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Abstract

The high performance of present digital phase-locked loops makes it

the preferred choice for the generation of stable, low noise, tunable local

oscillators in wireless communications applications. Most transmitters

use superheterodyn techniques for up-conversion of the modulated signal

to the required transmission frequency. Another technique is to inject the

modulation signal into a phase-locked loop and consequently generate a

frequency modulated signal directly at the transmission frequency.

The aim of this study is to obtain a synthesizer configuration for the

effective generation of wideband FM, considering both passive and active

loop filters. The selection is based on synthesizer output signal quality,

settling time and loop response to the modulation signal.
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Opsomming

Die hoe werksverrigting van fase-sluit lusse maak dit die verkiesde keuse

vir die generasie van stabiele, lae ruis, verstelbare ossillators vir draad-

lose kommunikasie toepassings. Meeste senders gebruik "superhetero-

dyn" tegnieke vir die op-menging van die gemoduleerde sein na die ver-

langde uitsaai frekwensie. 'n Ander tegniek is om die modulasie sein in

'n fase-sluit Ius te voer en so doende 'n gemoduleerde sein direk by die

transmissie frekwensie te genereer.

Die doel van hierdie studie is om 'n sintetiseerder konfigurasie te verkry

vir die effektiewe opwekking van 'n wyeband FM sein, deur beide passiewe

en aktiewe Ius filters in konsiderasie te neem. Die seleksie geskiet gebaseer

op sintetiseerder uittree sein kwaliteit, sluit tyd en Ius gedrag as gevolg

van die modulasie sein.
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Nomenclature

AC

CW

dB

dBc

dBm

DC

ECCM

FM

FSK

GaAs

GHz

HF

Hz

IC

IF

kHz

Kcp

Kvco
LO

MHz

ms

N

- Alternating Current

- Continues Wave

- Decibel
- Decibel with respect to the Carrier

- Decibel with respect to a Milli-Watt

- Direct Current
- Electronic Counter Counter Measures

- Frequency Modulated / Frequency Modulation

- Frequency Shift-Key

- Galium Arsenide

- Giga-Hertz

- High Frequency

- Hertz

- Integrated Circuit
- Intermediate Frequency

- Kilo-Hertz
- Phase/Frequency Detector Gain

- Summation Network Gain

- Voltage-Controller Oscillator Gain

- Local Oscillator

- Mega-Hertz

- Milli-Seconds

- Feedback Division Ratio

VI
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Vll

n - Ohm

PFD - Phase/Frequency Detector

PLL - Phase-Locked Loop

rad - Radians

RF - Radio Frequency

RMS - Root Mean Square

(S/N) - Signal to Noise
UHF - Ultra High Frequency

us - Micro-Seconds

VCO - Voltage-Controlled Oscillator

VHF - Very High Frequency
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Introduction

A frequency synthesizer is a variable-frequency generator with crystal-controlled stabil-

ity. It is well known that crystal oscillators are superior to most other oscillators because

of their stability and low phase noise. Due to this fact, it is desirable to use crystal res-

onators in almost all single frequency oscillators. Unfortunately, crystal resonators do not

operate at very high frequencies and other methods have to be used for the generation of

stable carrier signals at these frequencies. Several choices are available for the generation

of high frequency carrier signals, such as dielectric resonator oscillators, cavity resonators,

YIG Oscillators, magnetrons and phase-locked loop frequency synthesizers.

Synthesizers are generally subequipment designed to provide one or several Continuous

Wave (CW) reference signals to the equipment or systems into which they are integrated.

These signals are used as local oscillators in receivers and often to up-convert Interme-

diate Frequency (IF) signals before transmission (communication, radars, etc.). Modern

equipment and systems operate at not only one single frequency, but rather over a fre-

quency range, thus requiring sources with several output frequencies. These frequencies

are generally equally spaced within the overall bandwidth of the equipment and frequency

selection must be made easily and accurately [1].

Although most transmitters use a superheterodyn technique to up-convert the modu-

lated signal to the wanted transmission frequency, this requires additional amplifiers to

compensate for mixer insertion loss and filters to suppress mixer images. Another tech-

nique is to generate the modulated signal directly at the wanted transmission frequency.

This can be done by using a synthesizer locked on the wanted transmission frequency and

combining the modulation signal with the Voltage-Controlled Oscillator (VCO) control

signal prior to applying it to the VCO.

1
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The aim of this study is to investigate the use of different synthesizer configurations

for the purpose of generating wideband Frequency Modulated (FM) signals at E+ F band

(2.45 GHz) while also examining the effect of the modulation signal on synthesizer per-

formance. To incorporate most synthesizer configurations in the study, both passive and

active loop filter configurations (Loop filters containing amplifiers as well as a charge pump

circuit) will be considered. The key synthesizer features investigated include settling time,

yeO modulation response, reference suppression, cost and ease of implementation.

The investigation starts with an overview of synthesizers with the purpose of deriving

the general loop equation. This is followed by the global synthesizer design containing

all loop parameters choices. Thereafter the various components composing the synthe-

sizer are considered and designed. A theoretical analysis is performed on the synthesizer

configurations considered, followed by validation in the form of practical measurements.

The final chapter contains a theoretical comparison of the synthesizer types leading to

the final conclusion.

With this study all the necessary groundwork for the design of synthesizers will be

presented with numerous synthesizer characteristics theoretically analyzed and practically

verified.
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Synthesizer Specifications

Although the focus of the study is to investigate the response of the synthesizer to

a modulation signal, certain design requirements must be established. The following

specifications will be used during the design:

Output Frequency:

Maximum Modulation Frequency:

Settling Time:

Phase Noise:

Reference Signal Suppression:

2.45 GHz

50 MHz

500 us
-55 dBc @ 10kHz

-35 dBc

As some of the synthesizer configurations considered in the study will not be able

to achieve these specifications (due to component availability limitations), these design

requirements will not be imposed during practical evaluation.

3
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Chapter 1

Synthesizer Architectures

There are two basic approaches to frequency synthesis, namely direct and indirect

synthesis.

Direct Analogue Synthesis: This is the oldest type of synthesis used to generate high

frequency signals. The output signal is derived by combining multiple crystal-controlled

oscillator outputs or a single stable frequency source with multiple divider/comb-generator

sections [2J.

The simplest way to design a synthesizer, i.e. a device that generates many frequencies

from one or several reference sources, is to use a combination of sources with their outputs

being selected be means of a switch. Various combinations are digitally switched in,

and the unwanted subharmonics and other spurious frequencies are filtered out. The

sources can be stable microwave oscillators using dielectric resonators, or HF, VHF or

UHF oscillators using crystal resonators, etc. This type of device remains convenient only

when a low number of frequencies are required, since size and cost increase linearly with

required frequencies. The main advantage of direct incoherent synthesis is good flexibility

due to the fact that the sources utilized in the synthesizer are independent so their number

is chosen to define the number of frequencies required [IJ.

Unfortunately it is only possible to generate Frequency Shift-Key (FSK) modulation

with this type of synthesizer unless a large number of frequency sources are used which is

impractical. Another type of direct synthesizer is to use a digital-to-analog converter to

digitally generate a sinusoidal waveform. This technique also proves to be very effective,

4
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but the technology does not exist at the present moment to digitally produce signals di-

rectly at S-band.

Indirect synthesis: This approach relies on a spectrally pure yeO and programmable

Phase-Locked Loop (PLL) circuitry. While slower and susceptible to noise on the yeO

control line, the indirect frequency synthesis method is less expensive, requires much less

filtering, and offers greater output power with lower spurious subharmonics [2].

Although susceptibility of FM noise on the yeO is seen in a negative light, this suscepti-

bility can also be used for the generation of a FM signal. This can be done by intentionally

superimposing the modulation signal onto the yeO control line of a synthesizer locked

onto the wanted transmission frequency. This will generate a wideband modulated signal

at the wanted transmission frequency only if the modulation frequency is higher than the

loop bandwidth, otherwise the synthesizer will compensate for the disturbance to keep

the output frequency stable.

The following section provides an overview of the basic synthesizer concepts necessary to

thoroughly understand this study. This section is intended as background, but is necessary

to comprehend advanced synthesizer concepts presented in subsequent chapters.
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Chapter 2

General Synthesizer Loop Equations

INTRODUCTION

For the effective design of synthesizers a thorough understanding of synthesizer func-

tionality is required. Since feedback is used to acquire and maintain phase-lock, control

system theory is required for synthesizer analysis. Figure 2.1 shows a conventional PLL

used for directly generating a FM signal at the wanted transmission frequency.

The loop has the advantage of being adaptable to frequency agile systems in military

equipment for the purpose of Electronic Counter Counter Measures (ECCM), by changing

the loop division ratio in a pseudo-random mode. Such a system promotes the desirability

of using a super-heterodyne receiver system since the Local Oscillator (LO) in the receiver

can be a duplicate of the transmitter loop, with the rec~iver loop division ratio so chosen

as to maintain a constant IF on any channel.

VCO RF. Output
+ ----@---t"----

Feedback
Input

'------i 7 N f-----'

Figure 2.1: Synthesizer Block-Diagram

6
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In the closed-loop system of figure 2.1, veo deviation decrease substantially for mod-

ulation frequencies (or "disturbance" frequencies) below the loop bandwidth, thus con-

straining the modulation frequency range to frequencies above the loop bandwidth [3].

Using this characteristic, the loop's operation can be divided into two frequency domains

depending on the frequency inside the loop. The synthesizer will compensate for distur-

bances of frequencies below the loop bandwidth, while disturbances of frequencies above

the loop bandwidth will produce modulation of the yeo.

Another aspect to consider is the choice of phase/frequency detector (PFD); namely, a

conventional voltage PFD or charge pump PFD. Unlike the voltage PFD, a charge pump

produces current pulses with an average value proportional to the phase error. The charge

pump PLL offers many advantages over the classical voltage PFD PLL including a zero

steady state phase error. It also allows one to use a passive filter and still have many of

the benefits of using an active filter with the voltage PFD [4].

The final synthesizer parameter to select is the type and order of loop filter. Rohde [4]

states that although the third-order loop using a conventional PFD is initially more diffi-

cult to treat mathematically, it will give rise to better reference signal suppression, faster

settling times and is better reproducible than second-order loops. This is due to the fact

that there is always stray capacitance in the circuit that can be incorporated into the

third-order loop where this is not always possible with a second-order loop. To comple-

ment this, Banerjee [5] suggests a fourth-order loop using a charge pump PFD.

To be able to find the best solution, second, third and fourth-order loops will be analyzed

with the fourth-order loop using a charge pump PFD. The first step in the design of a

frequency synthesizer is to establish the general loop equations.

2.1 General Loop Equations

In this section all the general loop equations are derived from first principles in order

to provide the reader with a better understanding of the inner workings of a frequency

synthesizer. Assuming the phase detector as a linear multiplier network and ignoring the

summation product, the phase detector output signal is determined as:
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(2.1 )

with

ei(t) = Wi(t) + ei
eO(t) = WO(t) + eo
Kd = Phase Detector Gain

where Wi(t) and ei are the frequency and initial phase of the reference input respectively,

while wo(t) and eo are the frequency and initial phase of the VCO output signal divided

by the feedback division ratio N. For small phase errors, the phase detector operation can

be approximated as linear, thus

(2.2)

The output frequency of the VCO is now given by

(2.3)

where

Kvco = VCO Deviation Constant in Rad/s/Volt

1I;;(t) = VCO Control Voltage

wOf = Free Running VCO Frequency

Substituting for 1I;;(t),

(2.4)

VCO

KvcoJ----~ ~--------
S

RF.Output

Figure 2.2: Synthesizer Block-Diagram
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where

Vm(t) = Modulating signal

F (s ) = LaPlace Representation of Filter

B(t) = Bi(t) - Bo(t) = Loop Phase Error

Ksum = Amplification Factor of Summation Network

The factor Ksum is the amplification factor of the summation network with which only the

loop filter output signal is amplified. This factor is inserted to accommodate the situation

when the veo control voltage is higher than the maximum output voltage of the loop

filter or when higher loop gain is required. Now, since

differentiating gives,

Substituting for wvco(t) into (2.4) yields,

(2.5)

where,

By now letting,

leading to,

w(t) = a(t) - KF(s)B(t) _ Kvco:m(t) (2.6)

Substituting w (t) = d~~t) yields the loop equation as a first-order differential equation:

dB(t) + KF(s)B(t) = a(t) _ KvcoVm(t)
dt N

(2.7)
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s».Output

Figure 2.3: Equivalent Laplace Loop Configuration

This equation can be misleading due to the use of both time domain and frequency do-

main terms, and is simplified if the equation is transformed to the frequency domain using

Laplace. Analysis of the block-diagram of figure 2.3 yields:

By now following the same procedure, this equation simplifies to:

( ) ( ) () K vco Vm ( S )
W S = a s - KF(s)e s - N (2.9)

This is the Laplace transform of equation (2.7) and describes the loop phase error taking

all loop parameters into account. Further general properties of the loop can be obtained

from the block-diagram of figure 2.3 as follows:

Vc(s) = KsumVF(s) + Vm(s)
= KsumKdF(S)e(S) + Vm(s)

(2.10)

This equation can be normalized by taking into account that,

Assuming the initial phase shifts to be zero (()i = ()o = 0) and the YCO free running

frequency wo~(s) to equal the input reference frequency Wi(S),

(2.11)
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Equation (2.10) now simplifies to:

from which the relationship is obtained,

Vc(s) S
Vm(s) s+KF(s)

(2.12)

This equation describes the effect a modulation signal will have on the yeO control volt-

age and thus also the amount of modulation produced by the yeo. A similar calculation

is performed to show the relationship between VF and Vm. From the block-diagram of

figure 2.3:

yielding,

(k)F(s)
s+KF(s)

(2.13)

The above equation describes the loop filter output signal as a function of the modulation

signal. Using a similar technique to obtain an equation for the phase error due to the

modulation (from (2.11)):

(}(s) KvcoVc(s)
Ns

(K
vco)- Ns (KsumVF(S) + Vm(s))

- (~:o) (KsumKdF(S)e(s) + Vm(s))

leading to,

{}(s ) 1 [ I{ vco 1
Vm(s) = - N s + KF(s) (2.14)

In all the above equations, the loop response both during normal operation and due to

the modulation signal are modeled. As these are general equations, they apply for all

loop filter orders and synthesizer configurations.
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2.2 System Noise Performance

Apart from the general system performance as described by the loop equation, generated

noise by all system components contributes significantly to the design and performance

of the system. It is thus logical to use low noise components as far as possible and to

isolated components to limit cross-interference. The following sections provide a slight

overview of the leading causes of system noise.

2.2.1 Phase Noise Characteristics of Amplifiers

To minimize the effect of loading on the veo, it is imperative to buffer the veo
output with an isolation amplifier. In doing so, the phase noise of the system is degraded

due to the noise contribution of the amplifier. Most practical transistors have various

internal noise sources to contend with. One of the more significant noise contributors is

flicker noise, which depends on the active device used. The cause of flicker noise is low-

frequency device noise modulating the phase of the passing signal through modulation

of the transconductance, and thus the input and output impedances of the device [4].

Minimization of this noise contributing effect is performed by selection of the correct

amplifier for the frequency range and application [3].

2.2.2 Phase Noise Characteristics of Dividers

Usually the phase noise contribution by a divider is to reduce the noise by a factor equal

to the feedback division ratio N. This very desirable characteristic can be used to reduce

the phase noise of the reference oscillator where a clean reference signal is required.

2.2.3 Reference Oscillator Phase Noise

Selection of a reference oscillator is fairly simple, the lower the phase noise the better.

The reason being that the synthesizer has the effect whereby the reference signal is mul-

tiplied to produce the output signal, together with the reference phase noise. In other

words, for a synthesizer with an output frequency 1000 times higher than the reference

frequency, the phase noise of the output signal will be 60 dB higher than the reference
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signal phase noise [4]. To thus produce as clean an output signal as possible, a reference

signal with minimal phase noise is required.

Due to the complexity of a synthesizer, every parameter choice has both positive and

negative effects on the system. The next chapter will highlight most of the considerations

for choosing loop parameters as well as the effect the choice has on other loop variables.
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Chapter 3

Synthesizer Parameter Considerations

INTRODUCTION

In the design of an application specific synthesizer the choice of loop parameters (Loop

Bandwidth, Damping Ratio, Loop Gain, Division Ratio's etc.) are essential for optimum

performance. There are a variety of factors to be taken into account in the selection of

these parameters as most have hidden adverse effects on loop performance. A few of these

aspects are discussed below.

3.1 Factors Influencing Loop Parameters Choices

3.1.1 Phase Detector Type

There is a large variety of phase detectors available, each having its own advantages

above the rest. Amongst these, two very distinct phase detectors are obtained, namely the

edge-triggered JK master/slave flip-flop phase/frequency detector and an active integrator

comparator commonly referred to as a charge pump phase/frequency detector. The output

current of a charge pump circuit is of constant amplitude and variable duty cycle that

can be modeled as a current source with an average output current proportional to the

phase error.

To obtain a perspective of the effect phase detector types have on synthesizer perfor-

mance, both voltage PFD and charge pump detectors will be investigated. The voltage

PFD is implemented using a PLL synthesizer Ie. To test the effects of the charge pump

14
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detector, an external charge pump circuit is connected to the same PLL IC producing the

required current pulses.

3.1.2 Loop Bandwidth

As with all synthesizer parameters, there are many factors to be considered during the

choice of the loop bandwidth, with the primary determining factors being the comparison

frequency as well as the synthesizer settling time. Banerjee [5] states that the discrete

sampling effect of the phase detector will not effect settling time, provided the comparison

frequency is large (x 10) compared to the loop bandwidth. On the other hand, too Iowa

loop bandwidth will cause unrealistic settling times.

Usually the most important factors to consider when choosing the loop bandwidth is

settling time and required reference suppression. With the loop bandwidth too narrow,

increased reference suppression will be achieved but at the cost of longer settling times.

For this application the most important considerations will be the synthesizer settling

time and minimum modulation frequency. The loop bandwidth must be chosen, bearing

in mind that the loop tracks phase changes at rates below the loop bandwidth, and ignores

those occurring at rates above the loop bandwidth.

3.1.3 Damping Ratio

The damping in a phase locked loop can be independently chosen and set at any de-

sired value provided the system is of third-order or higher. The damping determines the

response of the loop to step changes of frequency, as well as the settling times after such

a step. Most practical applications utilize critical or over-damping.

3.1.4 Loop Gain

It is important to keep the steady-state phase error small, therefore requiring a high

DC loop gain [4]. Du Plooy [3] showed that a loop tracking improvement of 4% will be

achieved for loop gains of more than ten times the loop bandwidth. In cases where the

loop gain is too low, an amplifier can be used to increase the gain which can make the

loop noisy and eventually even unstable [4]. Too high a loop gain must also be avoided
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as this will lead to saturation of loop components. In most practical applications, it is

possible to have a loop gain higher than the loop bandwidth by a factor of up to 106 [3].

During the selection of a veo, it is desirable to keep the veo gain as low as possible

to reduce spurious responses. This is because of spurious signals coupling onto the high

impedance veo control line [4].

3.1.5 Loop Division Ratio

Although loop division ratio directly affects loop gain, these subjects can be treated

as being independent since any change in N can be compensated for by varying the gain

for other loop components. Du Plooy [3] stated that as the phase error is a function of

,6. (frequency deviation of the veo at the phase detector input) when the loop division

ratio is changed, it is desirable to keep ,6. small and thus to keep N at a relatively high

value.

3.1.6 Noise in a Phase-Locked System

This section discusses the influence of the noise generated by the synthesizer components

on the output noise. For simplicity, the block-diagram of figure 3.1 will be considered.

From this diagram the following derivations are made:

G(s) = K¢KvcoZ(s)
s

1H(s) = -
N

where Z(s) is the transfer function of the loop filter. From this, the transfer functions

multiplying the various noise sources is derived and shown in Table 3.l. In other words,

if a noise source is introduced at the source labeled in Table 3.1, the noise is multiplied

to the system output by the corresponding transfer function. The reference noise has a

factor of ~ multiplying it while the phase detector noise has a multiplication factor of i</>·

From the table it should be apparent that the phase detector noise, N divider noise, R

divider noise, and the crystal noise all contain a common factor in their transfer functions:

G(s)
1+ G(s)H(s)
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Table 3.1: PLL Noise Source Transfer Functions

Source (Rs) Transfer Function
Reference 1 G(s)

Ii l+G(s)H(s_l

R Divider U(s~
l+G(s)H(s)

Phase Detector 1 G(s)
K& l+G(s)H(s)

veo l+G(s)H(s)

N Divider O(s)
l+G(s)H(s)

For this reason, all of these noise sources will be referred to as in band noise sources. It

should be noted that the veo noise is not included in this group which means that the

veo noise contributes the most noise outside the loop bandwidth.

Banerjee [5] stated that decreasing the loop bandwidth will reduce the RMS phase

error. This is true, but only to a point. Within the loop bandwidth, the dominant noise

source is the PLL (everything except for the VeO), while outside the loop bandwidth,

the dominant noise source is the yeo. Decreasing the loop bandwidth beyond the point

where the PLL noise equals the veo noise, the phase error starts to increase. The loop

bandwidth must thus be chosen in such a way that the PLL noise equals the yeO noise

at the specific point of operation to achieve optimal RMS phase error [5].

For locking purposes, the effect of noise in this type of loop can be ignored if the veo
is designed to produce appreciable output power, and thus a high signal to noise ratio [3].

Noise in the loop is not troublesome if the veo signal/noise ratio exceeds as little as

10 dB. Gardner [6] states that satisfactory loop operation can be obtained for phase

detector input signals with a signal-to-noise ratio not less than 6 dB. The veo signal

to noise (S/N) ratio is required to be substantial, since spectral purity of the RF output

signal is required for transmission purposes [3].

: RF. Output

. .._ - - - - - - - - - - - - - - - - - - - - - - - - - - ..

Figure 3.1: Simplified Block-Diagram of Synthesizer
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3.1. 7 Choice of Comparison Frequency

From the above considerations, it becomes apparent that the correct choice of com-

parison frequency is essential for obtaining the required loop performance. In order to

achieve high frequency resolution, the comparison frequency must be small, correspond-

ing to small frequency step sizes. To ensure loop stability the loop bandwidth must be

smaller than the comparison frequency [4]. Therefore, a low comparison frequency will

result in slow frequency jump capabilities.

Aside from loop dynamic variations, noise also depends on the selection of the compar-

ison frequency. Since the synthesizer functions as a low-pass filter for reference oscillator

and phase detector noise, but as a high-pass filter for yeO noise, the yeO noise contri-

bution to the system can be minimized by using a wide bandwidth synthesizer. At the

same time, the loop bandwidth should be less than the reference frequency to minimize

reference and phase detector noise [4].

Therefore, the desire to have a low comparison frequency to obtain fine frequency

resolution is offset by the need to have a high comparison frequency to reduce loop settling

time and the noise contributed by the yeo.

During the design, settling time can be manipulated by varying the loop bandwidth,

whereas the frequency resolution and system output phase noise is fixed once the compar-

ison frequency is chosen. As there is no frequency resolution requirement, the phase noise

specification is the determining factor on the choice of minimum comparison frequency.

