until aligned with the reference clock.

skewed clk aligned clk
Frequency

= Multiplier » Bits | »linput P|_|_0utput._>_|_|_|_|_

| [T Hpligh

clk clk

Fig. 55: Showing skew cancellation being achieved with this technique.

5.2.2. Experiment

The same setup as described in section 5.1.3 is used to perform this
experiment. As described earlier in the previous section, the clock skew between
the reference clock and the delivered clock is -10.35 ns due to setup delays. A
calculated DC level of 0.69 (10.35 ns / oy, where oy, is 15 ns/I) is needed to bring
the clocks to alignment. Bits are generated using this DC level and applied to the
PLL and the resulting PLL output is shown in Fig. 56(b), from which a phase
difference of 440 fs is observed between the two clock signals with a period of 60
ns each. This corresponds to a relative error of 0.000733% and therefore the clock

skew of -10.35 ns has been reduced to near zero error.
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5.3. Jitter Measurement

5.3.1. Application Description

Since the proposed system can generate an arbitrary delay quite accurately,
another application of this circuit can be as a time sampler. As electronic circuits’
speed increase, their measurements become more difficult, as test equipments are
electronics themselves and consequently are required to operate at high speed.
Traditional DSP-based testing techniques require the system output to repeat a
few cycles to make an accurate measurement. This requires sampling much faster
than the Nyquist rate. For high-speed systems seen today, it would require the
time sampler on the tester to operate many times faster than the DUT, which
may be running at very high frequency already. An alternative way is to use
under-sampling techniques, which enables an accurate measurement using a
sampling frequency less than the Nyquist rate.

One application utilizing undersampling is for jitter measurement. Referring
to Fig. 57(a), a reference clock is passed through a delay line, and outputs
different delayed versions of it to trigger a set of D-flip-flops. A counter is
connected to each D-flip-flop to keep track of the number of times the DUT
signal arrives at the D-flip-flop earlier than the trigger (DUT signal = 1 when
triggering). For any delay encoded, the probability of DUT signal arriving earlier
than the trigger can then be derived with another counter keeping track of the

total number of such comparison instant. We can write it mathematically as
I:>(TDUT < Ttrigger) (41)

By sweeping the position of T, we can obtain a cumulative distribution
function (CDF) and mathematically derive the corresponding probability density
function (PDF) by a differentiation operation. In this thesis, we express the PDF

in terms of the histogram of the captured data set.
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Fig. 57: Jitter measurement setup using various phase shifts, D-flip-flops and

counters to generate a CDF of the clock jitter using: (a) parallel implementation,

(b) series implementation.

An implementation that fits better with the experimental setup is outlined in

Fig. 57(b). Here, a reference clock is first set to a given phase offset and a
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counter counts the number of times the signal under test arrives to the D-flip-flop
before the reference clock for a specified duration; then, the reference clock’s
phase is changed to a new value and the cycle repeats. Going through a set of
equidistant phase shifts would similarly give rise to a CDF and from it we derive
the PDF; thus, its jitter metrics can be characterized very accurately. The

equivalent sampling frequency would be the reciprocal of the phase step size.

5.3.2. Simulation

In the Matlab simulation, a clock with a jitter that is Gaussian distributed is
measured using the technique proposed in the previous subsection with a phase
delay step size of 20 ps. The resulting PDF is plotted in Fig. 58 and compared
with the previous method of demodulating the phase using the setup shown
previously in Fig. 37 and creating the histogram from the demodulated signal.

As one can see, the distributions are very similar.
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Fig. 58: Simulated jitter histogram generated using our method and the

traditional method.
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5.3.3. Experiment

The setup described earlier for jitter measurement has been implemented
here. The phase is swept in steps of 20 ps (effective sampling rate of 50 Gs/s) and
the number of times the reference clock was ahead of our encoded clock for a
given time duration is counted, as shown in Fig. 57(b). Note that the clock signal
for which the jitter is measured is actually the same one used to drive the bits
with the encoded phase to the PLL. Consequently, an equivalent setup where 2
clocks coming out of the tester are applied to the LeCroy SDA6000 scope with
one of them being used to trigger the scope while measuring the jitter of the
second one as shown in Fig. 59. Fig. 60 shows the histogram distribution for both
cases. Here we can see that both histograms have similar distributions. We
exported the data back to Matlab to calculate the RMS jitter, and the proposed
implementation shows 162 ps, which is comparable to the 195 ps obtained from
the LeCroy scope. Therefore, we can conclude that our method can measure jitter

performance similar to that given by the LeCroy scope.

J_l_l_l_l_l_ Lecroy Scope

output 1 P Data in
ATERSD - M
output 2 P trigger

Fig. 59: Showing the jitter measurement setup using the LeCroy scope.

Other applications have also been demonstrated using the PLL designed
utilizing different input coding schemes. For example, in [23|, a frequency
synthesis scheme is developed and a digital-to-frequency conversion resolution of
9-bit is achieved. In addition, it is also shown that, this PLL can also be used for

jitter generation such as Gaussian jitter and sinusoidal jitter.
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Fig. 60: Jitter histogram measured from our system and LeCroy.

5.4. Summary

In this chapter, a high-order PLL is used in the creation of an accurate and
precise phase delay generation circuit. In turn, this phase delay circuit is used in
the application of a skew cancelation technique on ATE tester boards and for
extracting the statistics of a jittery clock signal. Matlab/Simulink simulations
together with ATE experiments were performed as means of validation of the
proposed techniques. Experimentally, a time resolution of 15 ps was achieved
with the delay generation circuit, and clocks with a period of 60 ns were shown to
be aligned within 1 ps of each other. In addition, jitter measurement was also
performed using this phase delay generation circuit at an effective sampling rate
of 50 Gs/s. The measured data was consistent with the result captured directly

by a LeCroy scope.

