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Abstract 
 
In this report the two-tone PLL circuit intended for on-chip test of RF blocks 
is presented. The primary application is the third order intermodulation test 
(TOI), vital for RF front-ends. If the spectral analysis can also be completed 
by DSP available on the chip or on board, it provides a built in self-test 
(BiST) which can replace costly test instrumentation (ATE). The advantage 
of the designed two-tone PLL is that it practically prevents the locking effect 
while keeping the two oscillation frequencies close. Also by careful design 
the possible intermodulation distortion of the two-tone stimulus can be 
avoided.  
The two-tone PLL has been designed and verified at the system level using 
Verilog-A models in Cadence TM. Besides, two building blocks of the PLL 
were implemented at the circuit level in 90nm CMOS technology. The 
obtained results are promising in terms of a practical two-tone BiST 
implementation.                           
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Abbreviations 
 

  ATE =    Automatic Test Equipment 
AD =      Analog to Digital Converter 
A-HDL= Altera Hard Ware Language 
AM      = Amplitude Modulation 
BiST =   Built-in-Self-Test 
CMR =     Common Mode Rejection 
CMRR =   Common Mode Rejection Ratio 
CMOS = Complementary metal-oxide-semiconductor 
DfT =     Design for Testability 
DSP =     Digital Signal Processor 
FM   =     Frequency modulator 
FD    =      Frequency Detector 
f diff       =      Difference frequency(Offset-frequency) 
IM    =    Intermodulation 
IP3   =     Third intercept point 
IIP3 =     Third intercept point 
LPF =      Low Pass Filter 
LTI   =      Linear Time Invariant 
Mux      =   Multiplexer 
NMOS = N Channel metal-oxide-semiconductor    
OP-AMP = Operational Amplifier 
OIP3          = Out put IP3                                             
PLL =     Phase Lock Loop 
PD   =      Phase Detector 
PFD =       Phase Frequency Detector 
PSRR =     Power Supply Rejection Ratio 
PMOS =   P Channel metal-oxide-semiconductor  
RF    =    Radio Frequency 
VCO =    Voltage Controlled Oscillator 
Vcont =   Control Voltage 
VLSI =     Very Large Scale Integration 
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Chapter 1 
 

Introduction 
 

1.1 Background 
   
Due to complexity of today’s VLSI ICs, production test is becoming 
increasingly expensive. Its contribution to the total production cost is 
significant and in case of mixed signal /RF chips it can even override the 
direct manufacturing expenses. At present, the advancing complexity and 
performance of mixed-signal and RF ICs are pushing the production test 
techniques based on automatic test equipment (ATE) to the edge of their 
limits. In this context, alternative approaches based on analog fault 
modeling, design for testability (DfT) and built-in-self-test (BiST), so far not 
appreciated by industry, are appealing and can alleviate the problem. 
In mass production using an inexpensive on-chip test (BiST), to detect all 
critical faults and isolate the defective chips, seems to be reasonable strategy 
provided the process is mature and well under control. The ultimate 
objective for BiST, recently sought more and more by industry, would be to 
avoid very time consuming performance tests where expensive ATE is 
needed. Preferably, the defective chips should be isolated as soon as 
possible, i.e. prior packaging that is an expensive manufacturing step, too. 
On the other hand, having an insight into the mixed-signal/RFIC design one 
can realize the existing tradeoffs between testability enabled on a chip and 
the required performance in the normal operation mode. Those tradeoffs and 
the area overhead are the key factors in the RF design for test. 
Basically, only a limited test circuitry is accepted on a chip, nevertheless the 
available on-chip resources can be reused during test. Specifically, for a 
highly integrated mixed-signal/RF circuit, the available AD/DA converters 
and a signal processor (DSP/BB) can be used to test the analog/RF part. In 
this case, the DSP can serve both as a test pattern generator and response 
analyzer implementing in this way the BiST technique. During test the DSP 
verifies correctness of the analog/RF part of the chip and prompts with a 
fail/pass signal. 
Some tests, however, like the two-tone test, require test patterns (stimuli) 
that may need a dedicated hardware. For the two-tone intermodulation test a 
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spectrally pure stimulus is of paramount importance. Specifically, the third 
order intermodulation (TOI) products should be avoided in this case. When 
generated in a base-band processor and next, upconverted to RF in a mixer 
the two-tone stimulus is exposed to TOI that makes it useless for the TOI 
test. Instead, it can be created directly at RF using a dedicated two-tone 
generator where TOI can be avoided by a careful design. Since such a two-
tone generator would make use of two oscillators operating with the same 
amplitudes and with frequencies close to each other, the mutual pulling 
effect can ultimately cause those oscillators to lock at one frequency. This 
phenomenon appears the fundamental challenge in generation of the two-
tone stimulus on a chip. 
In this respect a two-tone PLL presented in this report is considered a viable 
solution. The two-tone PLL test circuit has been designed and verified at the 
system level in Cadence TM environment. For this purpose Verilog-A models 
were developed. Besides, two building blocks of the PLL were implemented 
at the circuit level in 90nm CMOS technology. The obtained results are 
promising in terms of a practical two-tone BiST implementation.                                                               