Phase noise inside the bandwidth of the system is primarily dominated by either the

reference oscillator or phase detector. On average, both components produce phase noise

levels of -150 dBc/Hz @ 10kHz. Assuming the dominating component to produce a noise

level of -140 dBc/Hz @ 10kHz, the allowable phase noise degradation with respect to the

system phase noise specification is 85 dB. Thus, to produce the specified phase noise

level with above considerations, the noise multiplication factor can be calculated, and

thus also the minimum comparison frequency. By calculating the ratio of the degradation

and dividing the output frequency with this factor leads to a minimum reference frequency

of 138 kHz.
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3.1.8 Reference Sidebands

In the design of PLL frequency synthesizers, a significant role is performed by spurious

outputs and reference sidebands. These reference sidebands and spurious outputs can be

caused in a myriad of ways, but the most common spurious responses encountered are the

reference sidebands. The type of PFD, order of loop filter and loop bandwidth determines

the amount of comparison frequency attenuation and thus the reference suppression.

For charge pump circuits these spurious signals are primarily caused by mismatches

and leakage in the charge pump [5]. The leakage and mismatch in the charge pump

leads to an AC modulated VCO control signal causing FM modulation of the output

signal. Mismatch tends to dominate at high comparison frequencies while leakage tends

to dominate at low comparison frequencies. The end result of mismatch and leakage is

reference sidebands appearing on the output spectrum at multiples of the comparison

frequency [5]. Much can be done to eliminate reference sideband problems, such as using

the highest current mode, using a VCO with a lower gain and lower leakage, designing a

higher order loop filter, and adding a notch filter to the loop filter [5].

Leakage Related Spurious Signals

As mentioned before, leakage effects are the dominant cause of reference sidebands

at low comparison frequencies. In the locked condition of the PLL, the charge pump

will generate short current pulses with long periods in between, during which the charge

pump is in a high impedance state. During the high impedance state, the charge pump

will ideally have an infinite impedance. This is in fact not the case with practical charge

pumps and some leakage will occur.

Charge pumps are unfortunately not the only component with leakage. VCO, filter

capacitors and sometimes even the board used contributes to leakage. To guard against

leakage not due to the PLL loop filter, components must be placed far apart, capacitors

used with low leakage properties and low leakage VCOs used.

To be able to predict spurious levels, the assumption is made that leakage is caused by the

charge pump leakage alone, thus not taking charge pump mismatch into account. Through

this assumption, the spurious levels can be predicted using the following equation [5]:
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(3.1)

Mismatch Related Spurious Signals (Charge Pump Systems)

Reference sideband modeling with only leakage current is usually inadequate. The other

contributor is charge pump mismatch that occurs when the current sunk by the charge

pump does not equal the current delivered. This mismatch is defined as follows:

Mismatch(%) = 200% (Isource - ISink)
Isource + Isink

It is interesting to note that optimal performance is not achieved at 0% mismatch. The

reason being that turn-on times are longer for PNP (source) device than for NPN (sink)

devices. Due to turn-on times, PNP devices must source longer to keep a net zero current

flow. Leakage current is also usually sinking current, meaning that the PNP device must

source even longer. Through empirical measurements done by Banerjee [5], it was found

that optimal performance is obtained with a +4% mismatch.

As mismatch is also dependent on YCO control voltage, there will be a certain frequency

at which optimal spurious performance is achieved. Banerjee determined that over a

YCO frequency range, mismatch can vary with 24.6%, yielding spurious level variations

of 13.2 dB.

3.1.9 Non-Reference Spurious Signals

Besides reference sidebands, many other spurious responses can also occur. The follow-

ing section describes a few measures to eliminate some spurious signals.

Electromagnetic Interference

Circuit layout is critical for obtaining optimum synthesizer performance. Care must be

taken to avoid creating wire loops susceptible to magnetic coupling, as this will produce

spurious signals on the synthesizer output. Should it not be possible to circumvent using
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a loop, the area inside the loop must be minimized. Coupling can also lead to increased

reference sidebands if care is not taken during the layout and power supply filtering. To

minimize coupling, all connection wires must be as close to a ground plane as possible.

An aspect usually overlooked is common impedance coupling, mostly observed on power

supplying lines. This is the effect where current drawn by one component causes a voltage

drop on the power line that can influence other components connected further along the

same supply line. To avoid this effect, the power to every component must be provided

with its own separate power line.

Where possible, it is advisable to use coaxial cable to connect signals between compo-

nents. Impedance matching between components is essential, as mismatches will result in

reflected signals in coaxial lines that can cause standing waves and increased radiation.

Power Line Decoupling

Power line decoupling is one of the most important principles when constructing any

circuit. In most systems, the only "unscreened" connection between components are

power lines by which signals can couple into other components in the system. Power line

decoupling or filtering is performed by inserting a series inductor and parallel capacitors

to ground. Most manufacturers suggest placing decoupling capacitors as close to all PLL

components as possible. Ferrite beads can also be used and are effective over the frequency

range 0.01 - 1000 MHz. For sensitive equipment with low bias current components, a small

resistor can also be placed in series with the power line to obtain additional power line

noise suppression.

Now that most loop considerations and physical layout have been discussed, the next

step is to obtain the required synthesizer components. The first subject to be examined

is the selection of the pres caler and synthesizer IC.
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Chapter 4

Prescaler and Synthesizer LC Selection

INTRODUCTION

This section explores the selection of the PLL lC and Prescaler to be used in all the

system configurations. The requirement for design flexibility and experience, is to incor-

porate an external prescaler into the feedback path.

In the microwave field, halvers are generally used as prescalers [7, 8]. These dividers

are based on flip-flop designs, thus producing an output frequency equal to the input

frequency divided by 2N where N is the number of divider stages. Generally two types of

materials are used to manufacture dividers, namely silicon and gallium arsenide (GaAs).

Due to their higher electron mobility and higher maximum speed, GaAs dividers are being

used more frequently [1].

4.1 Selection of the Synthesizer Ie and Prescaler

The interdependence of the prescaler and PLL Ie makes it desirable to select both at the

same time. Due to specifications and limited product ranges of prescalers, obtaining the

correct prescaler for an application can be difficult. Due to the nature of the synthesizer

output frequency, quite a selection of prescalers are available. Factors considered with

the selection process is prescaler input power range, input and output impedance, output

power and required supply voltage.

Figure 4.1 shows the block-diagram representation of a typical PLL LC with the synthe-

sizer components integrated into the l'C shown in figure 4.2. As with the prescaler, quite

22
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Figure 4.1: Block-Diagram of PLL Ie

RF. Output

Feedback L - • - - - - - - - - ,

Input
'------I + N f---__j

Figure 4.2: Synthesizer Block-Diagram

a variety of suitable PLL Ies are available. The general criteria used for selecting a PLL

Ie are as follows:

Input Frequency Range - The range of input frequencies must comply

with the lowest and highest required veo

output frequencies divided by the prescaler.

- Sensitivity must be compatible with the prescaler

output level.

- Serial or parallel programming interface.

- Preferably comply with existing system voltages.

- Is the PFD type and specifications as desired.

Input sensitivity

Programming of Ie

Supply Voltage

Phase/Frequency Detector Type
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- Is the wanted comparison frequency achievable with

the divider ranges available. This is coupled with

the maximum obtainable comparison frequency.

Phase Noise Floor of PFD - Is the phase noise specifications achievable with

the PFD noise floor.

Divider Ranges

Supply Current - Excessive current consumption may result in

non-conformance to power specifications.
Packaging - Does the package comply with requirements.

Oscillator Frequency - If an on-board reference oscillator is available, can

the oscillator function at the required reference

frequency.

Ease of implementation, low cost and availability led to the choice of the Motorola

MC145170 PLL Synthesizer IC (refer to appendix J for the datasheet). This IC has the

added advantage of having an internal reference oscillator that only requires the mounting

of an external crystal. As the IC has a reference frequency divider, the choice of reference

frequency is more dependent on the availability and implementation ease of the reference

oscillator. For this application, both an external oscillator and the internal oscillator of

the IC was used to investigate the influence of this component. As an output frequency

of 2.45 GHz is required, a reference frequency of 10 MHz is chosen which could easily

be divided into almost any comparison frequency. The IC also has a three-state output

as well as double-ended PFD output. The former will be used for the realization of the

voltage PFD circuit while the latter is ideal for interfacing to the external charge pump

circuit.

Along with the PLL IC, the NEC UPB1506 ..;.-64prescaler is selected to keep the value

of N as large as possible to avoid large loop gain variations during frequency hopping.

Verification of prescaler functionality is essential prior to integration with the system.

Although the device datasheets specify a minimum input power, the measurements

performed do not necessarily apply to this specific application condition as physical layout

can effect performance. Minimum input power measurements were performed, verifying

operation for signal levels above -21 dBm.
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For the same reasons mentioned above, the output power of the prescaler should be

measured. The output power for an input signal strength of -10 dBm is obtained as

-10.4 dBm. To show the interaction between the prescaler and the PLL synthesizer Ie

specifications, a summation block-diagram is shown in figure 4.3.

From figure 4.3 it is apparent that the pres caler was designed for driving sensitive high

impedance « 2 kD) components such as high speed comparitors. Instead of using costly

high frequency comparitors, a more elegant solution is obtained by using a transistor

amplifier for both amplification and level translation. Although saturation of the amplifier

effects the signal amplitude, it does not however influence the feedback signal frequency

and the functionality of the system. The amplifier however introduces noise into the

system as well as a phase delay in the feedback path, with the latter being compensated

for by the synthesizer.

2.45GHz
- 3GHz

INPUT

-15dBm min

1.2Vp-p min 1------1 25-185MHz
Low level
1.B5V max

MC145170

3828125MHz

UPB1508GV

INPUT OUTPUT

1.6Vp.p tvp

+6dBm max
High level
3.85V min

Figure 4.3: Interface diagram between Prescaler and Synthesizer Ie

Division Ratio

To accommodate the high input frequency from the veo, the +64 prescaler is used

to lower the veo frequency within the operational frequency range of the PLL Ie. A

Matlab program was used to determined the comparison frequency using the selected

system frequencies. The optimum divider ratios were calculated as R=64 and N=245

leading to a comparison frequency of 156.25 kHz.

Now that all the system operating frequencies are known, the design and realization

of the loop components can commence. The first component considered is the reference

oscillator.
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Chapter 5

Reference Oscillator

INTRODUCTION

For this study, low phase noise design is not the focus and only some low noise refer-

ence oscillator considerations will be discussed. Crystal oscillators in general are easy to

construct when temperature effect, load pulling, oscillator pushing and phase noise are of

a lesser concern. If synthesizer output phase noise is a vital design parameter, great care

must be taken to achieve low reference phase noise due to the multiplication effect of the

reference oscillator phase noise.

Along with the reference oscillator designed in this section, an on-chip reference oscillator

is also available. For interest sake, the effect of the on-chip reference oscillator on the

output phase noise will be observed by interchanging the reference oscillators.

As in most systems, communication systems frequency stability coupled with low phase

noise is of great importance. The following effects play an important role in the frequency

stability of an oscillator:

• Temperature Variations
• Q of Resonator
• Transistor
• Loading of the Oscillator
• Biasing Network
• Biasing Voltage Variations

Due to the high cost of oven controlled oscillators compared to temperature compensated

oscillators, frequently the latter are used as references for frequency synthesizers. In

26
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Appendix C a brief discussion is presented about basic oscillator theory, crystal resonators

and the choice of active component as it applies to crystal oscillators.

For increased oscillator frequency stability, the influence of the transistor should be min-

imized. This is performed by the addition of external capacitors to the input and output

of the transistor, thereby virtually eliminating the effect of the transistor capacitances. In

order to minimize oscillator components, it is desirable to use transistors with low input

and output capacitances [9].

For this application the only specification placed on the reference oscillator is an oscil-

lating frequency of 10MHz and noise levels lower than -140 dBc/Hz @ 10 kHz. The latter

specification can not be measured by using a spectrum analyzer and special techniques

such as the two- or three- oscillator measurement methods are required. These methods

require specialized equipment which is not readily available.

Due to the lenient noise specification, a general purpose transistor is used as an ac-

tive element. The transistor selected for the oscillator is the Motorola 2N3904 NPN

transistor with a cut-off frequency (it) of 200 MHz and input and output capacitance of

4 pF and 8 pF respectively.

5.1 Design of Crystal Oscillators

A Critical element for the design of a crystal oscillator is the choice of oscillator configu-

ration. The three oscillator configurations considered are the Colpitts-, Clapp- and Pierce

configurations. For the Colpitts configuration the biasing resistors are across the crystal

and degrade performance at low frequencies. This configuration is also more susceptible

to squegging (squegging is the term used when random oscillation occur with "dead zones"

between the oscillations). If a choke is used to supply the DC voltage to the transistor

of a Clapp oscillator, spurious oscillations can occur. The best solution is to only use

a resistor for the biasing, or to use a large resistor in series with the inductor. This

characteristic makes the Clapp oscillator undesirable for low supply voltages. The Pierce

oscillator is generally the simplest to design, whilst the Colpitts is the most difficult. Fre-

quency stability of the Pierce oscillator generally ranges from 0.0002 to 0.0005 percent

worse than the stability of the crystal alone. The Clapp oscillator is slightly inferior to
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Figure 5.1: Pierce Oscillator Configuration

the Pierce oscillator and the Colpitts oscillator is slightly inferior to the Clapp oscillator

in this respect [9]. The Pierce oscillator configuration (shown in figure 5.1) is used for the

discrete oscillator design because of its superior frequency stability and ease of design.

5.2 On-Board Oscillator

For the on-board oscillator (oscillator contained in PLL synthesizer IC) only a crystal,

shunt resistor and capacitors should be added to the IC circuitry. Unlike most receiver

IC's using a Colpitts oscillator configuration, the on-board oscillator uses a Pierce config-

uration. Unfortunately the on-board oscillator is not discussed in detail in the datasheets

and no information is available on its functionality or performance predictions. The only

evaluation possible between the designed and on-board oscillators is a comparison of the

output phase noise when switching between the oscillators.

5.3 Discrete Oscillator

The application notes of the synthesizer IC recommends that the input from the oscilla-

tor be terminated with a 50 n parallel resistor, therefore it is required that the oscillator

must be designed for a loading impedance of 50 n.

For the oscillator to drive the IC, a signal level of 1 Vp_p is required. The signal level

produced when connected to the IC does not meet this specification due to the low IC

input impedance. This is easily rectified by inserting a buffer amplifier that also acts as

an isolation amplifier, therefore countering oscillator pulling.
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Figure 5.2: Pierce Oscillator Configuration

The final oscillator coupled with the buffer amplifier is shown in figure 5.2. The simula-

tion program Pspice predicted the practical performance of the oscillator very accurately.

With the reference oscillator, prescaler and PLL IC obtained, the next component to be

considered is the VCO unit.
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Chapter 6

Voltage-Controlled Oscillator

INTRODUCTION

As with all electronic oscillators, frequency stability and waveform purity are critical

design considerations in microwave oscillators for achieving the best performance. In order

to achieve the best performance, the frequency-determining element, the "resonator", must

be of a form and material that isolate it as much as possible from the deleterious effects

of its environment. Further it must have electrical characteristics of frequency selectivity,

both in magnitude and phase that are the ultimate for its form [10].

Examination of the oscillator circuit reveals that the ideal design procedure is to divide

the oscillator into two elements namely the active circuit and the resonator circuit. The

active circuit includes the device and its embedment either in the transmission form or

reflection form of oscillator. The resonator circuit includes any mechanical and electronic

tuning, coupling to the output port and coupling to the active circuit. In other words, a

division plane is created between the resonator circuit and active circuit.

Conditions for oscillation at this dividing plane or planes between the elements are then

obtained followed by the design of the two elements. The active and resonator elements are

designed to fit the oscillation conditions only at the division plane. This division between

the two parts of the oscillator then becomes the physical coupling plane or planes in the

practical realization of the actual oscillator. During design and testing any unwanted gain

regions of the amplifier as well as spurious resonances in the resonator can be found and

eliminated [11].

30
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Selection of Voltage-Controller Oscillator

Generally, selection of a VCO is primarily performed based on the following considera-

tions:

• Frequency range required

• Output power required

• Frequency tuning linearity

• Low VCO gain to minimize spurious responses

• Low phase noise

• Low VCO pulling and pushing

• Power output linearity

• Load impedance
• Input capacitance as low as possible

The characteristics focused on for the selection of this VCO is the frequency range,

VCO gain, phase noise and frequency tuning linearity. For this application, VCO gain

is important because this will determine the amount of FM deviation for the applied

modulation signal. Considerations to be kept in mind for the VCO gain selection is the

modulation signal amplitude as well as the amount of modulation due to the control signal

reference frequency component. A general rule of thumb is to keep the VCO gain as low

as possible to minimize reference sidebands. Frequency tuning linearity causes variation

of the loop gain and should also be minimized.

Due to the limited manufactures of VCOs, selection is limited to a few product lines

adhering to the frequency range requirements. Of these most are designed for high VCO

gain and are not suitable for this application. Availability and phase noise considerations

were utilized during the final selection process.

The VCO selected is the V804ME03 from Z-Communications with a frequency range

of 2230-2570 MHz and average power output of 5.5 dBm. It is also specified to produce

phase noise of -91 dBc/Hz @ 10 kHz and exhibits low pulling and pushing characteristics.

As two output ports are not provided by the VCO unit, a power splitter is required.
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Chapter 7

Hybrid Coupler

Various methods exist to achieve division of output signal; using an amplifier buffer,

resistive splitter or hybrid coupler. Constructing an amplifier buffer requires active devices

and matching networks in the feedback path which can contribute to the system noise.

The simplest method of achieving the divider action is to design a resistive splitting

network or 3 dB hybrid coupler. To obtain design experience the hybrid coupler option

was opted for. The basic layout of a micros trip hybrid coupler is shown in figure 7.1.

Analysis of this coupler is performed using symmetry planes that correspond to either

electric or magnetic walls [12]. Using different excitations the following equations are

obtained:

Yc
1 11.-__ --, .....,,,--I 2

Y2 Y2 d2

._------ ---- --------------+-------------- ---- ------~~

4 ~1 ~ ~------~----~13
Y1

Figure 7.1: Hybrid Coupler Block-diagram
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}:: - jY1 tl - jY2 t2
Ye + jY1t1 + jY2t2
Yeti + jYl - jY2t2t1
Yeti - jY1 + jY2t2t1
Yet2 - jY1t1t2 + jY2
Yet2 + jY1t1t2 - jY2
Yet1t2 + jY1t2 + jY2t1

fd =
Yct1t2 - jY1t2 - jY2t1

where t1 = tan()l = tan/31d1 and t2 = tan()2 = tan/32d2, and Yc, Y1, Y2 are the characteristic

admittance of the input line, the through line, and the branch line as shown in figure 7.1.

Collin [12] states that the 8-parameters of the coupler are given by:

S11
(I'a + I', + I', + I'd)

4

S12 S21 =
(fa - Tb + I'e - Td)

4

S13 S31 =
(fa - I'b - I'e + T d)

4

S14 S41 =
(fa + I', - I', - fd)

4

By now choosing t1 = t2 = 1 so that the through lines and branch lines are one-quarter

wavelength lines and also choosing Y2 = Ye and Y1 = Pc a 3 dB coupler is obtained.

The coupler has the characteristic that two output ports are 900 out of phase. This will

not affect the functionality of the synthesizer, as a 900 phase shift at 2.45 GHz translates

to a phase shift of 5.74e - 30 at the synthesizer comparison frequency. For a 50 n system,

Zl =50 nand Z2=35.35 n with the through and branch lines one-quarter wavelength long

at the relevant frequency. To compensate for high YCO output levels, provision is made

for a 5 dB attenuator pad on the coupler input line.

The measurement results obtained are shown in figures 7.2. Port 1 is allocated as the

input port with ports 3 and 4 assigned as the synthesizer output and prescaler feedback

port respectively. It should be noted that 821 was not measured because port 2 will

always be terminated with a 50 n load making this measurement irrelevant. The results

show a low 811 over the measured frequency range as well as a relatively flat coupling to

the synthesizer output port (831). The prescaler feedback port coupling (841) exhibits a

6 dB variation which will not affect system performance due to high prescaler sensitivity.
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b) c)

Figure 7.2: a) 811 of Hybrid Coupler b) 831 of Hybrid Coupler c) 841 of Hybrid Coupler

The design and implementation of all RF components are now completed and more

attention can given to the low frequency components. The only component still out-

standing to complete the synthesizer configurations is the charge pump circuit used in the

fourth-order system.
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Chapter 8

Charge Pump Design

The primary concerns when selecting a charge pump circuit is the maximum current

supplied by the pump and degree of charge pump mismatch as discussed in section 3.1.8.

Unfortunately, PLL Ie mismatch can be substantial, hence the design of an external

charge pump circuit is required so that any mismatch can be corrected. Testing of charge

pump mismatch is a simple procedure as long as the maximum charge pump output

voltage is not exceeded during the measurements.

Reviewing the transfer functions of the various noise sources (section 3.1.6) reveals that

the charge pump noise is divided by the charge pump gain. Banerjee [5] states that

usually when the charge pump gain is increased, the charge pump noise increase as well.

In some cases, no difference in phase noise is observed for different charge pump gain

settings. The influence of the charge pump gain is therefore specific to the PLL Ie used.

Banerjee found that by decreasing the charge pump from 4 rnA to 1 rnA, a typical phase

noise degradation of 4 dB is measured. The current application requires both low noise

and fast settling times, thus yielding a choice of 5 rnA for the charge pump current. This

value is usually a selectable option for charge pump current in most PLL Ie's.

The details pertaining to the charge pump circuit design is obtainable in Appendix B.

Using current mirror techniques, the circuit of figure 8.1 is obtained for the chosen charge

pump current [4].

Shown on the circuit is the double-ended outputs of the PLL Ie (¢11 and ¢R) used

to drive the charge pump circuit. The general application transistors MMBT3904 and

MMBT3906 from Motorola are used for the realization of the pump circuit. Measurements

35
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show a mismatch of 1.4% which will degrade system performance minimally.

All the individual components for the various synthesizers are now completed. The

summing network required for modulation signal injection is the only component not

realized and is investigated in the following chapter.

56 56

cIs
I

~-f~"~
1phi_ V 1phi_R

Figure 8.1: Charge Pump Circuit
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Chapter 9

Summing Network

Modulation of a synthesizer can be accomplished by either adding a modulation signal to

the veo control signal, or by modulation of the synthesizer reference signal. Due to the

low pass effect of the synthesizer, the latter will only be effective for modulation frequencies

below the loop bandwidth. On the other hand, addition of the modulation signal to the

veo control line will only be effective for frequencies above the loop bandwidth. As high

frequency modulation ability is required, the addition method is selected.

By using the block-diagram summation network depicted in figure 9.1, this ability can

be implemented. Along with the modulation signal, a De offset is added to the control

signal for transistor biasing purposes discussed in Appendix D.

The maximum veo control signal specified is 9 V, while the maximum PLL synthesizer

lC output is only 5 V, requiring a gain factor of l.8 to be incorporated- into the summation

Modulation
Signal

Synthesizer
Control Signal

I
High-Pass

Filter

I
Isolation Summation Isolation

- network r-- Network - network
~ VCO Control

Signal

Figure 9.1: Summation Block-diagram
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network. Instead of using a fixed gain value, the summation gain is designed to be variable

in order to investigate the effects of varying loop gain on system characteristics. To isolate

the control signal from the modulation signal, a high-pass filter is inserted between the

control and modulation signals.

The summation network should not influence synthesizer functionality, while being

able to sum high frequency signals to the DC VCO control signal. To this end any

summing network pole contributed to the system must be at least 10 times higher than the

synthesizer bandwidth [4]. Resulting in the high-pass filter pole being chosen at 100 kHz.