72



Chapter 6

Chapter 6

Conclusion and Future Work

6.1. Thesis Summary

In this work, a pole-zero placement algorithm for the systematic design of
high-order phase-locked loops serving as anti-imaging and anti-aliasing filters for
time-mode signal processing applications is presented. In addition, an all-digital
DFT solution using either a single-tone or multi-tone test stimuli was proposed
for validating the frequency characteristics of a PLL. Moreover, the large signal
transfer characteristics of a PLL can also be measured using the same encoding
scheme. The implementation of the test setup has three main components: a XA
modulator, a DTC and the high-order PLL under test. Each building block has
been investigated in detail. The first two components are implemented in
software and the digital output is exported to a Teradyne FLEX ATE high-speed
digital (HSD) unit and repeated cyclically and applied to the input of the PLL. A
6th order PLL interfacing with an ATE tester has been designed and fabricated.
Simulations and experimental measurements have been performed that verify the
correctness of the DFT testing techniques proposed and validate the PLL design
methodology.

In addition, a low-cost clock delay generation technique embedded in an ATE
framework has been presented as an application of the 6th order PLL. We
experimentally demonstrated two applications of this technique: precise clock
alignment and jitter measurement with an effective sampling rate of 50 Gs/s.

Simulations were performed to verify the correct operation of the technique and
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then compared with experimental results. The encoded bits, driven by a single
clock, are outputted repeatedly from the HSD unit and fed to the fabricated
high-order PLL that is mounted on the DIB board to achieve a constant phase
delay. An adjustable phase delay resolution down to 15 ps within an 8.4 ns range
has been realized. This technique can be extended to accurate phase generation

for under-sampling techniques.

6.2. Future Work

Since this work is the first attempt in designing high-order PLLs using a pole-
zero placement algorithm for Type II PLLs, many research paths can be taken
for optimization of current work or development of new applications. A few
potential future research topics are listed below:

1) Gain peaking reduction. The PLL closed-loop transfer function is restricted
by the realization condition described in section 2.2.3. This condition
inevitably forces a gain peaking near the cut-off region. This is a common
problem in all type-II PLLs. This is undesired in many other applications
due to the amplification of the phase noise in that frequency region. By
synthesizing a gain reduction procedure while maintaining superb filtering
action, this PLL design method could become universal and could be used

for all application specific PLL implementations.

2) Undersampling for measuring the PLL transfer function. During the
measurement of the PLL transfer function, the oscilloscope has some
difficulties with signals of smaller amplitude in phase due to its limited
time sampling resolution. As a result, the PLL can only be characterized
when the output level is at most 30 dB below the input amplitude of 4.5 ns
for an amplitude of 142 ps. Note that for large signal transfer
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characteristics test, the built-in function ‘delay’ of the oscilloscope can
measure phase delay less than 1 ps. This is achieved utilizing under-
sampling for a high effective sampling frequency. One can adapt it to the
current measurement method so that more insight can be gained by
extending the measurement more into the stopband region. Another
solution is to calculate the phase directly in the voltage domain using an

analytical signal method as described in [22].

YA multi-bit encoding. From the discussion about the XA modulators, we
know the performance can be improved by increasing the OSR, modulator
order and number of output levels. In this work, the number of output

levels is 2. Therefore, multi-bits can be utilized as an extension of this work.

IC implementation. In this work, a few applications are described, and the
performances are directly related to the PLL. We see a noticeable amount
of non-linearity, as witnessed in Fig. 47. These are caused by the non-
ideality of the ICs inside of OPA355 and TLC2932. Therefore, it is
suggested that in the future a custom IC is built so that the designer has
more control over the VCO, PFD and the opamps. In addition, the design

will be more compact and could be taken to a much higher speed.
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Appendix

A 4-layer PCB is designed using the Cadence SPB PCB Editor. All the
component values for the loop filter corresponding to Fig. 20 are listed in Table 2.
It can be interfaced to an ATE tester or to the bench equipments using an FPGA
(for a quick functional verification). The top layer contains the main circuitry
including the PLL, their bypass capacitors and an optional buffer if the PLL
output is to drive a 50 €2 oscilloscope. It also has an option to use a first order
loop filter instead of the 5™ order active RC such that a 2" order PLL is realized.
Two SMA connectors are used, to interface the PLL output and the reference
clock with the oscilloscope. The bottom layer contains the connectors interfacing
with the tester and three voltage regulators (may be bypassed) to power the
circuit. The middle two layers are the split power (digital VDD, analog VDD and
analog ground) and ground planes (analog VSS and digital VSS). The schematic
is shown in Fig. 61 and the layout of all the layers is presented in Fig. 62.

Table 2: PLL loop filter component values.

Name Value Name Value Name Value Name Value
R1 5.7 kQ R6 1.1 kQ R11 2 kQ C1 450 pF
R2 160$2 R7 2 k2 R12 2 k2 C2 450 pF
R3 2 kQ RS 2 kQ2 R13 2 kQ C3 600 pF
R4 2 k2 R9 9.1 kQ R14 1.2 k2 C4 600 pF
R5 2 kQ R10 3.05 kQ R15 12 k2 Ch 8 nF
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(b)
Fig. 62: PCB layout of a) the top and bottom layer B) the split power and

ground planes.
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