1.2 Motivation   
 
 1: In a nonlinear system, when two signals with different frequencies are 
applied to its input, the output contains various harmonic and 
intermodulation components of which the third order intermodulation 
components (IM3) are of special concern.        
 

 
                    Fig 1.1 Intermodulation in a nonlinear system [1]. 
 
To characterize this effect consider a nonlinear model defined as:   
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Expanding the left side and discarding dc terms and harmonics, we obtain 
the following intermodulation products:  
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of particular interest are the third–order IM products at 212 ωω −  

and 122 ωω − , illustrated in Figure (1.2). The key point here is that if the 

difference between 1ω  and 2ω   is small, the components at 212 ωω −  and 

122 ωω −  appear in the vicinity of 1ω  and 2ω , thus revealing nonlinearities.  
 In a typical two-tone test, A1 = A2 = A and the ratio of the amplitude of the 
output third-order products to Α1α  defines the IM distortion.                   
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Figure 1.2 Corruption of a signal due to intermodulation between two   
                     interferers [1] 
 
 Intermodulation is undesirable as it creates difficulties, as depicted above. If 
a weak signal accompanied by two strong interferers experiences third order 
nonlinearity, then one of the IM products falls in the band of interest, 
corrupting our desired component. While operating on the amplitude of the 
signals, this effect degrades the performance even if the modulation is on the 
phase (because zero-crossing points are still affected). Note that this 
phenomenon can not be directly quantified by harmonics distortion.  The 
corruption of signals due to third-order intermodulation of two nearby 
interferers is so common and so critical that a performance metric has been 
defined to characterize this behaviour called the “third-order intercept point” 
(IP3), this parameter is measured by a two –tone in which A is chosen to be 
sufficiently small so that higher –order non-linear terms are negligible and 
the gain is relatively constant and equal to 1α  
From equation (1.5), (1.6), (1.7), we note that as amplitude (A) increases, the 
fundamental increase in proportion to A, whereas the third–order IM 
products increase in proportion to A3, Figure [(1.3(a)].Plotted on a 
logarithmic scale [Fig1.3 (b)], the magnitude of the IM products grows at 
three times the rate at which the main componenets increase. The third- 
order intercept point is defined to be at the intersection of the two lines. The 
horizontal coordinate of this point is called the input IP3 (IIP3), and the 
vertical coordinates is called the output IP3 (IIP3), and the vertical coordinate 
is called the output IP3 (OIP3). 
 
 
 
 
 

1ω  2ω  

Interferer 

ω  ω
 

Low-Noise 
Amplifier 

Desired Channel 
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    Fig 1.3 Growth of output components in an intermodulation test [1]. 
 