All mathematical models used for synthesizer analysis and synthesis assumes an infinite

VCO input impedance. This requires an isolation amplifier to achieve the best correlation

between the physical circuit and mathematical models. The isolation amplifier output

impedance and the capacitive input impedance of the VCO forms a RC filter limiting the

modulation frequency. Lowering of the amplifier output impedance thus has the effect of

extending the modulation signal frequency range [4].

To achieve functionality at high output frequencies while also producing sufficient gain,

a discrete transistor amplifier is used as active element in the output isolation network

while a nodal summation network is constructed to perform the summing function. Refer

to Appendix D for details concerning the design. The summation network realized (shown

in figure 9.2) produces the simulated and measured results of figures 9.3 and 9.4. The

figures verify that the synthesizer and modulation signal complies with the requirements.

All components required for the study are now complete and available for integration

into the various synthesizer configurations. The following chapters discuss the detailed

design of the loop filter and shows the derivation of the theoretical synthesizer performance

predictions.
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Figure 9.2: Final Summation Network
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Figure 9.3: Frequency response of final summation network
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Figure 9.4: Simulated Frequency Response of Final Summation Network
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Chapter 10

The Loop Filter - Second-Order
Synthesizer

INTRODUCTION

The simplest loop filter to use is no filter at all. This minimum configuration has several

drawbacks; loop parameters can not be chosen making optimum performance impossible

and no reference suppression is obtained which will cause modulation of the output signal.

Therefore, for frequency synthesizer applications, a simple loop without any filter is rarely

used [4]. Naturally this leads to the first-order loop filter and consequently a second-order

system.

10.1 Loop Equations

Second-order loops using a first-order loop filter is a drastic improvement over the first-

order system although the choice of loop parameters are still limited. For this system

the single-ended PFD output of the synthesizer lC is used to drive the loop filter. The

transfer function of the loop filter shown in figure 10.1 is calculated as:

F(s) 1_
- sRC + 1

with the natural frequency and damping factor given by:

40
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R
I Phase/Frequency Detector ~~

!e
Figure 10.1: First-Order Loop Filter

where,

with,

Kvco yeo Gain

Phase Detector Gain

Amplifier Gain

N Feedback Division Ratio

and,

(10.1)

Equation (10.1) shows how the natural frequency and damping factor is directly related

through the loop gain and is not independently selectable. The 3-dB bandwidth (B) is

derived using the closed loop transfer function leading to [4]:

(10.2)

Another parameter of interest is the system settling time. Rohde [4] states that the rise

time of a second-order system is approximately related to the system bandwidth through

the equation:

2.2
t; =-

B
(10.3)

Although this loop filter may seem trivial, its significance must not be underestimated.

Most modern day simple synthesizers utilizing classic voltage PFD can be implemented

using this filter, yielding satisfactory results.
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10.2 Loop Response to Change in Division Ratio

The loop's response to a change in division ratio is an important parameter in the

successful application of the loop, and could perhaps even invalidate its use in channel

changing applications. A change in loop division ratio is equivalent to the veo of the

basic phase-locked loop (shown in figure 2.1) being subjected to a voltage step modulating

signal Vm of amplitude B volts. To prove this statement, the error function with a step

change in the reference frequency is analyzed:

8(s) S

8i(s) s+KF(s)

6w8(s) - ---:---.,.....-:-:-
- s(s+KF(s))

Now looking at equation (2.14),

8(s) 1 [ Kvco 1
Vm(s) = - N s + KF(s)

with Vm(s) = ~,
BKVCQ

8(s) - N
- s(s+KF(s))

where BK~CQ is the change in veo frequency at the input to the PFD equivalent to a

change of 6w in the reference frequency. This proves that a change in the division ratio

can be regarded as a frequency step change of the reference frequency. The next section

will focus on the application of this statement to determine the system transient response.

10.3 Synthesizer Transient Response

This section investigates the transient response of a PLL frequency synthesizer when

the N divider is changed. This is accomplished by generating a third-order model where

the only approximation is the continuous time approximation used for the PFD.

The aim of this analysis is to derive an expression for the transient response to be able

to predict properties such as the settling time, rise time, overshoot, ringing, and damping
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factor. To achieve an accurate prediction of the PLL response, all the poles and zeros of

the transfer function must be included in the analysis. This is accomplished by multi-

plying the transfer function by f~~{l to express the frequency step as a phase step in the

Laplace domain. To now also represent the transfer function in the frequency domain, it

must be multiplied by s. The transfer function thus reduces to:

F(s) = CL(s) (12 - h)
Ns

where,

K¢K vcoKs(12 - h)
N

RC

1
K¢KvcoKs

N
Closed- Loop Transfer FunctionCL(s)

This equation is expanded into partial fractions by utilizing the following equation:

- 1 [ 1 1F (s) = L Ai (_ )
i=O S S Pt

where,

1
A=nlII---

kf.i Pi - Pk

Calculation of the transient response is performed by using the following inverse Laplace

transform:

ote that some of the coefficient Ai will be complex, however, they will combine in such

a way that they all have negative real parts. The system will be unstable if the poles of

the system do not have negative real parts. The transient response is calculated using

Matlab for the following loop parameters with the results shown in figure 10.2:
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Locktime

2 3 4
Time [5)

Figure 10.2: Transient Response of Second-Order Synthesizer

Damping Factor 0.1,0.3,0.5, 0.707,5
N 15680

Kvco 77e6
K¢ 5/4/pi

Ksum 1
(10.4)

Due to the dependent nature of the natural frequency and damping factor on loop gain,

the higher the damping factor of the system, the faster the end frequency is reached. The

figure clearly illustrates the overshooting characteristics for various damping factors.

10.4 Phase Error due to Modulation

The phase error introduced due to application of a sinusoidal modulation signal is of

interest. The effect of modulation on the loop is obtained from equation (2.14):

(} ( S ) 1 [ Kvco 1
Vm(s) = - N S + KF(s) (10.5)

Assuming a sinusoidal modulation signal, Vm(s) is given by:

Thus leading to,

e (s) - - AWm [ K vco 1 [ 1 ]
- N s + K F(s) S2 + w~

(10.6)

Stellenbosch University http://scholar.sun.ac.za



45

To now obtain the time domain phase error, the inverse Laplace transform of equation (10.6)

is to be calculated. All poles contributed by the loop filter transfer function F(s) will be

complex leading to the partial fraction expansion for the poles of:

e(s) = I<1 + jI<2 + I<1 - jI<2
S + 0:'1 + j /31 S + 0:'1 - j /31

Taking the inverse Laplace transform of these terms,

From this equation it is clear that the filter poles will only contribute to the phase error

transient response due to the exponential decaying multiplication factor, and will hence

be ignored. Partial fraction expansion of the pole contributed by the modulation signal

is given by:

e(s) = I<3 +jI<4 + I<3 - jI<4
S + JWm S - JWm

Using the inverse Laplace transform of these terms,

The above equation shows these poles to produce a continuous variation of the phase error.

Solving for I<3 and I<4, the magnitude of phase error variation due to application of the

modulation signal is determined. To demonstrate the effect of the damping factor on the

phase error, the above equations are solved for the following values producing the graph

of figure 10.3 (The equations show that the phase error will vary in accordance with the

modulation signal amplitude and frequency. Hence the normalization of the x-axis with

respect to modulation signal amplitude and frequency while the y axis is only normalized

with respect to the modulation frequency.):
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Figure 10.3: Magnitude of Phase Error due to Modulation Signal

Damping Factor
N

Kvco

K</>
Ksum

M adulation Signal Amplitude
M adulation Frequency [radJ

0.2,0.3,0.5,0.707
15680
77e6

5/4/pi
1

1

1000 - 100000

From the figure it appears that the maximum phase error for the second-order system

does not occur at a constant offset from the natural frequency. The curve also illus-

trates that at modulation frequencies above the natural loop frequency, the loop becomes

increasingly insensitive to modulation and the maximum modulation frequency is only

limited by the summation network and veo. At frequencies well below the natural loop

frequency, the phase error becomes progressively more as the loop attempts to counter

the mod ulation signal.

yeo Modulation as a Function of Modulation
Frequency

10.5

As modulation of the veo output is the purpose of this study, this characteristic is the

subject of this section. All system parameters are linked for a second-order system, thus

only the effect of damping factor on veo modulation will be discussed. Modulation of

Stellenbosch University http://scholar.sun.ac.za



47

Effect of Damping Ratio on VCO Modulation

"''is>

1rr' 1if
(Frequency)/(Natural Frequency)

Figure 10.4: Effect of Damping Factor on yeO Modulation

the yeO control line due to the applied modulation signal has been determined earlier

as (2.12):

s+KF(s)
s

where Vc(s) is the yeO control voltage and Vm(s) represents the modulation signal. To

now demonstrate the effect of the damping factor on the yeO modulation, figure 10.4

shows a graph where the following synthesizer values are used (frequency axis normalized

with respect to the modulation frequency):

Damping Factor
N

Kvco

Kp
Ksum

M adulation Signal Amplitude
M adulation Frequency [rad]

0.1,0.3,0.5,0.707,5
15680
77e6

5/4/pi
1
1

1000 - 100000

Near and below the natural frequency of the loop, the frequency deviation displays a

peaking phenomenon. This region can still be used in applications where low frequency

modulation and fast settling times are required (thus a high natural frequency). Pre-

emphasis or de-emphasis must then be employed to ensure that the bandwidth of the

output signal does not exceed the input bandwidth of the receiver.

Stellenbosch University http://scholar.sun.ac.za



48

For frequencies below the peaking phenomenon the loop suppresses the modulation

signal with 20 dB/decade as can be expected from a second-order system. As predicted,

almost no modulation signal attenuation is obtained for frequencies above the natural

frequency of loop.

Stellenbosch University http://scholar.sun.ac.za



Chapter 11

The Loop Filter - Third-Order
Synthesizer

INTRODUCTION

The third-order loop is really the most important when voltage PFD is considered, but

has not been used that often in the past [4]. This is contributed to a lack of understanding

or not realizing that, by proper combination of the time constants, the unavoidable feed-

through capacitors and some series capacitors can be incorporated to obtain this type of

loop.

Although a third-order system is initially somewhat more difficult to treat mathemat-

ically than a second-order, better reference suppression, faster settling times and better

reproducibility is achieved. The reason for this being that stray capacitance and other

elements in the system can be incorporated into a third-order loop, whereas this is not

possible in a second-order loop [4]. For this system, an active loop filter will be used

which also has many considerations.

11.1 Choice of Loop Amplifier

In some applications the comparison frequency must be sufficiently high to accommodate

fast locking, this means that the loop filter cut-off frequency must also be sufficiently high.

The use of very wideband amplifiers is necessary in the realization of active loop filters

due to the high cut-off frequency. An efficient method of realizing these loop amplifiers is

49
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C2

C~~
~ R2

0/\

Figure 11.1: Second-Order loop filter

to use wideband operational amplifiers [41.

For this application the pole introduced by the operational amplifier must be at least

ten times higher that the loop bandwidth which in turn must be ten times lower than the

comparison frequency. As a comparison frequency of 156.25 kHz is used, an operational

amplifier gain bandwidth product of higher than 800 kHz is required as a maximum gain

of 5 will be used. The common LF351 operational amplifier easily meets this requirement

with its high impedance J-FET input stage and high slew rate.

11.2 Loop Equations

The third-order loop can be developed from a second-order loop by adding one RC filter

at the output. Figure 11.1 shows the second-order loop filter producing the third-order

system. This loop has two integrators, one being the veo and the other being the oper-

ational amplifier comprising of three time constants. The voltage transfer function of the

filter is as follows:

(11.1)

with,
Tl = G1Rl
T2 = R2(Gl + C2)

T3 = C2R2

The open-loop gain is given by:

KvcoA(s) = I{,pKpF(s)--_ s (11.2)
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Substituting the filter transfer function into (11.2) and setting s = jw, the phase of the

open-loop gain is obtained as:

(11.3)

Assuming now that,

the phase margin is given by:

(11.4)

To determine the natural frequency Wn of the system, the point of zero phase slope is

found leading to,

(11.5)

Since all the system characteristics have been derived, attention can be given to the design

of the time constants for specific loop parameters. By setting the open-loop gain equal

to unity, the relationship between the first time constant and the loop bandwidth (we) is

obtained as:

(11.6)

If we set,

equation (11.4) can be written as,

cp=o:-f3+7r

and,
uuux - tanf3

tasub = tan(o: - f3) = ( )( f3)1+ iarux tan
WT2 - WT3

1+ W2T2T3
(11.7)

By now setting,

(11.8)T2
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Substituting (11.8) into (11.7), the time constant 73 is determined as follows:

-2tan</>nwn + J4tan2</>nW;" + 4w;"
2w2

n

Wn
-tan</>n + l/cos</>n (1l.9)

As can be seen from (11.9),73 is determined by using all the specified loop characteristics.

Once 73 is known, 72 can be calculated using (11.8) followed by 71 with equation (1l.7).

Once all the time constants are known, the filter components are calculated and a full

analysis of the system is performed to ensure optimum performance. Analysis of the

system is discussed in the following sections and is performed in general to generate a

generic third-order loop design technique applicable to any classic voltage PFD third-

order synthesizer.

11.3 Synthesizer Transient Response

To obtain the transient response of the system, a third-order model is derived where

the continuous time approximation is used for the phase detector. The same procedure is

used for the analysis as for the second-order system. The transfer function of this system

is now given by:

F(s) = CL(s) (12 - h)
Ns

where,

n1 K",K vcoKs(12 - h)

D3 N7173

D2 N71

D1 K",KvcOKs72

Do K",KvcoKs
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Figure 11.2: Transient Response of Third-Order Synthesizer

Employing the inverse Laplace transform, the transient response is calculated as:

with,

1
A=nlII--

kf.i Pi - Pk

The transient response is calculated using Matlab for the following loop parameters with

the results shown in figure 1l.2:

Phase Margin
N

Kvco

Kp
«;«

Natural Frequency

20,30,50,70
15680
77e6
SmA
1

500 Hz

The figure illustrates that a low phase margin results in increased settling time and over-

shoot, while high phase margins again produces extended settling times but no overshoot.

11.4 Phase Error due to Modulation

Assuming a sinusoidal modulation signal and using the same equations as in section

10.4, the phase error is determined as:
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Figure 11.3: Magnitude of Phase Error due to Modulation Signal

e(s) - - AWm [ Kvco 1 [ 1 1
- N s+KF(s) S2+w~

By performing the inverse Laplace transform and again ignoring all transient effects, the

graph of figure 11.3 is obtained for the following values:

Phase Margin
Natural Frequency

N

Kvco
Kq,

Ksum

Madulation Signal Amplitude
Madulation Frequency [rad]

20,30,50,70
500
15680
77e6
5mA
1

1

1000 - 100000

For low phase margins all modulation frequencies have little effect on the phase of the

system. Systems with high phase margins have the disadvantage of producing high phase

errors due to the applied modulation signal.

veo Modulation as a Function of Modulation
Frequency

11.5

Following the same procedure as section 10.5, the effect of phase margin variations on

yeO modulation is shown in figure 11.4 for the following synthesizer parameters:
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Effect of Damping Ratio on VCO Modulation
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Figure 11.4: Effect of Phase Margin on yeO Modulation

Phase Margin
N

Kvco

K</>
Ksum

Madulation Signal Amplitude
Madulation Frequency [rad]

20,30,50,70
15680
77e6
5mA
1

1
1000 - 100000

The graph shows that peaking occurs at frequencies just above the loop bandwidth.

For frequencies below the peaking phenomenon, the loop suppresses the modulation sig-

nal with 40 dB/decade. For frequencies above the natural frequency of loop, almost no

modulation signal attenuation is obtained.
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Chapter 12

The Loop Filter - Fourth-Order
Synthesizer

INTRODUCTION

As the vast majority of PLLs incorporates PFDs combined with charge pump circuits, it

seems relevant that such a circuit must also be investigated. The charge pump offers many

advantages over the classical voltage PFD PLL including the use of passive filters and still

having many of the benefits of using an active filter with the voltage PFD. Passive filters

are the preferred choice of most synthesizer designers as almost no noise is generated with

passive filters coupled with low implementation cost [5].

The passive third-order loop filter proposed for the synthesizer is shown in figure 12.1.

Capacitor C2 is added for significant spurious level reduction. The components R2 and

C3 are added to improve reference frequency suppression.

Figure 12.1: Passive Third-Order Loop Filter
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12.1 Derivation of Component Values

It can be difficult to calculate componen values as will be shown in this section. The

component values are not only a factor of the loop parameters, but also of the added

attenuation of the loop filter. This factor will be discussed in detail during development

of the analysis equations.

The transfer function of the loop filter is given by:

(12.1)

with,

R2C2

C2C3R2 + C1C2R2 + C1C3R3 + C2C3R3

C1 + C2 + C3

with T1, T2 and T3 representing the time constants of the loop filter. Using this filter

transfer function the open-loop gain of the system is given by:

GainOL =

(12.2)

From the open-loop gain it is now possible to obtain the phase margin equation as:

(12.3)

Using (12.3) and setting the derivative equal to zero, the point of maximum phase margin

is obtained. Choosing the loop bandwidth equal to the point of maximum phase margin

and knowing that equation (12.2) equals 1 at the loop bandwidth, 4 equations and 4

unknowns are obtained from which the value of capacitor C1 is obtained. The quadratic

equation of C1 is as follows (Refer to Appendix E for the detailed derivation of this equa-

tion):

(12.4)
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In order to minimize the effect of the input capacitance of the yeO on the loop filter,

the value of k4 must be as large as possible which will in turn result in a large value for

C3. To find the largest value of k4' the first step is to set the discriminator of (12.4) equal

to zero. The discriminant for equation (12.4) is:

where,

A

B

C

2k2k3 - 4T2k3k1

k~ - 4T2k3k1

With the discriminant equated to zero and solved for k4' one obtains the restriction:

with r1 and rz being the roots, and r1 < r2. Banerjee [5] states that k4 = r1 is usually

the largest possible choice for k4 yielding component values that are both real and non-

negative. Once k4 is selected, equation (12.4) can be solved for C1 followed by the solution

of C2, C3, R2 and R3 in that order. If the component values obtained is complex or

negative, it may be necessary to adjust k4 or ATTEN and recalculate the component

values. The next section will investigate the choice of k4 for optimal loop performance.

12.2 Designing the Loop Filter for Optimal Attenuation

In synthesizer design, the designer specifies various variables such as wp (second-order

bandwidth), We (third-order bandwidth), ¢ (second-order phase margin), N (Loop division

ratio) and for this system the added attenuation ATTEN (added attenuation due to

R3 and C3) as well. ATTEN is merely an index and is not the actual added reference

attenuation added to the loop as will be shown. For ATTEN = 0, We = wp, however

as ATTEN increases, We decreases to levels well below wp. Note that wp is not the true

bandwidth, but the second-order bandwidth while We is the third-order bandwidth and

thus the correct bandwidth. The next section investigates the actual added attenuation for
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a filter of fixed loop bandwidth wc, and investigates the value of ATTEN that maximizes

the true added attenuation over a fixed loop bandwidth.

12.2.1 Determining the True Added Attenuation

The addition of components R3 and C3 forms an additional pole in the loop filter to

increase spurious attenuation and also reduce loop bandwidth. The first instinct when

choosing ATTEN is to use the largest possible value. By doing this other filter properties

can be changed such as the filter constant T1 which decreases. This could result in a net

effect turning out to be different than once thought [5].

For a specified bandwidth, ATTEN can only be increased until wp becomes infinite which

corresponds to the maximum value for ATTEN. This point corresponds to T1 becoming

zero meaning that the filter consists of only R3 and C3 and is clearly not the optimum

solution. Choosing ATTEN as zero is also not the best choice as this would result in the

pole not being inserted at all. An optimum value must exist for ATTEN that will lead

to the maximum added attenuation of a specific bandwidth [5]. ATTEN is defined as [13]:

Calculation of the optimum value is performed by firstly obtaining the frequency domain

equivalent of the synthesizer forward loop gain. By then substituting the known equa-

tion for C1 and comparing the obtained attenuation to the attenuation obtained from a

second-order loop filter, it is found that the optimum attenuation is achieved when (Refer

to Appendix F for the detailed derivation):

T - T - KATTEN
1 - 3- 2

sec( ¢c) - tan( ¢c)
2wc

This is the optimum choice of T3. Banerjee [5] found that it is better to design with a

higher ATTEN when the comparison frequency is large relative to the loop bandwidth. As

ATTEN is increased the capacitor C3 tends to become smaller. Caution must be taken

that C3 does not become too small as the YCO input capacitance will start to dominate

the extra loop filter pole.
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12.3 Synthesizer Transient Response

For this loop filter, a fourth-order model is derived where the continuous time approx-

imation is once again used for the PFD. The same procedure is used for the analysis of

the transient response of this synthesizer as for the second- and third- order synthesizers.

The transfer function of this system is given by:

where,

A

Kt/>Kvco(h - 11)
NC1 C2C3R2R3

Kt/>Kvco(h - II)
NC1C3R3

~ ~~~+~~~+~~~+~~~
B1 R2R3CIC2C3
B3 C1 + C2 + C3

B1 R2R3C1 C2C3
I(pKvco
NR3C1C3

Kt/>Kvco
Do

The transient response is calculated by using the inverse Laplace transform:

with,

1
A=n1I1---

k#i Pi - Pk

The transient response is calculated using Matlab for the following loop parameters with

the results shown in figure 12.2:
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Figure 12.2: Transient Response of Fourth-Order Synthesizer

Phase Margin
N

Kvco

K,p

Ksum

Madulation Signal Amplitude
Madulation Frequency [rad]

20,30,50,70
15680
77e6
5mA
1

1
1000 - 100000

The lower the phase margin, the more overshoot will occur and the final settling time

also increases. The same effects are seen as with the third-order system. Factors that

could cause theoretical settling time predictions to be inaccurate are:

• yeO Non-Linearity

• yeO Input Capacitance

• Phase/Frequency Detector Discrete Sampling Effects

12.3.1 veo Non-Linearity

A significant problem with PLL analysis is yeO non-linearity. At high yeO control

voltages the yeO gain tends to be less, leading to lower loop gain and thus also longer

settling times. It is also possible that the yeO control voltage can go outside the tuning

range due to overshoot and cause response predictions to be incorrect. The design must

be performed with higher phase margin in order to minimize the overshoot.
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12.3.2 VCO Input Capacitance

The input capacitance of the yeO adds in parallel with capacitor C3 and therefore the

characteristics of the loop filter can be changed in such a way that the loop bandwidth

can be altered and therefore also the settling time. To minimize this effect capacitor C3

must be as big as possible.

12.3.3 Phase/Frequency Detector Discrete Sampling Effects

The discrete sampling effects of the PFD tend to have little bearing on the settling time,

provided that the comparison frequency is large (lOX) compared to the loop bandwidth.

Banerjee [5] stated that a fourth-order model "vas compared to another model that did

take these effects into account. The comparison led to the conclusion that the difference

in the settling time is negligible.

12.4 Phase Error due to Modulation

Assuming a sinusoidal modulation signal and using the same equations as in section

10.4 the phase error is determined as:

e (s) - - AWm
[ Kvco ] [ 1 1

- N s+KF(s) S2+W~

By performing the inverse Laplace transform and again ignoring all transient effects, the

graph of figure 12.3 was obtained for the following values:

Phase Margin 20,30,50,70
N 15680

Kvco 77e6

K", 5mA

Ksum 1
M adulation Signal Amplitude 1

M adulation Frequency [rad] 1000 - 100000

The results obtained are identical to that of the third-order system.

Stellenbosch University http://scholar.sun.ac.za



Effect of Modulation on Phase Error
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Figure 12.3: Magnitude of Phase Error due to Modulation Signal

10...,

en
:t2.. 5 ----:--

~
>

, .. ,.. , .,', , , ,"
, , , "., , , ,"
, , , .", , , .,'

, '", , , , , "---,----r---,---,--.--,--,-

, . , . ", , , , "

~ 0
>

, . , , ", , , , "

. , , , . ", , . , , ", . , , , ", , . , , ", , . , , ", , - , , "---,----,---,--,--,.--,.--,-, , . , , ", ... , ", .. ,"

10° 101

(Frequency) I (Loop Band ....ictth)

Figure 12.4: Effect of Phase Margin on yeO Modulation

veo Modulation as a FUnction of Modulation
Frequency

12.5

Following the same procedure as section 10.5, the effect of phase margin variation on

yeO modulation is shown in figure 12.4 with the following synthesizer parameters:

Phase Margin
N

Kvco
Kef;

Ksum

M adulation Signal Amplitude
M adulation Frequency [radJ

20,30,50,70
15680
77e6
5mA
1

1

1000 - 100000

Again, identical results are obtained when compared to the third-order system. All of the

proposed synthesizer configurations have now been analyzed theoretically. In the next

chapter the implementation of the various loop filter configurations are examined.
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Chapter 13

Implementation

INTRODUCTION

This section presents the practical implementation of the proposed synthesizer configu-

rations. The selection of the various loop parameters are considered for each system with

the designed circuit diagram presented at the end of each section. The only topic not

investigated is the loop filter which is the subject of the following chapter.

13.1 Implementation Considerations

13.1.1 Second-Order System

Due to the system's lack of design freedom, the only selectable parameter is the damping

factor. Damping factor values of 0.3, 0.707 and 2 are used during the tests to facilitate

adequate synthesizer parameter variations. For further theoretical prediction analysis,

summation network gains of 2 and 5 are used to test system performance variation due

to loop gain deviations. For this system a YCO gain of 77 MHz/Y and PFD gain of 4511" is

used [4].

Capacitor and resistor values are chosen, keeping availability of the desired value and

package in mind. Care was taken to choose capacitor values not exceeding available

ceramic values while using realistic surface mount resistor values. Surface mount compo-

nents are used to reduce coupling and physical loop filter size.

Figure 13.1 shows the circuit used for the realization of the loop filter and low frequency

64
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Figure 13.1: Implementation of Second-Order Loop Filter and Summation Network

summation network. The limited output current of the PLL Ie necessitated the use

of an isolation amplifier. The LF351 operational amplifier is used primarily because

of availability, high gain-bandwidth product and current sourcing properties. Loading

on the loop filter caused by the summation network is minimized by another isolation

amplifier. The low frequency summation network resistor values will be selected to obtain

the required summation gain while providing a unity gain path for the modulation signal.

13.1.2 Third-Order System

To obtain a realistic value for time constant Tv; a natural frequency of 500 Hz is used.

To now obtain practical values for resistor Ri, capacitor Ci is chosen as 100 nF (largest

ceramic capacitor available). For evaluation purposes, phase margin values of 30° and 50°

and summation network gains of 1 and 2 are used.

It must be noted that a PFD gain of 2: is used due to the active filter incorporated

in the system. To better understand this statement, the PFD gain of both the second-

and third-order systems are analyzed. The second-order system uses the output of the

Ie directly causing the detector gain to depend solely on the LC characteristics. The Ie

datasheet states that the tri-state comparator will output an average of 0 V for input

signals shifted +360° and 5 V for -360° (or visa versa depending on the operational

programming of the Ie). This consequently produces a PFD gain of ~~.

The practical implementation of the active filter must be understood to relate the active

filter functionality to the phase detector (see figure 13.2). Due to the integration action

of the active filter, any De (positive or negative) signal applied to the filter will result

in the filter output saturating against the supply voltages. To avoid this the PFD signal

(0 V-5 V) must be level shifted to obtain a voltage swing around OV, hence the first
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Figure 13.2: Implementation of Third-Order Loop Filter
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Control Signal
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a) b)

Figure 13.3: Transformation of Active Loop Filter

operational amplifier section of the loop filter.

It is now possible to transform the active loop filter to a passive loop filter driven by

a charge pump circuit. It must be recognized that the operational amplifier output port

is a low impedance point equivalent to a ground point. The transformation is done as

shown in figure 13.3 where the voltage source and input resistor is replaced with a current

source. Now an 5 V output pulse from the comparator will be equivalent to a positive

current pulse from the charge pump and a 0 V pulse equivalent to a negative charge pump

pulse. From the above, it is thus clear that the active filter effectively doubles the output

range of the PFD leading to a gain of v"2V.
1i

Realization of the loop filter and low frequency summation function is shown in figure

13.4. Resistors Rjl, Ra1, Rbl and Rcl will be selected to obtain unity gain for both the

control signal and offset correction signal. A high resistive value for Rbl and Rcl is used

to avoid saturation of the IC output current. The second stage is the loop filter which

component values will be determined for the required loop characteristics. The final

stage is a low frequency summation network necessary to determine the loop response
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Figure 13.4: Implementation of Third-Order Loop Filter and Summation Network

to disturbance signals. Here the resistor values will be selected to obtain the required

summation gain and maintain unity gain for the modulation signal. The combination of

Rb2 and Rc2 must be kept large to minimize loop filter loading.

13.1.3 Fourth-Order System

As previously mentioned, a PFD gain of 5 rnA was chosen due to settling time and phase

noise considerations. A synthesizer loop bandwidth of 9.5 kHz is used to obtain realistic

component values while phase margin values of 20° and 50° are used with summation

network gains of 1 and 2. The circuit used for the loop filter and low frequency summation

network is shown in figure 13.5.

Figure 13.5: Implementation of Fourth-Order Loop Filter and Summation Network
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13.2 Implemented Fourth-Order System

To provide a better understanding of the study, figure 13.6 shows the practically imple-

mented system while figure 13.7 shows the physical component placement. From these

figures the EMI shielding of the loop filter, veo and prescaler are clearly visible.

Figure 13.6: Photograph of Implemented System

Figure 13.7: Photograph of Implemented System
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Chapter 14

Synthesizer Measurements for
Theoretical Verification

I TRaDUCTION

The aim of this section is to practically investigate the theoretical predictions of the var-

ious systems done in previous chapters. In each test section, either the loop gain or phase

margin/damping factor will be varied for all the synthesizer types under investigation.

For the second-order system, three tests will be performed to observe the system's re-

sponse to damping factor variations, while a fourth test will investigate the loop gain

variation response. For the third- and fourth-order system, only three tests will be per-

formed, where the first and second examines the effect of phase margins variations with

the third exploring system response to loop gain variations.

For each system, only the results of the first conducted test will be discussed and the

results of the succeeding tests shall be discussed at the end of the particular section.

69
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14.1 Second-Order System

14.1.1 Second-Order System Test 1

The following synthesizer parameters are used:

Damping Factor
N

Kvco

K¢
Ksum

leading to the calculated values:

Natural Frequency
Bandwidth
Rise Time

70

0.3
15680
77e6

5/4/pi
2

C
R

2.34 kHz
21.4 kHz
102 us
10 nF
12 kn

The filter frequency response shown in figure 14.1 a) predicts a reference suppression of

41 dB. Please note that this is not reference sideband suppression of the output spectrum

(measured in dBc), but suppression of the reference frequency component of the control

voltage by the loop filter (measured in dB). This prediction is possible due to the use

of a voltage PFD where reference suppression is obtained only through the loop filter.

Measurement of the filter input and output signal amplitudes revealed a physical reference

suppression of 39 dB. This will produce a large reference frequency component on the

control voltage applied to the yeo.

The system output spectrum with no externally applied modulation is shown in figure

14.1 b) from which it is evident that this system will not be applicable for narrow band-

width systems. This is due to the wideband modulation produced by the combination

of low loop filter reference suppression and high yeO gain. The output spectrum is eas-

ily justified by noting that a reference suppression of only 39 dB is measured. It must

also be noted that the output signal from the PFD does not have a dynamic range of 5 Y

when the system is phase-locked, but in fact generates 3.8 Y (measured) corrective pulses.

Combining these elements with the summation network produces a yeO modulating sig-

nal of 85.2 mY which, when multiplied by the yeO gain, generates a yeO deviation of

6.56 MHz corresponding to the maximum deviation of the output spectrum.

Stellenbosch University http://scholar.sun.ac.za



Fi~er FreqJency Responseo.-------~--~----~------_,
, ,

-10 -----------------:-------------- --,----------------, ,
, ,, ,

-20 -----------------:-----

m
~-30 -----------------:----------------
'ffi
o

-40 ----- -------- --- -:-----------------

-50 -----------------:---------

_60L_------~--------~---------J
1d'

Frequency [Hz]

(a)

71

• Mkrl 3.15 MHz
Ref 0 dBm Atten 10 dB -0,665 dB
Peak
Log 1 1

ie 1\~fW,A!\dBI

I
M", 'gr / \
3,1 :.00~e MHi \
-11. bb:' jtj,iI

~, I
VI S2~~\iI~~ M 'r [IJ~ ,ilf~,lW!,
S3 FC

AA

Center 2.5 6Hz Span 20 MHz
Res B~ 100 kHz VB~ iae kHz Sween 5 ms (4Bl pts)

(b)

Figure 14.1: a) Frequency Response of Second-Order System Loop Filter b) Output Spectrum of
Second-Order Synthesizer Without External Modulation

The measured and simulated settling time results are shown in figure 14.2, where graph

b) is the veo control voltage corresponding to the output frequency. Visual comparison

verifies the correlation between the theoretical and practical results. Figure 14.2 b) also

shows the characteristic ringing effect of an underdamped system on the veo control

signal.

The cursor appearing on figure 14.2 b), placed on the theoretical rise time prediction,

confirms the prediction validity. The prediction, although seemingly accurate, is crude

and does not produce an accurate prediction of the synthesizer settling time, which is

crucial to any synthesizer design. Therefore it is only useful to determine the speed at

which the final frequency will be reached, but conveys no accurate information regarding

the settling time. Using graph 14.2 b), a 1 ms settling time for the system is measured.

More accurate settling time results require instruments which are able to graph frequency

against time.

As modulation of the veo due to an externally applied signal is of interest, figure 14.3

shows this characteristic as well as the measured veo deviation. For low modulation

frequencies, the loop compensates and is able to attenuate the modulation signal (or

disturbance) severely producing low veo output frequency deviations. With increasing

modulation frequency, the corrective ability of the loop deteriorates, thus increasing the
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Figure 14.2: Settling Time of Second-Order System

deviation of the veo output frequency until the modulation frequency reaches the loop

bandwidth. No correction by the loop is possible above the loop bandwidth and the

modulation signal is transferred to the veo without any attenuation. If care is not taken

during the selection of the loop bandwidth, the peaking phenomenon observed on the

graph could lead to over modulation of the veo and increase transmission bandwidth.

The variation between measured and simulated data is almost negligible, thus confirming

the accuracy of the theoretical predictions.

veo Deviation due to Modulation Signal
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Figure 14.3: veo Deviation Due to Modulation Signal
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14.1.2 Second-Order System Test 2

The following synthesizer parameters are used:

Damping Factor
N

Kvco

K¢

leading to:

Natural Frequency
Bandwidth
Rise Time

Fi~er FreqJencyResponse
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-10 - - -- -- - -- - - --- --~---- ------- -- - - - - ~- - - - - - - - - - -----
, ,, ,, ,, ,

~-20 - -- - - - - - - - - - ----i-- ----- ---- ------(- ---- --------
c , ,

Jl_30 ----------------)-----------------~----------- ----, ,, ,, ,, ,, ,
, ,

-40 - - - - - - -- - - -- - - - - ~- - - - - - - - - - - -- - - - - ~-- - - -- - - - -- - ---
, ,, ,, ,, ,, ,, ,
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1if 1if 1~

Frequency [Hz]

(a)
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(b)

Figure 14.4: a) Frequency Response of Second-Order System Loop Filter b) Output Spectrum of
Second-Order Synthesizer Without External Modulation

Figure 14.4 a) displays the filter frequency response, indicating a theoretical reference

suppression of 25 dB while b) shows the system output spectrum with no externally ap-

plied modulation. Using the same technique as Test 1, a reference suppression of 24.5 dB

is measured.
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Figure 14.5: Settling Time of Second-Order System

The settling time prediction is verified with the measurement taken from the practical

circuit. Using the measurement graph, a settling time of 250 us is obtained.

The peaking phenomenon observed in test 1 is also visible on the YCO deviation graph

(14.6) of the current system. Comparison of the measured and simulated results confirm

the validity of the theoretical prediction.

VCO Oevation due to ModLJation Signal
20r-------~--------~--------_,

o ~ ".=~-~--____1

!B : •::::·20 ~ ..
i-
>- ,2-40 ; ..
u ,
> ;

·60 ~ ------ .

·801et 10' 10'
Modulation Frequency [Hz]

Figure 14.6: YCO Deviation Due to Modulation Signal
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14.1.3 Second-Order System Test 3

The following synthesizer parameters are used:

Damping Factor
N

Kvco

K¢
«;«

leading to:

Natural Frequency
Bandwidth
Rise Time

2

15680
77e6

5/4/pi
2

C
R

15.6 kHz
26.2 kHz
84 us
10 nF
255 n

75

Reference suppression measurement indicate the achievement of 12 dB suppression for

a prediction of 12.5 dB. This system also achieves a measured settling time of 200 us .
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Figure 14.7: a) Frequency Response of Second-Order System Loop Filter b) Output Spectrum of
Second-Order Synthesizer Without External Modulation
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14.1.4 Second-Order System Test 4

This test will evaluate the loop response to loop gain variations. For this test a critical

damping factor with increase loop gain is used. To further test the theoretical predictions,

the circuit is designed for a summation gain of 5 instead of the normal 2, but the practical

circuit summation gain is increased to 10. The following synthesizer parameters are used

for the design:

Damping Factor 0.707
N 15680

Kvco 77e6
K¢ 5/4/pi

Ksum 5

leading to:

Natural Frequency
Bandwidth
Rise Time

C
R

13.8 kHz
86.8 kHz
25.3 us
1 nF
8.2 kn

Theoretically the simulations predicted an 18 dB suppression while an 18.4 dB suppression

is obtained.

This design is a reminder that all loop component limitations must be kept in mind at all

times. To achieve the increased loop gain, the gain of an operation amplifier is increased.

This has the effect of lowering the operational amplifier bandwidth to such an extent

that loop functionality becomes compromised. Earlier in the study it was mentioned that

any pole introduced into the loop must be ten times higher than the loop bandwidth to

prevent loop performance degradation. For this design the loop bandwidth is 86.8 kHz,

while the bandwidth of the operational amplifier with a gain of 10 is obtained (using

datasheets) as 400 kHz which will definitely influence synthesizer performance.

By incorporating this pole into the theoretical prediction, the total loop filter frequency

response is shown in figure 14.10 a). This figure shows an expected reference suppression

of 18.7 dB while an 18.4 dB suppression is measured. A settling time of 150 us is also

measured for the configuration under discussion.
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Figure 14.10: a) Frequency Response of Second-Order System Loop Filter b) Output Spectrum of
Second-Order Synthesizer Without External Modulation
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Figure 14.12: veo Deviation Due to Modulation Signal

Stellenbosch University http://scholar.sun.ac.za



79

14.2 Second-Order System Synopsis

Table 14.1: Second-Order Test Results
Test Damping Natural Ksum Settling Time Reference

Factor Frequency Suppression
Test 1 0.3 2.34 kHz 2 1 ms 39 dB
Test 2 0.707 5.53 kHz 2 250 us 25 dB
Test 3 2 15.6 kHz 2 200 us 12 dB
Test 4 0.707 13.8 kHz 10 150 us 18 dB

The low loop filter reference suppression causes modulation of the veo resulting in

increased signal bandwidth. Application of an external modulation signal will further

increase veo output frequency deviation and thus increase the required transmission

signal bandwidth.

With the damping factor and the natural frequency interdependence, it is to be ex-

pected that the natural frequency will increase with increasing damping factor. The first

instinct when increasing the natural frequency is to assume decreased settling time. This

is incorrect because the damping factor also has a significant effect on settling times.

Another consequence of higher natural frequency is the reduction of reference suppres-

sion with increasing damping factor. This leads to increased output spectrum bandwidth

and reference spurious levels. Increasing the loop bandwidth also increases the natural

frequency and thus decreasing reference suppression.

Settling time is effectively reduced by increasing damping factor as well as loop gain

again due to the increased natural frequency.

The peaking phenomenon observed on the graphs depicting veo deviation due to

externally applied modulation signals, increases with lowering synthesizer damping factor.
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14.3 Third-Order System

14.3.1 Third-Order System Test 1

The following synthesizer parameters are used:

Phase Margin
Natural Frequency

N

Kvco
K</>

Ksum

30 Degrees
500Hz
15360
77e6
5/2/pi
1

This leads to the calculated values:

R1 47 kfl
C1 100 nF
R2 3.9 kfl
C2 47 nF

The filter frequency response is shown in figure 14.13 a) where reference suppression

prediction difficulty is increased due to the integration action of the active loop filter.

The integration action causes the IC to generate corrective pulses with the output only

being active for a short period. This results in the generation of narrow corrective pulses

leading to improved reference suppression. A reference suppression of 63.9 dB is measured

for this system (This is still the attenuation of the reference frequency component on the

control voltage to the YCO [Measured in dB]). The output spectrum without external

modulation, shown in figure 14.13 b), indicates the increase reference suppression. The

only means of utilizing this signal as a FM carrier is to incorporate a high-pass filter at

the demodulator output to remove the reference frequency component.

During synthesizer locking, an interesting event is observed on the YCO control line

shown in figure 14.14. The measured graph shows a constant charging slope not observed

in the simulation results. Through closer inspection the average output voltage of the

PFD is 2.5 Y due to the long charging time of C1, thus producing a C1 charging current

of 56 uA though R1. Calculations revealed that the capacitor voltage will increase with

3 Y in 3 ms explaining the constant charging slope of the loop filter output. It should

also be noted that a similar discharging slope is observed on the control signal. Taking
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Figure 14.13: a) Frequency Response of Third-Order System Loop Filter b) Output Spectrum of
Third-Order Synthesizer Without External Modulation

the above into consideration it seems that the settling time simulation is only valid if the

capacitor charging characteristic can be incorporated into the simulation. This subject

will not be addressed in this study as time domain simulations are required. A 6 ms

settling time is measured for this configuration.

Deviation of the yeO, shown in figure 14.15 a), exhibits the same general characteristics

as seen in the second-order systems. Apart from yeO modulation, phase deviation caused

by application of the modulation signal is also investigated for this configuration. The

simulated phase deviation along with the measured data is- shown in figure 14.15 b).

This graph shows the phase variation of the feedback signal at the input to the PFD.

For low modulation frequencies an almost constant phase variation is obtained as the

loop compensates for the modulation signal. For frequencies near the loop bandwidth, a

peaking phenomenon is observed while no compensation is possible for modulation signal

frequencies above the loop bandwidth and no phase variation observable.
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14.3.2 Third-Order System Test 2

The following synthesizer parameters are used:

Phase Margin
Natural Frequency

N

Kvco
Kt/J

Ksum

This leads to the calculated values:

83

50 Degrees
500Hz
15360
77e6
5/2/pi
1

R1 70 H2
C1 100 nF
R2 7.6 kn
C2 15 nF
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Figure 14.16: a) Frequency Response of Third-Order System Loop Filter b) Output Spectrum of
Third-Order Synthesizer Without External Modulation
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Figure 14.17: Settling Time of Third-Order System
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Figure 14.18: a) veo Deviation Due to Modulation Signal b) Phase Deviation Due to Modulation
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14.3.3 Third-Order System Test 3

The following synthesizer parameters are used:

Phase Margin
Natural Frequency

N

Kvco
K",

Ksum

This leads to the calculated values:

85
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500Hz
15360
77e6

5/2/pi
2

R1 150 kn
C1 100 nF
R2 7.6 kn
C2 15 nF
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Figure 14.19: a) Frequency Response of Third-Order System Loop Filter b) Output Spectrum of
Third-Order Synthesizer Without External Modulation
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Figure 14.21: a) yeo Deviation Due to Modulation Signal b) Phase Deviation Due to Modulation
Signal
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14.4 Third-Order System Synopsis

Table 14.2: Third-Order Test Results
Test Phase Natural Ksum Settling Time Reference

Margin Frequency Suppression
Test 1 30° 500 Hz 1 6 ms 64 dB
Test 2 50° 500 Hz 1 7.5 ms 57 dB
Test 3 50° 500 Hz 2 8.5 ms 64 dB

System performance in general cannot be compared to second-order system results be-

cause the loop evaluation parameters are not identical. In spite of this, a vast improvement

is observed pertaining to reference suppression leading to reduced transmission bandwidth.

The integration action of the loop filter causes the loop to respond differently compared to

the second-order system response. Phase Margin increase causes a decrease in reference

suppression and increased transmission bandwidth. Loop gain increase now has the effect

of increasing reference suppression.

Increasing the phase margin causes an increase in the settling times. Settling time is

also negatively affected with increased synthesizer loop gain.

As seen from the measured results, yeO and phase deviation peaking due to the exter-

nally applied modulation signal decreases with increasing phase margin.

Referring to the above, it is evident that although the settling time prediction is incor-

rect due to the capacitor charging time, the other system characteristics are accurately

predicted.
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14.5 Fourth-Order System

14.5.1 Fourth-Order System Test 1

The following synthesizer parameters are used:

Phase Margin
Loop Bandwidth

N

Kvco
K,p

Ksum

20
9.5kHz
15680
77e6
5 * 2 * tt rnA
1

This leads to the calculated values:

ATTEN 24.5358
C1 12 nF
C2 47 nF
C3 120 pF

R2 390 n
R3 36 kn

Figure 14.22 a) shows the simulated open-loop gain of the system, thus predicting the

achievement of the required 9.5 kHz loop bandwidth.

The filter frequency response, shown in figure 14.22 b), shows a reference frequency gain

of 33 dB. This is in fact a gain factor to obtain the yeO control voltage from the charge

pump current, thus 5 rnA will produce 230 mY on the yeO control line. This statement

is only true if a sinusoidal charge pump current was used, but due to the fact that only

corrective pulses are generated, increased reference suppression is achieved. The use of a

charge pump complicates reference suppression prediction as current amplitude and pulse

duration are the determining factors.

Figure 14.23 shows the measured reference sideband level as -44.4 dBc. Note that this

measurement is performed using a spectrum analyzer (measured in dBc).

Measured and simulated settling times are shown in figure 14.24 where the capacitor

charging slope is observed again. The system settling time is obtained as 550 us using

the measured graph. Due to the low phase margin, the characteristic ringing effect of

the system is clearly noticeable. To show the improved performance of this system over
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Figure 14.22: a) Open-Loop Gain of Fourth-Order System b) Frequency Response of Fourth-Order
System Loop Filter
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Figure 14.23: Output Spectrum of Fourth-Order Synthesizer Without External Modula-
tion

previous systems, refer to the output signal spectrum measurements shown in figures

14.25 and 14.23. The first figure shows the clean spectrum obtained for a wide spectrum

analyzer span and resolution bandwidth, while the second shows the obtained reference

suppression level.

Figure 14.26 a) shows the modulation of the yeO along with the measured veo

deviation results. The variation between measured and simulated data is almost negligible,

thus confirming the accuracy of the prediction.

As with the third-order system, he phase deviation caused by the modulation signal

is investigated. Figure 14.26 b) shows the simulated and measured results of the phase

deviation. The results again verify the prediction validity.
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Figure 14.26: a) Modulation of\ CO due to Modulating Signal b) Phase Deviation Due to Modulation
Signal
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14.5.2 Fourth-Order System Test 2

The following synthesizer parameters are used:

Phase Margin
Loop Bandwidth

N

Kvco
Kef;

Ksum

This leads to the calculated values:

91

50
9.5kHz
15680
77e6

5 * 2 * tt rnA
1

ATTEN 15.97

C1 6.8 nF
C2 100 nF
C3 270 pF

R2 430 ~
R3 12 k~
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14.5.3 Fourth-Order System Test 3

For this test, the same loop filter as Test 2 of this section is used. The synthesizer loop
gain is varied by simply doubling the summation gain.

ATTEN 15.97

C1 6.8 nF
C2 100 nF
C3 270 pF

R2 430 n
R3 12 kn
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Figure 14.31: a) Open-Loop Gain of Fourth-Order System b) Frequency Response of Fourth-Order
System Loop Filter
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14.5.4 Fourth-Order System Synopsis

Table 14.3: Fourth-Order Test Results
Test Phase Natural Ksum Settling Time Reference

Margin Frequency Suppression
Test 1 20° 9.5 kHz 1 550 us -44.4 dBc
Test 2 50° 9.5 kHz 1 400 us -46.5 dBc
Test 3 50° 9.5 kHz 2 200 us -29.7 dBc

A vast improvement in reference suppression is observed when compared to the second-

and third-order systems. The increased suppression produces clean carrier output signals

with reference sideband levels below -40 dBc.

With increasing phase margin the measurements show a reduction of settling times and

increased reference suppression. veo deviation peaking due to the modulation signal

decreases as with increasing phase margin. Increasing the loop gain causes reference

suppression decrease along with a reduction of settling time.

The theoretical prediction for all the proposed systems is very accurate III all cases

except for settling time, thus leading to the conclusion that further system analysis can

be performed using these theoretical predictions only. The final system comparison will

thus be performed on systems with identical loop parameters on a theoretical basis only.

This is the subject of the following chapter, but before continuing with the comparison

process, the verification process must be concluded by investigating the summing network

performance.
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14.6 Measurement of High Frequency Summing Network

Functional verification of the summing network is performed by applying a modulation

signal using a high frequency signal generator with a 50 n output impedance to the sum-

ming network integrated into a fourth-order system. Since a high frequency demodulator

is not available, comparison of the output spectrum with a calculated FM spectrum (using

Bessel functions) is the only verification method. Refer to Appendix I for the detailed

discussion on the FM spectrum calculation.

Figures 14.35, 14.36 and 14.37 show the measured and calculated output spectra for

modulation frequencies of 10 MHz, 20 MHz and 40 MHz respectively. A modulation signal

power level of -20 dBm is used for verification. Table 14.4 shows the calculated modulation

signal power level required to produce the exact measured spectra. The table verifies that

the simulated and measured performance is almost identical if measurement accuracy

tolerance is taking in account. This test validates the summation network functionality

as well as the wideband FM generation capability of the system.

Table 14.4: Comparison of Applied and Required Modulation Power Levels

Modulation Applied Signal Simulated Signal Power
Frequency Power to Produce Measured Spectrum
10 MHz -20 dBm -18.6 dBm
20 MHz -20 dBm -20.5 dBm
40 MHz -20 dBm -19.9 dBm
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Modulation
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Figure 14.37: Output Spectrum of Fourth-Order Synthesizer with High Frequency FM
Modulation

Functionality and performance of all synthesizer components are complete and the only

subject untouched is phase noise prediction. This is investigated in the following section

where the synthesizer components are analyzed on the basis of phase noise.
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14.7 Phase Noise Analysis

For this analysis only the fourth-order synthesizer will be investigated, being the most

complicated system. Noise generated by the various synthesizer components can be trans-

lated to the synthesizer output through the transfer functions derived in section 3.1.6. The

translated noise is then summed to produce the total output phase noise of the system.

14.7.1 Reference Oscillator Noise

The crystal oscillator noise is amplified in the loop by the gain of the closed loop transfer

function. Within the loop bandwidth, the closed loop gain is very large, hence increasing

the noise level of the reference oscillator. This gain is fiat until it reaches the loop band-

width, after which it drops off rapidly. This function represents amplification of the noise

within the loop bandwidth, but attenuation of the noise above this frequency [14].

Measuring the noise of a crystal oscillator can be quite difficult since the noise is signif-

icantly below the noise of most readily available test equipment. In fact, it may be easier

to work backwards from measured PLL data to determine the oscillator noise if the data

is not available from the manufacturer [14].

Due to lack of manufacturer data and instrumentation limitations, the phase noise of

the reference oscillator is not known. To be able to continue with the investigation, the

assumption is made that the reference oscillator is generating the noise spectrum of figure

14.38. This spectrum is obtained by utilizing a practical temperature compensated crystal

oscillator (TCXO) example and degrading the noise by a safety margin of 15 dB. This

assumption is made on the basis that the reference oscillator noise will not dominate the

analysis and will only contribute to the in-band noise.

14.7.2 Amplifier Noise

The noise generated by an amplifier is specified in equivalent noise voltage (eN) and

equivalent noise current (iN )with units of ffz and ~ respectively. To obtain the noise

in a given bandwidth, one must integrate the noise over the bandwidth and multiply it

with the amplifier gain as specified [15]. For this verification test a unit gain amplifier is
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Figure 14.38: Single Sideband Reference Oscillator Noise

used.

If the noise in the band of interest is not fiat, the band must be broken into sections,

calculating average noise in each section and multiplying by the square root of the section

bandwidth. Along with the equivalent noise voltage of the amplifier, the thermal noise

generated by the input resistance must be taken into consideration. This thermal noise

is white in nature and is calculated using the following equation:

e2 = 4kTRBr

where

T Temperature[K]

R Resistance[Ohm]

B Bandwidth

k Boltzman's Constant(1.38 x 10-23)

Unfortunately the noise current of the LF351 operational amplifier is only specified at

1 kHz as 0.01 pA, therefore the variation thereof is not known over the frequency range.

Calculation of the amplifier noise is performed as shown in table 14.5 with the input

impedance Rgen = 35kn .

The calculated noise is transferred to the system output and converted to noise in a

50 n system. The total amplifier noise contribution is shown in figure 14.39.
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Table 14.5: Amplifier Noise Calculation

Frequency Range Bandwidth (BW) en X V'BW In X Rgen X V'BW e- X V'BW J(e~ + e; + e;) X BW

10-20 Hz 10 1.3ge-7 1.11e-9 7.61e-8 1.5ge-7
20-40 Hz 20 1.48e-7 1.57e-9 1.08e-7 1.83e-7
40-60 Hz 20 1.25e-7 1.57e-9 1.08e-7 1.65e-7
60-100 Hz 40 1.39e-7 2.21e-9 1.52e-7 2.06e-7
100-200 Hz 100 1.8e-7 3.5e-9 2.41e-7 3.01e-7
200-400 Hz 200 2.4e-7 4.95e-9 3.4e-7 4.17e-7
400-1000 Hz 600 3.67e-7 8.57e-9 5.9e-7 6.95e-7
1000-10000 Hz 9000 1.38e-6 3.32e-8 2.28e-6 2.67e-6
10000-20000 Hz 10000 1.5e-6 3.5e-8 2.41e-6 2.84e-6
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Figure 14.39: Single Sideband Amplifier Noise

14.7.3 veo Noise

The noise from a YCO is inversely proportional to offset frequency from the carrier.

The YCO noise is effectively high-pass filtered by the PLL, providing rejection of phase

noise or phase error within the bandwidth, but leaving YCO noise well outside of the

loop bandwidth [14J. To obtain the most accurate representation of the system noise, the

YCO phase noise is measured and displayed in figure 14.40.

14.7.4 Phase/Frequency Detector Noise

The phase/frequency detector noise is a form of noise that represents the internal noise

floor of the PFD and frequency dividers within the PLL. The noise is modeled as flat versus

frequency and the specific value can be obtained from the manufacturer of the synthesizer
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IC. The actual noise floor of the PFD degrades proportionally to the comparison frequency.

This noise source is flat with respect to frequency, but it is shaped by the closed loop

transfer function of the synthesizer [14].

Banerjee [5] states that the out of band noise is typically dominated by the noise

generated by the PFD. This also determines the noise floor for frequencies above the loop

bandwidth. Since the PFD noise is dependent on the comparison frequency, Banerjee and

Lascari [14] states that the close-in phase noise produced by the PFD is given by:

Phase 1 oise = (1 Hz Normalized Phase Noise Floor of Phase Detector) +
lOlogj Comparison Frequency) + 20l0g(N)

The noise floor of the Motorola IC used is not known and not noted in the manufacturer's

datasheet. For the national PLL IC though, typical values of the 1 Hz normalized phase

noise floor range between -199 dBc/Hz for the National LMX 1600 IC and -211 dBc/Hz

for the LMX233 series IC's [5]. Using a value of -208, the system phase noise due to the

PFD is theoretically calculated as -72 dBc/Hz. Taking this value and transforming it to

the output of the PFD leads to a PPD noise of -161 dBc/Hz for the comparison frequencv

used.
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14.7.5 System Phase Noise

Summing all the above mentioned translated noise sources at the output of the system,

the total output spectrum noise of figure 14.41 is obtained. Also shown in the figure

is the measured values of system phase noise. The correlation achieved between the

theoretical prediction and the measure results is remarkable, thus proving the validity of

the prediction.
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Figure 14.41: Comparison of Theoretical and Measured System Phase Noise

For offset frequencies lower than the system bandwidth from the center frequency, the

reference oscillator noise is dominant for small frequency offsets while the PFD produces

the noise floor for larger offsets. For frequency offsets larger than the system bandwidth

from the center frequency, the VCO noise is dominant.

All theoretical predictions are now completed and verified. The final section in this

study deals with the comparison of the analyzed synthesizer configurations to obtain the

best performance.



Chapter 15

Synthesizer Configuration Comparison
and Improvement

INTRODUCTION

This section presents the comparison of the various synthesizer configurations to deter-

mine which configuration achieves the best performance. The comparison is performed

based on theoretical system characteristic predictions for systems with identical loop

parameters. The parameters remaining fixed throughout the comparison are the loop

bandwidth and phase margin/damping factor. The comparison is based on settling time,

veo modulation and reference suppression characteristics.

A phase margin of 50° and damping factor of 0.5 is used for the predictions. Due

to the limited parameter choices of the second-order synthesizer the loop bandwidth is

determined by this system. For a damping factor of 0.7 a loop bandwidth of 3168 Hz is

achieved and will be used as a fixed value throughout this section.

15.1 Settling Time

The settling time of all three systems is shown in figure 15.1. The results show almost

identical results for all three systems. Therefore, this test does not contribute to the

conclusion of which system performs the best.
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Figure 15.1: a) Settling Time of Second-Order System b) Settling Time of Third-Order System c)
Settling Time of Fourth-Order System

15.2 veo Deviation due to Modulation Signal

Deviation of the veo for the various systems due to the application of the modulation

signal is shown in figure 15.2. No significant differences is observed from the figures and

therefore no system is clearly identified as superior in this respect.

15.3 Reference Suppression

A reference suppression of 20.6 dB is predicted for the second-order system while the

third and fourth-order systems suppression is difficult to determine. The statement can

be made that the third-order system reference suppression will be higher than the second-

order system due to the integration action of the loop filter. The fourth-order system will

(a)

vco (N.,o.soon ~ to MoIiAaDoo S,gIiJI

(b) (c)

Figure 15.2: a) Deviation of yeO for Second-Order System b) Deviation of yeO for Third-Order
System c) Deviation of yeO for Fourth-Order System
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in turn achieve higher reference suppression than the third-order system due to the added

RC filter, thus being the superior system in this regard.

From the above comparison it is clear that the best performance is obtained from the

fourth-order system with a charge pump PFD. Although all specifications are met by the

current fourth-order synthesizer, a more efficient system can be obtained by enhancing

the output spectral quality.

15.4 Improvement to Fourth-Order System

The current system produces reference sidebands almost equal to the in-band noise floor

and could jeopardize demodulation performance. The bandwidth of the following system

is reduced producing improved reference suppression at the expense of a longer settling

time:

Phase Margin 50
Loop Bandwidth 4.7kHz

N 15680
Kvco 77e6

Kif> 5 * 2 * 7r rnA
Ksum 1

with

C1 27 nF
C2 440 nF
C3 2.2 nF

R2 200 n
R3 2.4 kn

The obtained settling time and spectral measurement results are shown in figures 15.3 and

15.4. Simulations predicted a settling time of 600us, while the practical circuit could only

achieve SOOusdue to the larger loop filter capacitor. Phase noise and reference sideband

level variation is negligible and although the specifications are exceeded, improvement is

still required from a spectral point of view.

As a point of interest, the bandwidth of the system was reduced with the knowledge that

the synthesizer will no long meet the settling time specifications. The following system

resulted:
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Figure 15.3: a) Spectrum of Improved System b) Spectrum of Improved System Showing Phase Noise

Phase Margin 50
Loop Bandwidth 1.45kHz

N 15680
Kvco 77e6

K¢ 5*2*7f rnA

Ksum 1
with

C1 265 nF
C2 4.7 uF
C3 56 nF
R2 68 n
R3 330 n

1.18 V
5.36 V

800}Js
780J.ls

Figure 15.4: Settling Time of Improved System
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Figure 15.5: a) Spectrum of Further Improved System b) Spectrum of Further Improved System
Showing Phase Noise

Figures 15.5 and 15.6 shows the obtained settling time and spectral measurements. A

settling time of 3 ms was predicted, while a measured settling time of 5 ms was achieved.

A slight degradation in phase noise is observed due to the reduced bandwidth. The

produced reference sidebands are not even noticeable above the noise, providing a vast

improvement of signal spectral purity.

The results above shows that improvement of the synthesizer output signal spectral

purity can be obtained by reducing the loop bandwidth. Other options to investigate

for output spectrum improvement is to increase the comparison frequency or to insert a

notch filter after the loop filter to effectively suppress the reference frequency component

of the control voltage.

T.~kS~toW...,.......,.,.t:;:;±::;:;::;:::,;:;:,,:::±::;=;::J,.,._~~-,.J6: 1. 00 V

I ~~ Ln.
t- . ~~; ~:~~~
;

Figure 15.6: Settling Time of Improved System
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15.5 Comparison of Reference Oscillators

Comparison of the on-board and designed oscillator produced disappointing results as no

significant output phase noise difference could be identified. This result lea.ds to one of two

conclusions; that the in-band phase noise is completely dominated by another component,

or that negligible phase noise differences exist between the oscillators.



Conclusions

Achievements

The aim of this study was to obtain a synthesizer configuration for the effective gen-

eration of wideband FM, considering both passive and active loop filters and to also

practically verify theoretical system performance predictions. The selection is based on

synthesizer output signal quality, settling time and loop response to the modulation sig-

nal. During development of the various synthesizers, the following achievements where

obtained:

• Derivation of general loop equations. These equations are the basis for evaluation

of all the synthesizer configurations.

• Phase noise characteristics of the various components were discussed pertaining to

the effect on the system and choice of components.

• All synthesizer parameters where addressed along with the influence each exhibits

on system performance. The importance of this section can't be emphasized enough

as all adverse effects must be considered before choosing any system parameter.

• The realization of a hybrid splitter using microwave techniques. A simulation pro-

gram was used during design with practical and simulated results comparing well.

• An external charge pump circuit was designed utilizing discrete transistors.

• During design and layout, utilization of EMC principles reduced cross-talk and

increased component isolation. Care was taken to minimize the effects of environ-

mental noise on the system.

109
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• Successful theoretical predictions of all synthesizer configurations considered. This

includes passive and active loop filter analysis as well as system performance predic-

tions due to variation of damping factor/phase margin and loop gain. The following

theoretical predictions were performed:

Settling time or transient response of system.

veo response due to the application of a modulation signal.

Phase error variation due to the modulation signal.

• Successful practical implementation of the various synthesizer configurations.

• Practical verification of performance predictions of all synthesizer configurations.

Measurements taken from the practical circuits verified the simulation accuracy

with almost negligible deviation in most cases.

• Successful generation of a high frequency FM signal. Using Bessel functions, the

output spectrum of the modulated signal was verified with the results corresponding

well to the simulations performed.

• Successful prediction of system phase noise. Using some realistic assumptions, the

system phase noise was predicted with remarkable accuracy.

• Implementation of a synthesizer with increased reference suppression. Modifying

the system loop filter produced a system displaying minimal noise degradation and

producing reference sidebands below the system noise level.
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Future Development Opportunities

• Investigate the use of a "notch" filter. Intuitively a notch filter centered on the

reference frequency will reduce reference sidebands without altering settling times.

• A complete study of synthesizer noise and the effects of parameter variation on noise

performance predictions.

• Establishing a man-machine interface (MMI) for synthesizer output frequency con-

trol.

• Investigation of minimum channel hopping speed limitations.

• Investigate the use of a sampling phase detector as feedback device.

• Design of a low noise voltage-controller oscillator.

• Generation of low noise local oscillator signals using high comparison frequencies.

• Time domain synthesizer settling simulations. Settling time simulations in the time

domain will eliminate errors due to capacitor characteristics.
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Concluding Remarks

This thesis showed the development and verification of synthesizers for the purpose of FM

generation. During this phase, special attention was given to parameter selection and the

consequences thereof. A synthesizer was successfully developed generating a wideband

FM output signal directly at the required frequency, resulting in the aim of this study

being achieved.

During the course of this study knowledge associated with the use and implementation

of various synthesizer aspects was obtained. Various theoretical analysis methods were

used for simulations and system performance predictions providing improved insight into

control systems. Valuable practical experience was obtained during implementation and

measurement of the diverse components, leading to the mastering of numerous synthesizer

principles.



Appendix A

Oscillator Analysis method

In the design of oscillators, the paths most commonly chosen is the reflection and open-

loop gain design techniques. The former relies on the negative gate impedance presented

by a destabilized transistor while the latter relies on gain supplied by a stable transistor.

Although the reflection technique is easily understood and implemented, there remains

an uncertainty about the level of negative resistance needed to sustain oscillation while

minimizing phase noise. The most effective way of avoiding this problem is to use loop-

gain analysis methods on reflection oscillator designs.

Rogers [11] stated that the open-loop gain of an amplifier plays a significant role in

the phase noise performance of the oscillator. Too high an open-loop gain will produce

excessive signal compression causing increased phase noise, while too low an open-loop

gain will cause oscillator start-up problems. The question now remains, how low an

open-loop gain can be used without compromising oscillator start-up?

In order to control the output power of an oscillator, the load termination presented

to the transistor should be controlled as well [16]. This represents the first substantial

problem as the output of the transistor is fed back to the input which is dependent on

the transistor load. To better understand the problem, the oscillator configuration is

transformed as shown in figure A.I. The transformation is performed by floating the

original ground and introducing a virtual ground at the source of the transistor.

The oscillator output power can be controlled by the generation of the transistor's power

contours by either the power parameter approach or by non-linear simulations. In the

design of an oscillator, the ideal approach is to select a load line for the transistor and then
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,,) b)

Figure A.l: Transformation of Oscillator Impedances: a) Original Block-Diagram Rep-
resentation of a Reflection Oscillator b) Transformed Block-Diagram of the Reflection
Oscillator

design a feedback network, giving the correct transistor loading and the required open-

loop gain. Ideally, the load line at steady-state should be controlled, but excellent results

can also be obtained with the small-signal parameters if the open-loop gain required is

low [16].

Care should be taken to maximize the loaded Q (or phase slope of the open-loop gain)

for low phase noise requirements. This will reflect on the choice of the resonator to be

used and the load line chosen (higher parallel or lower series resistance will be associated

with higher Qs). In simple cases the loaded Q at start-up can be estimated from the

open-loop gain response by using the following equation [16]:

Q = 3~O (D,_() / D,_f)fo

where the phase slope D,_() / D,_f is specified in degrees per gigahertz and the resonant

frequency in gigahertz. Instead of attempting to estimate the loaded Q, a better option is

to directly control the phase loop slope [16]. Again a point is reached where the open-loop

gain and loop phase must be obtained for an oscillator. The above arguments affirm the

notion that a need exists for an analysis/design method for reflection oscillators in terms

of loop gain. The following sections present an analysis method for this purpose.

For this analysis it is assumed that the oscillator design was performed using the negative

resistance (reflection) approach and that the input impedances of the transistor (Zin), load

(ZL) destabilization network (ZJ) and resonator (Zs) are known. With these components

known, along with the transistor parameters, equations can be derived to calculated the

open-loop gain of the oscillator.
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Figure A.2: Breaking of the Feedback Loop

The first step in the analysis is to obtain the Z-parameters of the transistor used. This

is done by transformation of the transistor S-parameters using the following equation:

= Zo(I + 8)(1 - 8)-1

where 1 is the unity matrix and 8 is the transistor S-parameters. As the destabiliza-

tion network is in series with the transistor, the equivalent transistor Z-matrix (Z) is

equal to the sum of the transistor and destabilization network Z-matrices [17], or:

Zeq = Z, + Zf

which implies:

Zlleq = Zllt + Zllj

Z21eq = Z21t + Z21j

Z12eq = Z12t + Z12j

Z22eq = Z22t + Z22j

Now that the Z-parameters of the transistor taking the destabilization network into

account is know, the input impedance of the transistor with no feedback can now be

calculated using [181:

Z12eq X Z21eq
Zin(load) = Zlleq - + Z

Z22eq I
(A. 1)

By using feedback breaking techniques, the oscillator of figure A.1 can be represented as

shown in figure A.2. where [2],

(A.2)

and Zn is the Z-parameters of the oscillator feedback network given by (see figure A.3):
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= *lh=O = ZLtemp + Zp
= vJ21h=O and V2 = VI (Z +~ ) = ZpII ====? ';2 = z;

1 F Ltemp 1

= ~lh=O = ZStemp + Zp
= ~II1=O and VI = Zp(h) ====? 7;- = Zp

The input impedance of the transistor is now given by [17]:

(A.3)

Combining (A.2) and (A.3) gives:

(A.4)

where,

A. = (Z22t + Zlln)

B = (Z22tZ22n + ZllnZ22n - Z2InZI2n - ZlltZ22t - ZlltZlln + Z12tZ21t)

C = (ZlltZ22tZ22n - ZllnZlltZ22n + ZlltZ2InZI2tZ22n)

From the above, if the Z-parameters of the transistor and the feedback network are known,

equation (A.4) can be solved yielding the transistor input impedance taking the feedback

network into account. The next step is to calculate the open-loop gain, given the input

impedance of the transistor and feedback network. Firstly an equation for the open-loop

gain of the oscillator must be obtained.

To obtain these equations, two-port models must be used. Figure A.4 shows the circuit

diagram for the oscillator with the transistor represented as a two-port device. Using

Z-parameter equations, two equations are derived:

Figure A.3: Two-Port Representation of the Feedback Network
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(A.5)

(A.6)

By substituting (A.6) into (A.5),

(A.7)

The open-loop gain (G Loop) is defined as the current gain around the loop as follows:

(A.8)

From equations (A.7) and (A.8), once ZLL is known, the open-loop gain can be calculated.

As ZLL can be calculated from equation (A.2) with the calculated input impedance of the

transistor, it is thus now possible to calculate the open-loop gain of a oscillator. To verify

the validity of these equations, an analysis of an oscillator designed using Touchstone

is performed. The negative of the transistor input impedance as well as the resonator

impedance are shown in figure A.5.

The figure shows that oscillations will occur at lO.5GHz with a negative input resis-

tance of -29.6[2. Although the input impedance is known, it will be recalculated using

equation (A.4). This equation provides two possible answers although only one is correct.

A solution to this problem is discussed later in the analysis.

As open-loop gain magnitude is dependent on the transistor negative input resistance,

the real part of the transistor input impedance and source impedance are used for the

calculation. Likewise, the imaginary part of the impedances are used to calculate the

Figure A.4: Transistor as Two-Port Device
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Figure A.5: Input Impedance (Zin) and Resonator Impedance (Zs) of Touchstone Exam-
ple

open-loop gain angle. As the real and imaginary impedances are used separately in the

calculations, the load impedance ZL has to be recalculated in both cases to take this factor

into account. This temporary load impedance is calculated using (employing (A.3)):

(A.9)

By using (A.4) followed by (A.2) and (A.8), two solutions are obtained for the open-loop

gain magnitude because of the roots obtained from (A.4). To find the correct solution, a

known condition is entered into Zs which will provide a known answer for the open-loop

gain. The logical method is to insert a value equal to the negative of the transistor input

impedance which will yield an open-loop gain magnitude of 1 and angle of 0°. Figure

A.6 shows the open-loop gain obtained for the Touchstone example together with the

transistor input impedance and resonator impedance of the oscillator. For clarification

reasons, figure A.7 a) shows only the open-loop gain magnitude along with the real input

impedance and real source impedance, while b) shows the open-loop gain phase with the

imaginary input and negative imaginary source impedance.

This example clearly shows that the above analysis method predicts the oscillation

frequency as well as the region where oscillation is possible (negative transistor input

impedance). Although this method has not yet been tested against practical circuits, all

tests indicate that favorable results will be achieved.
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Appendix B

Design of the External Charge Pump

The circuit used is well known and based on current mirror techniques. The current

selection circuit shown in figure B.1 is the heart of the charge pump circuit. A fixed voltage

of 5 V will appear on the bases of the top transistors due to the negligible base currents

(high transistor input impedance). The charge pump control voltages (1)R and 1>V) has a

voltage swing of between 0.1 V and 4.9 V guaranteed by the datasheet. For all practical

purposes, the collector of the bottom transistor Vb will be at ground potential while Va

will be at 4.3 V when the control signal is active. With this assumption, the required

charge pump current is determined primarily by resistor Rl. To obtain the required 5 rnA

resistor value of 860 n is used. The source and sink paths are created utilizing current

mirrors techniques producing the circuit of figure B.2.

R2

Figure B.1: Current Selection Circuit
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Figure B.2: Charge Pump Circuit

Frequency response and time domain output signal simulation results are shown in figure

B.3. The frequency response graph shows a pole contributed to the system at 16 MHz,

well above system influence range. To differentiate between the time domain signals, the

output signal of figure B.3 b) have been elevated by 10 V.

The time domain simulation predicts a 2.181 V voltage drop across the loading resistor,

thus predicting an output current of 5.07 rnA. Source and sink currents of 5.14 rnA and

5.05 rnA were obtained through physical measurements. This results in a mismatch of

1.4%.
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Figure B.3: a) Charge Pump Frequency Response b) Charge Pump Time Domain Output



Appendix C

Oscillator Basics

C.l Basic Oscillator Theory

In the design of a crystal oscillator, an understanding of basic oscillator theory is not

only desirable but essential. Therefore, a brief explanation of crystal oscillator operation

is presented here. A crystal oscillator can be thought of as a closed loop system composed

of an amplifier and a feedback network containing a crystal. The amplitude of oscillation

builds up to the point where loop non-linearities decrease the loop gain to unity. The

frequency adjusts itself so that the total phase shift around the loop is 00 or 3600
. The

crystal, which has a large reactance-frequency slope, is located in the feedback network

at a point where it has maximum influence on the frequency of oscillation. A crystal

oscillator is unique in that the impedance of the crystal changes so rapidly with frequency

that all other circuit components can be considered to be of constant reactance. The

frequency of oscillation will adjust itself so that the crystal presents a reactance to the

circuit which will satisfy the phase requirement. If the circuit is such that a loop gain

greater than unity does not exist at a frequency where the phase requirement can be met,

oscillation will not occur [91.

C.2 Crystal Resonators

The importance of quartz crystal resonators in electronics results form their extremely

high Q, relatively small size and excellent temperature stability. A quartz crystal resonator

utilizes the piezoelectric properties of quartz. If stress is applied to a crystal in a certain
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C1 R1 L1

r:.
Figure C.l: Electrical Model of Crystal Resonator

direction, electric charge appears in a perpendicular direction. Conversely, if an electric

field is applied, it will cause mechanical deflection of the crystal. In a quartz crystal

resonator, a thin slab of quartz is placed between two electrodes. An alternating voltage

applied to these electrodes causes the quartz to vibrate. If the frequency of this voltage is

close to the mechanical resonance of the quartz slab, the amplitude of the vibration will

increase. The strain of these vibrations causes the quartz to produce a sinusoidal electric

field which controls the effective impedance between the two electrodes. This impedance

is strongly dependent on the excitation frequency and possesses an extremely high Q [9].

Electrically, a quartz crystal can be represented by the equivalent circuit of figure C.l

where the series combination R, , L1 , and C1 represent the quartz, and Co represents the

shunt capacitance of the electrodes in parallel with the holder capacitance. The inductor

L1 is a function of the mass of the quartz, while C1 is associated with its stiffness. The

resistor Rl results from the loss in the quartz and mounting arrangement.

C.3 Choice of Active Element

The choice of an active element is very important when certain oscillator specifications

must be met. The transistor chosen must obviously be operative over the required tem-

perature range and must be compatible with the oscillator circuit. At VHF, the influence

of the low frequency parameters are minimized, and thus the transistor becomes less

dependent on temperature.

The cut-off frequency (It) of a transistor is an important characteristic, as it is some

measure of the phase shift through it at the operating frequency. This phase shift is

lagging and causes the oscillator frequency to decrease and to become more dependent

on the transistor. Therefore, it is desirable to use a transistor with a cut-off frequency at

least an order of magnitude higher than the operating frequency. To obtain high-stability
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oscillators, it is desirable to minimize the effects of the transistor on the frequency. For

this reason the input and output capacitances of the transistor are often swamped out by

the addition of external input and output capacitors. If the input and output capacitances

are small, they can be swamped out effectively without the external capacitors becoming

large enough to prevent oscillation. Therefore, it is desirable to use transistors with low

input and output capacitances [9].



Appendix D

Summing Network Design

The aim of the summing network is to combine the synthesizer control signal and the

modulation signal for application to the VCO. In order to comply with the requirements, a

discrete transistor amplifier is used which necessitates adding a DC offset voltage (chosen

as 0.8 V to ensure forward biasing) to the control signal.

The first section in this appendix addresses the input isolation network followed by the

addition of the bias voltage to the synthesizer control signal. Thereafter the design of the

isolation network will be discussed, followed by the nodal summing network design.

D.l Input Isolation Network

To provide a high input impedance for the synthesizer loop filter, an input isolation

network is required. This network consists of a LF351 operation amplifier utilized in the

follower configuration. The LF351 performance is satisfactory for the purpose because of

its high input impedance and high gain-bandwidth product.

D.2 Addition of Bias Voltage to Synthesizer Control
Signal

Due to the low frequency of the summing signals, the summation is achieved using an

operation amplifier. A LF351 again features, configured as shown in figure D.l. Along

with the summation property, this circuit amplifies the synthesizer control signal by a
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R2 i2
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Figure D.l: Summing Block-Diagram

factor of 2 to obtain the full veo control voltage range. The gain factor can be altered

with minor changes to this circuit to vary synthesizer loop gain.

The transfer function of the circuit is calculated as:

(D.1)

where

(D.2)

By choosing the resistors R, and R2 as 1 kf2 and 3 kf2 respectively along with a V1 gain

of 2 leads to (Using (D.1) and (D.2)):

(D.3)

Using a V2 gain of 1, (D.1), (D.2) and (D.3):

(D.4)

leading to (inserting (D.4) into (D.3)):

By choosing R3 as 1 kf2 results in R4 = R5 = 2M2. The bias voltage V2 is generated using
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3QQuA

Figure D.2: Summing Block-Diagram

a voltage division network with a fixed reference voltage of 9 V. To calculate the resistor

values required to perform the voltage division, VB is calculated using Kirchhoff's current

law (using the resistor values calculated above):

Transistor under-biasing can occur if current i4 becomes too small due to the control

voltage VI becoming too small. This is eliminated by calculating a minimum current

value for i4. Using (D.5) with VI = OV and V2 = 0.8V, the minimum current is obtained

as 300 uA, resulting in the voltage division network of figure D.2. The maximum current

value for i4 is also calculated (using VI =9 V and V2=0.8 V) as 2.35 rnA.

For VI to have a minimal effect on the bias voltage, the current through resistor RB

should be as high as possible. For this reason the current through RB is chosen as 13

times higher than the maximum i4 current. With a voltage drop of 0.8 V over RB, this

leads to RB = 26n ~ 27n and RA = 265[2.

Now that the network summing the DC bias and synthesizer control signal have been

designed, the next obstacle is to construct the output isolation network as the nodal

summing network depends on its characteristics.

D.3 Output Isolation Network

The reason for incorporating an output isolation network is to obtain a high input

impedance for the nodal summing network. Due to the high modulation signal fre-

quency and ease of design, a discrete transistor amplifier is used to produce the high

input impedance required. An emitter-follower amplifier implementation is ideal for the
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purpose because of its high input impedance, non-inverting and unit gain properties. Due

to its high frequency properties and low cost, the 2N3904 transistor is used. (The 2N2222

transistor could also be used) with a minimum f3 specified as 30. Biasing for the amplifier

is obtained from the DC bias voltage added to the synthesizer control signal. Shown in

figure D.3 a) is the output isolation network.

For nodal summing network calculations, the input impedance of the output isolation

network is required and is obtained using two methods; the first method utilizes the

transistor small-signal model while a simulation package is used for the second.

Only the minimum input impedance of the output isolation network is of concern be-

cause a higher output isolation network input impedance will have lesser of an effect on

the summing node. The small-signal model of the output isolation network is shown in

figure D.3 b).

From the small-signal model the input impedance is obtained by:

R. - Vin
tn - .

'/,b

where

Load Re

a) b)

Figure D.3: a) Output Isolation Amplifier b) Small-Signal Model of Isolation Amplifier
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Thus,

~n = Bpi + ((3 + l)Re = Bpi + 310000

As the input impedance of the veo is unknown, it will be assumed as 100 kO which will

not affect the output isolation network. This is a fair assumption as the control voltage is

normally connected directly to a varactor diode with very low leakage currents. According

to Neamen [19]:

where VT ~ 0.026. The maximum lCQ will occur with 9 V across Re, leading to:

lCQmax ~ 1mA

This in turn leads to a maximum Bpi of 780 O. From this calculation it is evident that

Rpi can be ignored for this calculation. Following the calculations above, the isolation

network input impedance is obtained as 310 kO.

For the second method PSpice is used yielding the simulation results illustrated in figure

D.3. The simulation clearly shows that the minimum attained input impedance amounts

to 216 kO, which is less than the calculated small-signal value. For safety, the lower value

of the two methods is used for the nodal summation calculations.
~---- - -- ---- - -- - - - -- - - - - - - - - - -- - - - -- - -- -- - -- -- - - -_--- - - -- - - - - - --I
. :

....

I

i :• I ,
125"K+------------,..-------------T-------------.------------- ...-------------~------------I

Is zcs ltus 6us 8us tlus 12us
!~lU(Q9:b)1 IB(Q9)

Tine

Figure D.3: Output Isolation [etwork Input Impedance
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D.4 Nodal Summing Network

To realize this section of the network, the circuit illustrated in figure D.4 is used. The

value of the coupling capacitor (C) is calculated from the specification of the pole due

to the series combination of this capacitor and the 50 D source resistor. To ensure that

synthesizer functionality is not compromised, the pole is chosen at a frequency of 100

kHz. Resistor R is calculated by setting the voltage division losses of the control signal

equal to the voltage division losses of the modulation signal, or:

( u; ) n;
Vout_low_freq = Vcontrol R + ~ ::::}LOSSL = R + ~

and

_ ( R II ~ ) R II ~
Vout_hi9h_freq = Vmod R II u.+ 50 ::::}Loss u = R II u; + 50

where R; is the input impedance of the output isolation network. The assumption is made

that the capacitor is a perfect short at high frequencies and visa versa. Equating the loss

factors of the two situations lead to a resistor value of 3.3 kD.

The final summing network is shown in figure D.5, with the simulated and measured

frequency response of both control signal and modulation signal shown in figure D.6.

From the figure it is clear that the requirements are fully achieved by this network.

Modulation
Signal

5°f
C

Load

Figure D.4: Nodal Summing Network
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Synthesizer Control
Signal

Figure D.5: Summing Network

Measurementof SummationNetwork
2.-------~------~------~------~------~

1 8

1.6

~ 14
C:.
~ 12
c
~
tJ)

~ 08
Ol

iJ.i 06

Control Signal
Frequency Response

_._ Measured
- - - Simulated

Modulation Signal
Frequency Response

04

02
°O~----~2------~4~----~6-------8~----~10

Frequency[Hz] X 105

Figure D.6: Frequency Response of Summing Network
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Appendix E

Derivation of Component Values

This section describes the derivation of the fourth-order system component values, tak-

ing charge pump circuitry into account. The transfer function of the fourth-order system

is shown in figure E.1 is as follows:

(E.1)

with

R2C2

C2C3R2 + C1C2R2 + C1C3R3 + C2C3R3
C1 + C2 + C3

where T1, T2 and T3 represents the time constants of the loop filter. Using the filter

transfer function, the open-loop gain of the system is given by:

ICharge Pump I J
I

R2~~---'-I---1§]
C3 ....L..

I
Figure E.l: Passive Third-Order Loop Filter
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Gain(Open-Loop)

From the open-loop gain the phase margin equation is obtain as:

(E.2)

taking the tangent of both sides yields:

(E.3)

The next step is to derive an exact method for the solving of the time constants T, and

T2. By choosing the loop bandwidth to maximize the phase margin, (taking the derivative

of equation (E.2) and setting it equal to zero):

wT1 wT3
---"2 + 2
1+ (WT1) 1+ (WT3)
.f (wTl) (E.4)

Yielding:

1± J1 - 4f(wT1F
2f(wT1)

g(wTl} (E.5)

Banerjee [5] states that in (E.5), it has been found by trial and error that the positive root

provides the correct answer. However, it is possible that using the negative root could

yield better results in some cases. Using (E.5) to eliminated wT2 in equation (E.3) yields:

g(x) - xg(x) [WT3]- X - WT3 _ tan(¢) 0
1- X (WT3) + g(x) [.x+ wT31

w

Once Tl is known T2 is determined by

Ts = g(wTl}
w

By definition, the open loop transfer function gain is equal to one at the loop bandwidth.
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Therefore,

C C C _ I<veoI(p
1 + 2 + 3 - w2N

All the above equations are now incorporated into a system of 4 equations and 4 unknowns

that can be solved for one variable. The 4 equations are as follows:

Constants

I<veoI< ¢ 1+ (WT2)2
w2N [1+ (WT1)2] [1+ (WT3)2]

(T1 + T3)k1
T1T3k1
T2

C3C
1
= To be calculated later

Equations

C1 + C2 + C3

T2(C1 + C3) + R3C3(C1 + C2)

R3C1C3

C3

C1

Combining these leads to a quadratic equation that is solved for C1:



Appendix F

Derivation of Optimal Attenuation for
Loop Filter

F.1 Determining the True Added Attenuation

The forward loop gain (G(s)) is the product of the phase detector gain, loop filter trans-

fer function and veo gain (divided by s). As the spurs that must be attenuated by the

extra pole is far outside the loop bandwidth, the closed loop transfer function multiplying

the spurs can be approximated as:

The transfer function is multiplied by s to transform the phase transfer function to the

frequency domain. Taking the magnitude of this equation:

However, C1 is not constant and is given by (Refer to Appendix G for the deriva.tion of

this equa.tion) :

C _ K",KvGO T1 1+ w~T2
1 - Nw~ T2' (1 + w~T?)(l + w~Tn

Substitution yields the following expression for G(s):
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Of concern is the spurious attenuation added over a second-order loop filter. During

this derivation, the apostrophe (') will denote the values for the second-order filter. The

following equations are required for the derivation:

sec( <Pc) - tan( <Pc) = T{
Wc

1 Wc

W~(Tl + T3) sec( <Pc) - tan( <Pc)

with the true added attenuation over the second-order filter given by:

with I,= 27ffcomp.

F.2 Design for Optimal Attenuation

Designing for optimal attenuation can be stated as follows' with all loop filters with the

following values constant:

Wc

<pp
rv
Kvco
K¢
fcomp

(Third-Order Closed Loop Bandwidth)
(Second-Order Phase Margin)
(High Frequency Divider Ratio)
(VCO Gain)
(Charge Pump Gain)
(Comparison Frequency)

maximize A(T1, T3) subject to the constraint:

sec( <Pc) - tan( <Pc)
T; + T3 = constant = = KATTEN

Wc
(F.1)

Note that this makes A(Tl, T3) symmetric in T, and T3. In other words:

A(x, y) = A(y, x) (F.2)

This is solved using LaGrange multipliers and the problem is restated as:
Minimize:
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This is performed by setting:

dY dY dY------0dT
1

- dT3 - d)" - (F.3)

and finding the corresponding values for T1, T3 and)" satisfying the equation. Proceeding

from (F.3) yields:

(F.4)

and

(F.5)

where equation (F.5) is satisfied because it is the constraint. Recalling from (F.2) the

symmetry properties of A(Tl, T3) which also apply to its derivatives, then it follows that

(F.4) will be satisfied if:

Substituting this into (F.1) yields:

Tl = T3 = KArrEN sec(¢c) - tan(¢c)
2 2wc

which is the optimal choice of T3.



Appendix G

Derivation of Equation for C1

The transfer impedance of the loop filter is:

z = sR2C2 + 1
S [S2CIC2C3R2R3 + S(C2C3R2 + C1C2R2 + C1C3R3 + C2C3R3) + C1 + C2 + C3]

Assuming now that:

equation (12.2) changes to:

R2C2

C1C2R2 + C1C3R3 + C2C3R3
C1 + C2 .

leading to an open-loop gain equation of:

G· I - -Kcj>Kvco(l + jwT2) T, 1
aWOL s=jw - W2C1N(1 + jwT1) T21 + jWT3

At a frequency equal to the loop bandwidth (we), the magnitude of the open-loop gain is

per definition 1. Using this condition leads to:

(1 + w~T:n
(1 +w~Tn(1 +w~Tl)
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Appendix H

Derivation of Second-Order Transient
Response

H.I Derivation of Transfer Function

The transfer function of the loop filter is given by:

1F(s) - ---
- sRC + 1

This leads to the closed-loop transfer function:

N
CL(s) = 2 ~

~+ +1
Wn Wn

where

2~

H.2 Second-Order Transient Analysis

The aim of this section is to derive an expression for the transient analysis that can

be plotted and properties such as the settling time, rise time, overshoot, ringing and

damping factor seen from the graphs. In order to obta.in an accura.te prediction of the

PLL a.ll the poles and zeros of the transfer function must be included in the a.na.lysis. To
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achieve this, the transfer function is multiplied by ['Jv~{1 to express the frequency step as

a phase step in the Laplace domain. The transfer function is multiplied by s to repre-

sent the transfer function in the frequency domain. The transfer function thus reduces to:

where

I(pKvcoKs(h - h)
N

T

Since the poles of the transfer function is the zeroes of the denominator, the poles of the

system can be calculated numerically. With the poles of the system known, the transfer

function can be written as:

CL(s) (12 - h) = EAi [ 1 + R2C2
]

N s . s(s - p.) s - p.1=0 t t

1
Ai = nl II---

kfi Pi - Pk

From the above equation the transient response is calculated by using the inverse Laplace

transform:



Appendix I

Calculation of Frequency Modulated
Output Spectrum

This Appendix presents the calculation of the frequency modulated synthesizer output

spectrum. This section will almost exclusively be presented from Ziemer and Tranter [20J.

With the carrier and modulation signals represented by:

C(t) AecosWet

M(t) AmcosvVmt

the instantaneous frequency of the output signal is given bv:

dB(t)d:t = 271I,+ kM(t)

where k is the modulation sensitivity in radian frequency per volt. This leads to the angle

of the output signal being given by:

Manipulation of this equation leads to:

The modulation index is defined as:

kA k.4m /11/3= ~ = __1E._ =-
Wm i-. L«
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where t:lf is the maximum carrier frequency deviation by the modulation signal.

An FM signal with a carrier frequency We and a message frequency Wm contains an

infinite number of spectral components at We ± nwm. The amplitude of each sideband is

determined by the Bessel function as obtained from:

Y(t)
Ae

inf

L Jv((3)cos(wet + vwmt)
v=- inf

Jo((3)coswet

+ J1((3)cos(wet + wmt) + J-1((3)cos(we - wmt)

h((3)cos(wet + 2wmt) + J_2((3)cos(we - 2wmt)

+

where the Bessel function is given by:

(_l)n ((3)2
Jv((3) = ~nI'(1 +v+n) "2 n+v

00

with v the order of the Bessel function. Bessel function amplitudes decrease with increas-

ing order. As the modulation index (3 increases, the spectral energy shifts from the carrier

frequency to an increasing number of significant sidebands. This necessitates the use of

wider bandwidths for demodulation.
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Motorola MC145170 PLL synthesizer
IC Datasheet
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® MOTOROLA

PLL Frequency Synthesizer
with Serial Interface

The new MC145170-2 is pin-for-pin compatible with the MC145170-1. A
comparison of the two parts is shown in the table below. The MC145170-2 is
recommended for new designs and has a more robust power-on reset
(POR) circuit that is more responsive to momentary power supply
interruptions. The two devices are actually the same chip with mask options
for the POR circuit. The more robust POR circuit draws approximately 20 IlA
additional supply current. Note that the maximum specification of 100 IlA
quiescent supply current has not changed.

The MC145170-2 is a single-chip synthesizer capable of direct usage in
the MF, HF, and VHF bands. A special architecture makes this PLL easy to
program. Either a bit- or byte--oriented format may be used. Due to the
patented BitGrabbern .. registers, no address/steering bits are required for
random access of the three registers. Thus, tuning can be accomplished via
a 2-byte serial transfer to the 16--bit N register.

The device features fully programmable Rand N counters, an amplifier at
the fin pin, on--chip support of an external crystal, a programmable reference
output, and both single- and double-ended phase detectors with linear
transfer functions (no dead zones). A configuration (C) register allows the
part to be configured to meet various applications. A patented feature allows
the C register to shut off unused outputs, thereby minimizing noise and
inter1erence.

In order to reduce lock times and prevent erroneous data from being
loaded into the counters, a patented jam-load feature is included. Whenever
a new divide ratio is loaded into the N register, both the Nand R counters are
jam-loaded with their respective values and begin counting down together.
The phase detectors are also initialized during the jam load.
• Operating Voltage Range: 2.7 to 5.5 V
• Maximum Operating Frequency:

185 MHz @ Vin = 500 mVpp, 4.5 V Minimum Supply
100 MHz @ Vin = 500 mVpp, 3.0 V Minimum Supply

• Operating Supply Current:
0.6 mA @ 3.0 V, 30 MHz
1.5 mA @ 3.0 V, 100 MHz
3.0 mA @ 5.0 V, 50 MHz
5.8 mA @ 5.0 V, 185 MHz

• Operating Temperature Range: -40 to 85°C
• R Counter Division Range: 1 and 5 to 32,767
• N Counter Division Range: 40 to 65,535
• Direct Inter1ace to Motorola SPI Serial Data Port
• See Application Notes AN1207/D and AN1671/D
• See web site mot-sps.comfor MC145170 control software. Select in

order, Products, Wireless Semiconductor, Download, then PLL Demo
Software. Choose PLLGEN.EXE.

BitGrabberis a trademarkof MotorolaInc.

COMPARISION OF THE PLL FREQUENCY SYNTHESIZERS
Parameter MC14517O-2 MC14517O-1

MinimumSupplyVoltage 2.7V 2.5V

MaximumInputCurrent,fin 15Of.!A 120f.!A

DynamicCharacteristics,fin (Figure23) Unchanged -

Power-Dn ResetCircuit Improved -

Order this document by MC14517O-21D

MC145170-2

CMOS PLL FREQUENCY
SYNTHESIZER WITH SERIAL

INTERFACE

SEMICONDUCTOR
TECHNICAL DATA

~~16Iin~n~U
1

P SUFFIX
PLASTICPACKAGE

CASE648

D SUFFIX
PLASTICPACKAGE

CASE751B
(SOG-16)

DTSUFFIX
PLASTICPACKAGE

CASE948C
(TSSOP-16)

PIN CONNECTIONS

OSCin VDD
OSCout ~V

REFout ~R

fin PDout

Din VSS
ENB LD

ClK tv
Dout fR

(Top View)

ORDERING INFORMATION

Operating
Device Temp Range Package

MC145170P2 PlasticDIP

MC145170D2 TA= -40 to 85°C SOG-16

MC145170DT2 TSSOP-16

© Motorola, Inc. 1999 Rev 4



1
I15-stage R Counter fR Control

9
2 OSC I

15

4-Stage
3 Referenoe BitGrabber R Register

Divider
,--- 15 B~s

113 ,--[ Lock Detector
And Control

{5>- i7

Shift I
Register r5 BitGrabber C Register Phase/Frequency 13And / 8 B~s WControl 16 Detector A And Control PDo

8 <J- Logic t 8 t
-

14
6 t

~
Phase/Frequency

15.IT Detector B And Controly BitGrabber N Register t16 Bits

16

~
10

~

tv Control

4
16-Stage N Counter I Pin 16=VDD

~
Pin 12 = VSS

MC145170-2
BLOCK DIAGRAM

OSCin

OSCout

REFout

CLK

Dout

~n

This device contains 4,800 active transistors.

MAXIMUM RATINGS (Voltages Referenced to VSS)

Parameter Symbol Value Unit

DC Supply Voltage VDO -0.5 to 5.5 V

OC Input Voltage Yin -0.5 to VOD + 0.5 V

OC Output Voltage Vout -0.5 to VOD + 0.5 V

DC Input Current, per Pin lin ±10 mA

DC Output Current, per Pin lout ±20 mA

OC Supply Current, VDD and VSS Pins 100 ±30 mA

Power Dissipation, per Package Po 300 mW

Storage Temperature Tstg --65 to 150 °C

Lead Temperature, 1 mm from Case TL 260 °C
for 10 seconds

NOTES: 1. Maximum Ratings are those values beyond which damage to the device may occur.
Functional operation should be restricted 10the timrts in the Electrical Characteristics
tables or Pin Descriptions section.

2. ESD data available upon request.

This device contains protection circuitry to
guard against damage due to high static
voltages or electric fields. However, pre-
cautions must be taken to avoid applications of
any voltage higher than maximum rated volt-
ages to this high-impedance circuit. For proper
operation, Yin and Vout should be constrained
to the range VSS ~ (Vin or Vout) ~ VOD.

Unused inputs must always be tied to an
appropriate logic voltage level (e.g., eitherVss
or VOO). Unused outputs must be left open.

LD

ut

tv
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MC14517O-2
ELECTRICAL CHARACTERISTICS (Voltages Referenced to VSS, TA = -40 to 85°C)

Voo Guaranteed
Parameter Test Condition Symbol V Limit Unit

Power Supply Voltage Range VDD - 2.7 to 5.5 V

Maximum low-level Input Voltage [Note 1J dc Coupling to fin Vil 2.7 0.54 V
(Din, ClK, ENB, lin) 4.5 1.35

5.5 1.65

Minimum High-level Input Voltage [Note 1J dc Coupling to lin VIH 2.7 2.16 V
(Din, ClK, ENB, lin) 4.5 3.15

5.5 3.85

Minimum Hysteresis Voltage (ClK, ENB) VHys 2.7 0.15 V
5.5 0.20

Maximum low-level Output Voltage lout = 20).LA VOL 2.7 0.1 V
(Any Output) 5.5 0.1

Minimum High-level Output Voltage lout = - 20).LA VOH 2.7 2.6 V
(Any Output) 5.5 5.4

Minimum low-level Output Current Vout = 0.3 V IOl 2.7 0.12 mA
(PDout, REFout, IR, lV, lD, <PR,<PV) Vout = 0.4 V 4.5 0.36

Vout = 0.5 V 5.5 0.36

Minimum High-level Output Current Vout = 2.4 V IOH 2.7 -0.12 mA
(PDout, REFout, IR, lV, lD, <PR,<PV) Vout = 4.1 V 4.5 -0.36

Vout = 5.0 V 5.5 -0.36

Minimum low-level Output Current Vout = 0.4 V IOl 4.5 1.6 mA
(Dout)

Minimum High-level Output Current Vout = 4.1 V IOH 4.5 -1.6 mA
(Dout)

Maximum Input leakage Current Yin = VDD or VSS lin 5.5 ±1.0 ).LA
(Din, ClK, ENB, OSCin)

Maximum Input Current Yin = VDD orVSS lin 5.5 ±150 ).LA
(lin)

Maximum Output leakage Current (PDout) Yin = VDD or VSS, IOZ 5.5 ±100 nA
Output in High-Impedance State

(Dout) 5.5 ±5.0 ).LA

Maximum Quiescent Supply Current Yin = VDD or VSS; Outputs Open; IDD 5.5 100 ).LA
Excluding lin Amp Input Current Component

Maximum Operating Supply Current lin = 500 mVpp; Idd - [Note 2J mA
OSCin = 1.0 MHz @ 1.0 Vpp;
lD, IR, lV, REFout = Inactive and No Connect;
OSCout, <PV,<PR,PDout = No Connect;
Din, ENB, ClK = VDD or VSS

NOTES: 1.When de coupling to the OSCin pin is used, the pin must be driven raiHo-rail. In this case, OSCou1 should be floated.
2. The nominal values at 3.0 V are 0.6 rnA @ 30 MHz, and 1.5 rnA @ 100 MHz. The nominal values at 5.0 V are 3.0 mA @ 50 MHz, and 5.B rnA

@ 1B5 MHz. These are not guaranteed limits.
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MC14517O-2
AC INTERFACE CHARACTERISTICS (TA = -40 to 85°C, Cl = 50 pF, Input tr = tf = 10 ns, unless otherwise noted.)

Figure VOO Guaranteed
Parameter Symbol No. V Limit Unit

Serial Data Clock Frequency (Note: Refer to Clock tw Below) fclk 1 2.7 dc to 3.0 MHz
4.5 dc to 4.0
5.5 dc to 4.0

Maximum Propagation Delay, ClK to Dout tplH, tpHl 1,5 2.7 150 ns
4.5 85
5.5 85

Maximum Disable Time, Dout Active to High Impedance tpLZ, tpHZ 2,6 2.7 300 ns
4.5 200
5.5 200

Access Time, Dout High Impedance to Active tpZl, tpZH 2,6 2.7 o to 200 ns
4.5 o to 100
5.5 o to 100

Maximum Output Transition Time, Dout Cl = 50 pF tTlH, tTHl 1,5 2.7 150 ns
4.5 50
5.5 50

Cl = 200 pF 1,5 2.7 900 ns
4.5 150
5.5 150

Maximum Input Capacitance - Din, ENB, ClK Cin - 10 pF

Maximum Output Capacitance - Dout Cout - 10 pF

TIMING REQUIREMENTS ( TA = -40 to 85cC, Input tr = tf = 10 ns, unless otherwise noted.)

Figure VOO Guaranteed
Parameter Symbol No. V Limit Unit

Minimum Setup and Hold Times, Din vs ClK 'su. th 3 2.7 55 ns
4.5 40
5.5 40

Minimum Setup, Hold, and Recovery Times, ENB vs ClK tsu, th, trec 4 2.7 135 ns
4.5 100
5.5 100

Minimum Inactive-High Pulse Width, ENB tw(H} 4 2.7 400 ns
4.5 300
5.5 300

Minimum Pulse Width, ClK tw 1 2.7 166 ns
4.5 125
5.5 125

Maximum Input Rise and Fall Times, ClK tr, tf 1 2.7 100 flS
4.5 100
5.5 100
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MC14517D-2
SWITCHING WAVEFORMS

Figure 1. Figure 2.

VDD
CLK ENS

VSS
tpZl

tpLZ High

Dout Impedance

tPZH tpHZDout

Dout
High
Impedance

Figure 3. Figure 4.

Valid

VDD 'NBhDin SVSS tsu'roJ:'h VDD - VDD
ClK CLK50%

- vss
Vss

Figure 5. Test Circuit Figure 6. Test Circuit

Test Pointr---'H
I Device I
I Under I .
I Test I ICl
I IL .J

Test Point

r---I~.5kQ
I Device I
I Under I C •
I Test I I l
I I
L .J

• Includes all probe and fixture capacitance .

{

Connect to VDD
when testing tpLZ AND
tpZl· Connect to VSSwhen
testing tPHZ and tpZH.

• Includes all probe and fixture capacitance.
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MC14517O-2
LOOP SPECIFICATIONS (TA = --40 to 85°C)

Figure VDD Guaranteed Range

Parameter Test Condition Symbol No. V Min Max Unit

Input Frequency, fin [Note} Yin ~ 500 mVpp Sine Wave, f 7 2.7 5.0 80 MHz
N Counter Set to Divide Ratio 3.0 5.0 100
Such that fV ~ 2.0 MHz 4.5 25 185

5.5 45 185

Input Frequency, OSCin Yin ~ 1.0 Vpp Sine Wave, f 8a 2.7 1.0' 22 MHz
Extemally Driven with ac-coupled OSCout = No Connect, 3.0 1.0' 25
Signal R Counter Set to Divide Ratio 4.5 1.0' 30

Such that IR ~ 2 MHz 5.5 1.0' 35

Crystal Frequency, OSCin and OSCout ci ~30 pF fXTAL 9 2.7 2.0 12 MHz
C2 ~ 30 pF 3.0 2.0 12
Includes Stray Capacitance 4.5 2.0 15

5.5 2.0 15

Output Frequency, REFout CL = 30 pF fout 10,12 2.7 de - MHz
4.5 de 10
5.5 de 10

Operating Frequency of the f 2.7 de - MHz
Phase Detectors 4.5 de 2.0

5.5 dc 2.0

Output Pulse Width, CPR,CPV,and LD fR in Phase with fV tw 11,12 2.7 - - ns
CL = 50 pF 4.5 20 100

5.5 16 90

Output Transition Times, CL = 50 pF tTLH, 11,12 2.7 - - ns
CPR,CPV,LD, fR' and IV tTHL 4.5 - 65

5.5 - 60

Input Capacitance fin Cin - - - 7.0 pF
OSCin - - - 7.0

• IF lower frequency ISdesired, use wave shaping or higher amplitude sinusoidal signal In ac-coupled case. Also, see Figure 22 for dc coupling.
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MC14517D-2

Figure 7. Test Circuit, fin

l00pF r----'
I-+-+--....----.----i H~n tv t-o Testt I I Point

- ~ V I MC14517O-2 I
In I I

50Q' It I VSS VDD I V+~ LF1[_J T
• Characteristic impedance

Figure 8.

Figure 8a. Test Circuit, OSC Circuit Externally Driven [Note] Figure 8b. Circuit to Eliminate Self-Oscillation,
OSC Circuit Externally Driven [Note]

0.01 JlF r:----:l
H-+- .... -.--i ~ OSCin fRf"O~~~~t

7 1 MC14517O-2 I
50Q I OSCout I

• I I
L VSS VDD I-FO

Figure 9. Test Circuit, OSC Circuit with Crystal

Figure 11. Switching Waveform

Output

V+

Figure 10. Switching Waveform

REf,. _j"", " \,-o_ut l

Figure 12. Test Load Circuit

,---IHutput

I Device I
I Under I
I Test I I
I I
L -' -

Test Point

• Includes all probe and
fixture capacitance.

NOTE: Use the circuit of Figure 8b to eliminale sslt-oscntanon of the OSein pin when Ihe Mel45t7G-2 has power applied with no extemal signal
applied at Vin. (Self-oscillation is not harmful to the Me14517G-2 and does not damage the Ie.)
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MC14517D-2
PIN DESCRIPTIONS

DIGITAL INTERFACE PINS
Din
Serial Data Input (Pin 5)

The bit stream begins with the most significant bit (MSS)
and is shifted in on the low-ta-high transition of ClK. The bit
pattern is 1 byte (8 bits) long to access the C or configuration
register, 2 bytes (16 bits) to access the N register, or 3 bytes
(24 bits) to access the R register. Additionally, the R register
can be accessed with a 15-bit transfer (see Table 1). An
optional pattern which resets the device is shown in Figure
13. The values in the C, N, and R registers do not change
during shifting because the transfer of data to the registers is
controlled by ENS.

The bit stream needs neither address nor steering bits due
to the innovative SitGrabber registers. Therefore, all bits in
the stream are available to be data for the three registers.
Random access of any register is provided (i.e., the registers
may be accessed in any sequence). Data is retained in the
registers over a supply range of 2.7 to 5.5 V. The formats are
shown in Figures 13, 14, 15, and 16.

Din typically switches near 50% of VDD to maximize noise
immunity. This input can be directly interfaced to CMOS
devices with outputs guaranteed to switch near rail-to-rail,
When interfacing to NMOS or TTL devices, either a level
shifter (MC74HC14A, MC14504S) or pull-up resistor of 1 to
10 kQ must be used. Parameters to consider when sizing the
resistor are worst-case IOl of the driving device, maximum
tolerable power consumption, and maximum data rate.

Table 1.Register Access
(MSBs are shifted in first, co, NO,and ROare the lSBs)

Number Accessed Bit
of Clocks Register Nomenclature

9to 13 See Figure 13 (Reset)
8 C Register C7, C6, C5, .. ., CO
16 N Register N15, N14, N13, . .. , NO

15 or 24 R Register R14, R13, R12, . .. , RO
Other Values :'0 32 None

Values> 32 See Figures
24 -31

ClK
Serial Data Clock Input (Pin 7)

low-ta-high transitions on Clock shift bits available at Din,
while high-ta-Iow transitions shift bits from Dout. The chip's
16-1/2-stage shift register is static, allowing clock rates
down to dc in a continuous or intermittent mode.

Four to eight clock cycles followed by five clock cycles are
needed to reset the device; this is optional. Eight clock cycles
are required to access the C register. Sixteen clock cycles
are needed for the N register. Either 15 or 24 cycles can be
used to access the R register (see Table 1 and Figures 13,
14, 15, and 16). For cascaded devices, see Figures 24 to 31.

ClK typically switches near 50% of VDD and has a
Schmitt-triggered input buffer. Slow ClK rise and fall times
are allowed. See the last paragraph of Din for more
information.

NOTE
To guarantee proper operation of the power--on
reset (POR) circuit, the ClK pin must be held at
the potential of either the VSS or VDD pin during
power up. That is, the ClK input should not be
floated or toggled while the VDD pin is ramping
from 0 to at least 2.7 V. If control of the ClK pin is
not practical during power up, the initialization
sequence shown in Figure 13 must be used.

ENB
Active-low Enable Input (Pin 6)

This pin is used to activate the serial interface to allow the
transfer of data to/from the device. When ENS is in an
inactive high state, shifting is inhibited, Dout is forced to the
high-impedance state, and the port is held in the initialized
state. To transfer data to the device, ENS (which must start
inactive high) is taken low, a serial transfer is made via Din
and ClK, and ENS is taken back high. The low-to-high
transition on ENS transfers data to the C, N, or R register
depending on the data stream length per Table 1.

NOTE
Transitions on ENS must not be attempted while
ClK is high. This puts the device out of
synchronization with the microcontroller.
Resynchronization occurs when ENS is high and
ClK is low.

This input is also Schmitt-triggered and switches near
50% of VDD, thereby minimizing the chance of loading
erroneous data into the registers. See the last paragraph of
Din for more information.

Dout
Three-State Serial Data Output (Pin 8)

Data is transferred out of the 16-1/2-stage shift register
through Dout on the high-ta-Iow transition of ClK. This
output is a No Connect, unless used in one of the manners
discussed below.

Dout could be fed back to an MCU/MPU to perform a
wrap-around test of serial data. This could be part of a
system check conducted at power up to test the integrity of
the system's processor, PC board traces, solder joints, etc.

The pin could be monitored at an in-line QA test during
board manufacturing.

Finally, Dout facilitates troubleshooting a system and
permits cascading devices.

REFERENCE PINS
OSCin/OSCout
Reference Oscillator Input/Output (Pins 1, 2)

These pins form a reference oscillator when connected to
terminals of an external parallel-resonant crystal.
Frequency-setting capacitors of appropriate values as
recommended by the crystal supplier are connected from
each pin to ground (up to a maximum of 30 pF each,
including stray capacitance). An external feedback resistor of
1.0 to 5.0 MQ is connected directly across the pins to ensure
linear operation of the amplifier. The required connections for
the components are shown in Figure 9.

If desired, an external clock source can be ac coupled to
OSCin. A 0.01 ).LF coupling capacitor is used for
measurement purposes and is the minimum size
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MC145170-2
recommended for applications. An external feedback resistor
of approximately 5 MQ is required across the OSCin and
OSCout pins in the ac-coupled case (see Figure 8a or
alternate circuit 8b). OSCout is an internal node on the device
and should not be used to drive any loads (i.e., OSCout is
unbuffered). However, the buffered REFout is available to
drive external loads.

The external signal level must be at least 1 V p-p; the
maximum frequencies are given in the Loop Specifications
table. These maximum frequencies apply for R Counter
divide ratios as indicated in the table. For very small ratios,
the maximum frequency is limited to the divide ratio times
2 MHz. (Reason: the phase/frequency detectors are limited
to a maximum input frequency of 2 MHz.)

If an external source is available which swings virtually
raii-to-rail (VOO to VSS), then dc coupling can be used. In the
dc-coupled case, no external feedback resistor is needed.
OSCout must be a No Connect to avoid loading an internal
node on the device, as noted above. For frequencies below
1MHz, dc coupling must be used. The R counter is a static
counter and may be operated down to dc. However, wave
shaping by a CMOS buffer may be required to ensure fast
rise and fall times into the OSCin pin. See Figure 22.

Each rising edge on the OSCin pin causes the R counter to
decrement by one.

REFout
Reference Frequency Output (Pin 3)

This output is the buffered output of the crystal-generated
reference frequency or externally provided reference source.
This output may be enabled, disabled, or scaled via bits in the
C register (see Figure 14).

REFout can be used to drive a microprocessor clock input,
thereby saving a crystal. Upon power up, the on-chip
power-on-initialize circuit forces REFout to the OSCin
divided-by-8 mode.

REFout is capable of operation to 10 MHz; see the Loop
Specifications table. Therefore, divide values for the
reference divider are restricted to two or higher for OSCin
frequencies above 10 MHz.

If unused, the pin should be floated and should be
disabled via the C register to minimize dynamic power
consumption and electromagnetic interference (EMI).

COUNTER OUTPUT PINS
fR
R Counter Output (Pin 9)

This signal is the buffered output of the 15-stage R
counter. fR can be enabled or disabled via the C register
(patented). The output is disabled (static low logic level) upon
power up. If unused, the output should be left disabled and
unconnected to minimize interference with external circuitry.

The fR Signal can be used to verify the R counter's divide
ratio. This ratio extends from 5 to 32,767 and is determined
by the binary value loaded into the R register. Also, direct
access to the phase detector via the OSCin pin is allowed by
choosing a divide value of 1 (see Figure 15). The maximum
frequency which the phase detectors operate is 2 MHz.
Therefore, the frequency of fR must not exceed 2 MHz.

When activated, the fR signal appears as normally low and
pulses high. The pulse width is 4.5 cycles of the OSCin pin
signal, except when a divide ratio of 1 is selected. When 1 is

selected, the OSCin signal is buffered and appears at the fR
pin.

tv
N Counter Output (Pin 10)

This signal is the buffered output of the 16-stage N
counter. fV can be enabled or disabled via the C register
(patented). The output is disabled (static low logic level) upon
power up. If unused, the output should be left disabled and
unconnected to minimize interference with external circuitry.

The fV signal can be used to verify the N counter's divide
ratio. This ratio extends from 40 to 65,535 and is determined
by the binary value loaded into the N register. The maximum
frequency which the phase detectors operate is 2 MHz.
Therefore, the frequency of tv must not exceed 2 MHz.

When activated, the tv signal appears as normally low and
pulses high.

LOOP PINS
fin
Frequency Input (Pin 4)

This pin is a frequency input from the VCO. This pin feeds
the on-chip amplifier which drives the N counter. This signal
is normally sourced from an external voltage-controlled
oscillator (VCO), and is ac-coupled into fin. A 100 pF
coupling capacitor is used for measurement purposes and is
the minimum size recommended for applications (see Figure
7). The frequency capability of this input is dependent on the
supply voltage as listed in the Loop Specifications table.
For small divide ratios, the maximum frequency is limited to
the divide ratio times 2 MHz. (Reason: the phase/frequency
detectors are limited to a maximum frequency of 2 MHz.)

For signals which swing from at least the VIL to VIH levels
listed in the Electrical Characteristics table, dc coupling
may be used. Also, for low frequency signals (less than the
minimum frequencies shown in the Loop Specifications
table), dc coupling is a requirement. The N counter is a static
counter and may be operated down to dc. However, wave
shaping by a CMOS buffer may be required to ensure fast
rise and fall times into the fin pin. See Figure 22.

Each rising edge on the fin pin causes the N counter to
decrement by 1.

PDout
Single-Ended Phase!Frequency Detector Output
(Pin 13)

This is a three-state output for use as a loop error signal
when combined with an external low-pass filter. Through use
of a Motorola patented technique, the detector's dead zone
has been eliminated. Therefore, the phase/frequency
detector is characterized by a linear transfer function. The
operation of the phase/frequency detector is described below
and is shown in Figure 17.

POL bit (C7) in the C register = low (see Figure 14)
Frequency of tv > fR or Phase of tv Leading fR: negative

pulses from high impedance
Frequency of IV < fR or Phase of tv Lagging fR: positive

pulses from high impedance
Frequency and Phase of tv = fR: essentially

high-impedance state; voltage at pin determined by loop
filter

POL bit (C7) = high

MOTOROLA RFIIF DEVICE DATA 9
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Frequency of tv > fR or Phase of tv Leading fR: positive

pulses from high impedance
Frequency of tv < fR or Phase of fV Lagging fR: negative

pulses from high impedance
Frequency and Phase of fV = fR: essentially

high-impedance state; voltage at pin determined by loop
filter

This output can be enabled, disabled, and inverted via the
C register. If desired, PDout can be forced to the
high-impedance state by utilization of the disable feature in
the C register (patented).

<PRand <PV
Double-Ended Phase/Frequency Detector Outputs
(Pins 14, 15)

These outputs can be combined externally to generate a
loop error signal. Through use of a Motorola patented
technique, the detector's dead zone has been eliminated.
Therefore, the phase/frequency detector is characterized by
a linear transfer function. The operation of the
phase/frequency detector is described below and is shown in
Figure 17.

POL bit (C7) in the C register = low (see Figure 14)
Frequency of tv > fR or Phase of tv Leading fR: <PV=

negative pulses, <PR= essentially high
Frequency of fV < fR or Phase of tv Lagging fR: <PV=

essentially high, <PR= negative pulses
Frequency and Phase of fV = fR: <PVand <PRremain

essentially high, except for a small minimum time period
when both pulse low in phase

POL bit (C7) = high
Frequency of fV > fR or Phase of tv Leading fR: <PR=

negative pulses, <PV= essentially high

Frequency of tv < fR or Phase of fV Lagging fR: <PR=
essentially high, <PV= negative pulses

Frequency and Phase of tv = fR: <PVand <PRremain
essentially high, except for a small minimum time period
when both pulse low in phase

These outputs can be enabled, disabled, and
interchanged via the C register (patented).

LD
Lock Detector Output (Pin 11)

This output is essentially at a high level with narrow
low-going pulses when the loop is locked (fR and tv of the
same phase and frequency). The output pulses low when tv
and fR are out of phase or different frequencies (see Figure
17).

This output can be enabled and disabled via the C register
(patented). Upon power up, on-chip initialization circuitry
disables LD to a static low logic level to prevent a false "lock"
signal. If unused, LD should be disabled and left open.

POWERSUPPLY
VDD
Most Positive Supply Potential (Pin 16)

This pin may range from 2.7 to 5.5 V with respect to VSS.
For optimum performance, VDD should be bypassed to

VSS using low-inductance capacitor(s} mounted very close
to the device. Lead lengths on the capacitor(s} should be
minimized. (The very fast switching speed of the device
causes current spikes on the power leads.)

VSS
Most Negative Supply Potential (Pin 12)

This pin is usually ground. For measurement purposes,
the VSS pin is tied to a ground plane.

Figure 13. Reset Sequence

ENS

Power
Up

I

?j
CLK

Din iJV!!IZZ/Z/I II//J
Don't Cares ----- .....14-- Zeroes --lOne 1Zero ...1..1---- Don" Cares

NOTE: This initialization sequence is usually not necessary because the on-chip power-on reset circuit performs the initialization
function. However, this initialization sequence must be used immediately after power up if control 01the ClK pin is not
possible. That is, if ClK (Pin 7) toggles or Hoats upon power up, use the above sequence to reset the device.
Also, use this sequence if power is momentarily interrupted such that the supply vottaqe to the device is reduced to below
2.7 V, but not down to at least 1 V (lor example, the supply drops down to 2 V). This is necessary because the on-chip
power-on reset is only activated when the supply ramps up from a voltage below approximately 1.0 V.
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Figure 14. C Register Access and Format (8 Clock Cycles are Used)

• At this point, the new byte is transferred to the C register and stored. No other registers
are affected.

C7 - POL: Selects the output polarity of the phase/frequency detectors. When set high, this bit inverts
PDout and interchanges the <t>Rfunction with <t>Vas depicted in Figure 17. Also see the phase
detector output pin descriptions for more information. This bit is cleared low at power up.

C6 - POAlB: Selects which phase/frequency detector is to be used. When set high, enables the output of
phase/frequency detector A (POout) and disables phase/frequency detector B by forcing <t>R
and <t>Vto the static high state. When cleared low, phase/frequency detector B is enabled (<t>R
and <t>V)and phase/frequency detector A is disabled with POout forced to the high-impedance
state. This bit is cleared low at power up.

C5 - LDE: Enables the lock detector output when set high. When the bit is cleared low, the LO output is
forced to a static low level. This bit is cleared low at power up.

C4 - C2, OSC2 - OSCO: Reference output controls which determine the REFout characteristics as shown below. Upon
power up, the bits are initialized such that OSCin/8 is selected.

C4 C3 C2 REFout Frequency

0 0 0 dc (Static Low)

0 0 1 OSCin

0 1 0 OSCin/2

0 1 1 OSCin/4

1 0 0 OSCin/8 (POR Default)

1 0 1 OSCin/16

1 1 0 OSCin/8

1 1 1 OSCin/16

C1 - fVE: Enables the 'v output when set high. When cleared low, the fV output is forced to a static low
level. The bit is cleared low upon power up.

co - fRE: Enables the fR output when set high. When cleared low, the fR output is forced to a static low
level. The bit is cleared low upon power up.

MOTOROLA RFIIF DEVICE DATA 11
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Figure 16. N Register Access and Format (16 Clock Cycles Are Used)

CLK

0 0 0 0 Not Allowed
0 0 0 t Not Allowed
0 0 0 2 Not Allowed
0 0 0 3 Not Allowed

0 0 2 5 Not Allowed
0 0 2 6 Not Allowed
0 0 2 7 Not Allowed
0 0 2 8 N Counter = + 40
0 0 2 9 N Counter =;- 41
0 0 2 A N Counter = + 42
0 0 2 B N Counter = +43

F F F E N Counter = +65,534
F F F F N Counter = +65,535

'-v-J L Decimal Equivalent
Hexadecimal Value

• At this point, the two new bytes are transferred to the N register and stored. No other registers are affected. In addition, the Nand
R counters are jam-loaded and begin counting down together.

Figure 17. Phase/Frequency Detectors and Lock Detector Output Waveforms
fR

Reference
OSCin+R ----~Il~------~Il~------~!l~------~Il~~-~

tv
Feedback
(~n+ N)

n n ,u
u W , I

I
' ' U: I
, ' , ,

, , , , ,

U U U

PDou1

LD

VH = High voltage level
VL = Low voltage level
'At this point, when both fR and tv are in phase, both the sinking and sourcing output FETs are turned on for a very short interval.

NOTE: The PDout generates error pulses during cut-of-lock conditions. When locked in phase and frequency, the output is high impedance and
the voltage at that pin is determined by the low-pass fiHer capacitor. PDout, ¢R, and 'N are shown with the polarity bit (POL) = low;
see Figure 14 for POL.
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DESIGN CONSIDERATIONS

CRYSTAL OSCILLATOR CONSIDERATIONS
The following options may be considered to provide a

reference frequency to Motorola's CMOS frequency
synthesizers.

Use of a Hybrid Crystal Oscillator
Commercially available temperature-compensated

crystal oscillators (TCXOs) or crystal-controlled data clock
oscillators provide very stable reference frequencies. An
oscillator capable of CMOS logic levels at the output may be
direct or dc coupled to OSCin. If the oscillator does not have
CMOS logic levels on the outputs, capacitive or ac coupling
to OSCin may be used (see Figures 8a and 8b).

For additional information about TCXOs, visit
motorola. com on the world wide web.

Use of the On-Chip Oscillator Circuitry
The on-chip amplifier (a digital inverter) along with an

appropriate crystal may be used to provide a reference
source frequency. A fundamental mode crystal, parallel
resonant at the desired operating frequency, should be
connected as shown in Figure 18.

The crystal should be specified for a loading capacitance
(CL) which does not exceed 20 pF when used at the highest
operating frequencies listed in the Loop Specifications
table. Larger CL values are possible for lower frequencies.
Assuming R1 = 0 n, the shunt load capacitance (CL)
presented across the crystal can be estimated to be:

C = CinCout + C + C + C1 x C2
L Cin + Cout a stray C1 + C2

where
Cin =

Cout =
Ca=

C1 and C2 =

Cstray =

5.0 pF (see Figure 19)
6.0 pF (see Figure 19)
1.0 pF (see Figure 19)
external capacitors (see Figure 18)
the total equivalent external circuit stray
capacitance appearing across the crystal
terminals

The oscillator can be "trimmed" on-frequency by making a
portion or all of C1 variable. The crystal and associated
components must be located as close as possible to the
OSCin and OSCout pins to minimize distortion, stray
capacitance, stray inductance, and startup stabilization time.
Circuit stray capacitance can also be handled by adding the
appropriate stray value to the values for Cin and Cout. For this
approach, the term Cstray becomes 0 in the above expression
for CL.

A good design practice is to pick a small value for C1, such
as 5 to 10 pF. Next, C2 is calculated. C1 < C2 results in a
more robust circuit for start-up and is more tolerant of crystal
parameter variations.

Power is dissipated in the effective series resistance of the
crystal, Re, in Figure 20. The maximum drive level specified
by the crystal manufacturer represents the maximum stress
that the crystal can withstand without damage or excessive
shift in operating frequency. R1 in Figure 18 limits the drive
level. The use of R1 is not necessary in most cases.

To verify that the maximum dc supply voltage does not
cause the crystal to be overdriven, monitor the output
frequency at the REFout pin (OSCout is not used because
loading impacts the oscillator). The frequency should
increase very slightly as the dc supply voltage is increased.
An overdriven crystal decreases in frequency or becomes
unstable with an increase in supply voltage. The operating
supply voltage must be reduced or R1 must be increased in
value if the overdriven condition exists. The user should note
that the oscillator start-up time is proportional to the value of
R1.

Through the process of supplying crystals for use with
CMOS inverters, many crystal manufacturers have
developed expertise in CMOS oscillator design with crystals.
Discussions with such manufacturers can prove very helpful
(see Table 2).

Figure 18. Pierce Crystal Oscillator Circuit

I
I
L

-Frequenc~
Synthesizer I

X>----<IJ--I

_j
OSCout

C1
5.0to 10pFT
• May be needed in certain cases. See text.

Figure 19. Parasitic Capacitances of the Amplifier
and Cstray

~_Ca
OSCin o)--...,I-----,--~-..,...----.--O OSCout

-1- Cin I I
-1- L__ II __ _j
...L II

Cout =:=
...L

Cstray

Figure 20. Equivalent Crystal Networks

1 0 2o---j f----o

NOTE: Values are supplied by crystal manufacturer
(parallel resonant crystal).
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RECOMMENDED READING

Technical Note TN-24, Statek Corp.
Technical Note TN-7, Statek Corp.
E. Hafner, "The Piezoelectric Crystal Unit-Definitions and

Method of Measuremenf, Proc. IEEE, Vol. 57, No.2, Feb.
1969.

D. Kemper, L. Rosine, "Quartz Crystals for Frequency
Control", Electro-Technology, June 1969.

P. J. Ottowitz, "A Guide to Crystal Selection", Electronic
Design, May 1966.

D. Babin, "Designing Crystal Oscillators", Machine
Design, March 7, 1985.

D. Babin, "Guidelines for Crystal Oscillator Design",
Machine Design, April 25, 1985.

See web site mot-sps.com for MC14517D-2 control
software. Select in order, Products, Wireless Semiconductor,
Download, then PLL Demo Software. Choose PLLGEN.EXE.

Table 2. Partial List of Crystal
Manufacturers

CTS Corp.

United States Crystal Corp.

Crystek Crystal

Statek Corp.

Fox Electronics

NOTE: Motorola cannot recommend one
supplier over another and in no
way suggests that this is a
complete listing of crystal
manufacturers.
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PHASE-LOCKED LOOP - LOW PASS FILTER DESIGN

R1
$R -- I\Ar-_.----l

$V ----vvv---t..---l

equivalent
(Note 3)

(1)n=
V Kq,Kvco

NR1C

N(1)n
~ =

2Kq,Kvco

F(s) =
R1SC+ 1

V Kq,Kvco
(1)n=

NC(R1 + R2)

~ = 0.5 (1)n (R2C + Kq,K~CO)

F(s) =
R2sC + 1

(R1 + R2)sC + 1

(J)n =
V Kq,Kvco

NCR1

~ =
ffinR~

2

Assuming Gain A Is Very Large, Then:

F(s) =
R2sC + 1

R1SC

(A) PDout7.lvco

1_1
cI

(8) PDout vco

(e)

NOTES:

1. For (C), R1 is frequently split into two series resistors; each resistor is equal to R1 divided by 2. A capacitor Cc is then placed from
the midpoint to ground to further filter the error pulses. The value of Cc should be such that the comer frequency of this network
does not significantly affect (1)n.

2. The $R and $V outputs swing rail-to-rail, Therefore, the user should be careful not to exceed the common mode input range of
the op amp.

3. For the latest information on MC33077 or equivalent, see the Motorola Analog IC web site at http://www.mot-sps.com/analog.

DEFINITIONS:
N = Total Division Ratio in Feedback Loop
~ (Phase Detector Gain) = VDD/4rr volts per radian for PDout
~ (Phase Detector Gain) = VDD/2rr volts per radian for $V and $R

2M.tvCO
KVCO (VCO Gain) = -~~

I'NVCO

For a nominal design starting point, the user might consider a damping factor ~ = 0.7 and a natural loop frequency (1)n= (2nfR/50) where
fR is the frequency at the phase detector input. Larger (1)nvalues result in faster loop lock times and, for similar sideband filtering, higher
fR-related veo sidebands.

RECOMMENDED READING:
Gardner, Floyd M., Phaselock Techniques (second edition). New York, Wiley-Interscience, 1979.
Manassewitsch, Vadim, Frequency Synthesizers: Theory and Design (second edition). New York, Wiley-Interscience, 19BO.
Blanchard, Alain, Phase-Locked Loops: Application to Coherent Receiver Design. New York, Wiley-Interscience, 1976.
Egan, William F., Frequency Synthesis by Phase Lock. New York, Wiley-Interscience, 19B1.
Rohde, Ulrich L., Digital PLL Frequency Synthesizers Theory and Design. Englewood Cliffs, NJ, Prentice-Hall, 19B3.
Ber1in, Howard M., Design of Phase-Locked Loop Circuits, with Experiments. Indianapolis, Howard W. Sams and Co., 197B.
Kinley, Harold, The PLL Synthesizer Cookbook. Blue Ridge Summit, PA, Tab Books, 19BO.
Seidman, Arthur H., Integrated Circuits Applications Handbook, Chapter 17, pp. 538-586. New York, John Wiley & Sons.
Fadrhons, Jan, "Design and Analyze PLLs on a Programmable Calculator," EON. March 5, 19BO.
AN535, Phase-Locked Loop Design Fundamentals, Motorola Semiconductor Products, Inc., 1970.
AR254, Phase--4...ocked Loop Design Articles, Motorola Semiconductor Products, Inc., Reprinted with permission from Electronic Design,

19B7.
AN1207, The MC145170 in Basic HF and VHF Oscillators, Motorola Semiconductor Products, Inc., 1992.
AN1671, MC145170 PSpice Modeling Kit, Motorola Semiconductor Products, Inc., 199B.
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Figure 21. Example Application

MCU

r--------~+

OSC
,n

VDD l.1§_} Optional
IOSCoot <JlvI loop ErrorSignals

I ~ REFout $RP (Note1)

-= 41 f "',...' PD 1,1.-=-3 _J-lin 0 ootl-
5 '!i 112I--------------iiol Din u VSS !-'c=_-----,l

1--- ..61 ENB ::;; lDI r1-,-1 ---,

1- ~7 ClK tv ~
81 19

Optional ----':'_' Dout fR I
L ..J

VHFOutput

low-pass Filter

T

Optional
(Note5)

(Note4)

NOTES:
1. The $R and $V outputs are fed to an extemal combiner/loop filter. See the Phase-locked

loop - Low-Pass Filter Design page for additional information. The <JlRand $V outputs swing
rail-to-rail. Therefore, the user should be careful not to exceed the common mode input range
of the op amp used in the combinerlloop filter.

2. For optimum performance, bypass the VDD pin to VSS (GND) with one or more low-inductance
capacitors.

3. The R counter is programmed for a divide value = OSCinlfR· Typically, fR is the tuning resolution
required for the VCO. Also, the VCO frequency divided by fR = N, where N is the divide value of
the N counter.

4. May be an R-C low-pass filter.
S. May be a bipolar transistor.
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Figure 22. Low Frequency Operation Using de Coupling

V+

1 r--_l---,
14 I VDD I

r-- -, I I
A 11 ~12 C I. L_---'-'---'-1It----1VHIc-=--------''-------'1 OSCln OSCout I No Connect

I I
I MC74HC14A I : MC14517O-2 II
I I

_B__ 3-+1-----i~ I 4 D I I
I Vi I~n IL_-

r7
_J I I

I VSS IL_--1--_.J
NOTE: The signals at Points A and B may be low-frequency sinusoidal

or square waves with slow edge rates or noisy signal edges. At
Points C and D, the signals are cleaned up, have sharp edge
rates, and rail-to--rail signal swings. With signals as described at
Points C and D, the MC 145170-2 is guaranteed to operate down
to a frequency as low as de.
Refer to the MC74HC14A data sheet for input switching levels
and hysteresis voltage range.
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Figure 23. Input Impedance at fin - Series Format (R + jX)

(5.0 MHz to 185 MHz)

Frequency Resistance Reactance Capacitance
Marker (MHz) (Q) (Q) (pF)

1 5 2390 - 5900 5.39
2 100 39.2 - 347 4.58
3 150 25.8 -237 4.48
4 185 42.6 -180 4.79

Figure 24. Cascading Two MC145170-2 Devices

- ,...--- --- ---r- - -- --

> 33kQ
< NOTE 1

-=-
CMOS
MCU

Optional

r-------------,I Device #1 I
I MC145170-2 I

L Din CLK ENB Dout J

r-------------,
I Device #2 II MC145170-2 I
L Din ClK EN~ _ "£Ou1 _ J

NOTES:
1. The 33 kQ resistor is needed to prevent the Din pin from lIoating. (The Dout pin is a three-state output.)
2. See related Figures 25, 26, and 27.
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Figure 28. Cascading Two Different Device Types

- .....-- --- ---r- -r-- ---

i33kQ
_ Note1

CMOS
MCU

Optional

V+

1_ VPDr-----------L~'~r I~_L L__,
I VDD I I VDD VCC VPD I
I Device#1 I I Device#2 I
I MC14517G-2 I I Note2 I

OutputA
IL Din CLK ENB Dout ! I Din ctx ENB (Dout) I~ L _oJ

NOTES:
1. The 33 kQ resistor is needed to prevent the Din pin from floating. (The Dout pin is a three-state output.)
2. This PLl Frequency Synthesizer may be a MC145190, MC145191, MC145192, MC145200, or MC145201.
3. See related Figures 29, 30, and 31.
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OUTLINE DIMENSIONS

P SUFFIX
PLASTIC PACKAGE

CASE 648--08
ISSUE R

1$1 025(O.010)@ITIA @I

DSUFFIX
PLASTIC PACKAGE

CASE 751B-05
(SOG-16)
ISSUE J

lil::l 0 Db 0 0 1::l~¥C
L±Js~~ -j-L- - - - -~ T1

D 16PL

1$1O.25(O.010)@ITI8 ®I A®I

NOTES:
1. DIMENSIONING AND TOLERANCING PER ANSI

Y14.5M.1982.
2. CONTROWNG DIMENSION: INCH.
3. DIMENSION L TO CENTER OF LEADS WHEN

FORMED PARALLEL
4. DIMENSION S DOES NOT INCLUDE MOLD FLASH.
5. ROUNDED CORNERS OpnONAL

INCHES MILLIMETERS
DIM MIN MAX MIN MAX
A 0740 0.770 18.80 1955
S 0.250 0.270 6.35 6.85
C 0.145 0.175 3.69 4.44
D 0.015 0.021 0.39 0.53
F 0.040 0.70 102 1.77
G 0.100 SSC 2.54 SSC
H 0.050 SSC 1.27SSC
J 0.008 0.015 0.21 0.38
K 0.110 0.131 2.80 3.30
L 0.295 0.305 7.50 7.74
M 0° 10° 0° 10 °
S 0.020 0.040 0.51 1.01

NOTES:
1. DIMENSIONING AND TOLERANONG PER ANSI

Y14.5M. 1982.
2. CONTROLUNG DIMENSION: MIWMETER.
3. DIMENSIONS A AND S DO NOT INCLUDE

MOLD PROTRUSION.
4. MAXIMUM MOLD PROTRUSION 0.15 (0006)

PER SIDE_
5. DIMENSION D DOES NOT INCLUDE DAMBAR

PROTRUSION. ALLOWABLE DAMBAR
PROTRUSION SHALL BE 0.127 (0.005) TOTAL
IN EXCESS OF THE D DIMENSION AT
MAXIMUM MATERIAL CONDInON.

MILLIMETERS INCHES
DIM MIN MAX MIN MAX
A 980 1000 0386 0393
B 380 4.00 0.150 0.157
C 1.35 175 0.054 0.068
D 0.35 0.49 0014 0.019
F 0.40 1.25 0016 0049
G 1.27 sse 0.050 SSG
J 0.19 0.25 0.008 0.009
K 0.10 0.25 0.004 0009
M 0° 7° 0° 7°
P 5.80 6.20 0229 0.244
R 0.25 0.50 0.010 0019
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OUTLINE DIMENSIONS

OT SUFFIX
PLASTIC PACKAGE

CASE 948C--Q3
(TSSOP-16)
ISSUE B

I'IJTES:
1. DIMENSIONING AND TOLERANaNG PER ANSI

Y14.5M,1982.
2. CONTROLUNG DIMENSION: MILLIMETER.
3. DIMENSION A DOES NOT INCLUDE MOLD

FLASH, PROTRUSIONS OR GATE BURRS.
MOlD FLASH OR GATE BURRS SHALL I'IJT
EXCEED 0.15 (0.006) PER SIDE.

4. DIMENSION B ODES I'IJT INCLUDE INTERLEAD
FLASH OR PROTRU ON. INTERLEAD FLASH
DR PROTRUSION SHALL NOT EXOEED 0.25
(0.010) PER SIDE.

5. DIMENSION K DOES NOT INCLUDE DAMBAR
PROTRUSION. ALLOWABLE DAMBAR
PROTRUSION SHALL BE 0.08 (0.003) TOTAL
EXCESS OF THE K DIMENSION AT MAXMUM
MATERIAL CONDInON.

6. TERMINAL NUMBERS ARE SHOWN FOR
REFERENCE ONLY.

7. DIMENSIONS A AND B ARE TO BE
DETERMINED AT DAnLM PLANE-U-.

PIN 1
IDENTIACATION

MILUMETERS INCHES
DIM MIN MAX MIN MAX
A - 5.10 - 0200
B 4.30 4.50 0.169 0.177
C - 1.20 - 0047
D 0.05 0.25 0.002 0.010
F 0.45 0.55 0018 0022
G 065 SSC 0.026 BSC
H 0.22 023 0.009 0.010
J 0.09 0.24 0.004 0.009
Jl 0.09 018 0.004 0.007
K 0.16 032 0006 0.013
Kl 0.16 0.26 0006 0.010
L 630 650 0.248 0.256
M 0' 10' 0' 10'
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