It is important to appreciate the advantage of IP3 over a simple IM 
measurement. If the magnitude of IM products (normalized to that of the 
carrier) is used as a measure of linearity, then the input amplitude with 
which the test is performed must be specified. The third intercept point, on 
the other hand, is a unique quantity that by itself can serve as a means of 
comparing the linearity of different circuits.  
From the input-output characteristics of equation    
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And the output IP3 is equal to 31 IPΑα  [4]. 
The parameter IP3 characterizes only third–order nonlinearities. In practice, 
if the input level is increased to reach the intercept point, the assumption   

23
1 4

9
Α>>

αα  no longer holds, the gain drops, and higher–order IM 

products become significant. In fact, in many circuits the IP3 is beyond the 
allowable input range, sometimes even higher than the supply voltage. Thus, 
the practical method of obtaining the IP3 is to measure the characteristic of 
Figure [1.3 (b)] for small input amplitudes and use linear extrapolation on a 
logarithmic scale to find the intercept point.  
 A quick method of measuring the IP3    is as follows. Let us denote the input 
level at each frequency by Ain the amplitude of the output components at 1ω  

and 2ω by A 21,ωω , and the amplitude of the IM3 produced by AIM3 . Then 
from (1.9), we have 
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 And  

  inIMIP Α+Α−Α=Α log20)log20,log20(
2

1
log20 3213 ωω                (1.16) 

Thus, if all the signal levels are expressed in dBm, the input third intercept 
point is equal to half the difference between the magnitudes of the 
fundaments and the IM3 products at the output plus the magnitudes of the 
fundamentals and the IM3 products at the output plus the corresponding 
input level [Fig (1.4) b]. The key point here is that IP3 can be measured with 
only input level, obviating the need for extrapolation. Shown in the Fig (1.4) 
b, is geometric interpretation of the above relationship. Since line L1 has a 
slope equal to unity and line L2 a slope equal to 3, an input increment equal 

to 2

p∆
 yields an equal increment in L1  and an increment equal to 

2

3∆Ρ
 in 

L2, reducing the difference between the two lines to zero. 
The above approach provides an estimate of IP3 in initial phases of the 
design or characterization. The actual value of IP3 however must still be  
obtained through accurate extrapolation to ensure that all nonlinear and 
frequency- dependent effects are taken in to account.         

 
 
 
Figure 1.4 (a) Calculation of IP3 without extrapolation, (b) Graphical    
                              Interpretation of (a) [1]  
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2:   When two oscillators, operating close in frequency, are integrated on one 
chip they tend to pull each other and ultimately lock at one frequency. On 
the contrary, with the two-tone PLL these are kept with a difference 
controlled by a reference oscillator. In this way the two-tone intermodulation 
on-chip test would be feasible.    

1.3 Standard PLL 
     
In 1930, the phase lock loop was first developed .Since then PLL has been 
widely used in communication system. It finds numerous applications such 
as FM demodulator, stereo demodulators, tone detectors, frequency 
synthesizers, and others. A PLL is a feedback system that compares the 
output phase with the input phase. The simple PLL comprises of phase 
detector, LPF (low pass filter), VCO (voltage controlled oscillator). 
 

 
 
                                      Figure 1.5 Standard PLL 
 
 

1.4 Two-Tone PLL  
 
The PLL which has been designed and implemented for two-tone on chip 
test is composed of the phase detector, charge pump, loop filter, two 
identical VCOs, analog adder, and a nonlinear block with a low pass filter. 
The nonlinear block works as a mixer for the two VCO signals, where as the 
LP filter serves to retrieve the respective frequency difference which is 
applied to the phase detector for comparison with the reference. One VCO is 
externally controlled and the other VCO is controlled by the loop so that 
their frequency difference (offset frequency) is constant. The externally 
controlled VCO creates a problem of injection locking for the in-loop VCO. 

inφ  
PD VCO 

Vout 

Outφ
 

LPF 
Vcont 
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The difficulties in design of this PLL are due to locking and injection 
locking, and also the requirement for spectral purity of the two-tone signal 
including calibration issues. These problems have been considered in the 
design work presented in this report. 
We need also external control to VCO2 so that the two-tone test can be 
carried out at different frequencies. Importantly, the PLL only keeps the 
differential frequency fixed w.r.t. the reference oscillator.      
 

 
 
                                        Figure 1.6 Two-Tone PLL  

1.5 This Report                
  
The first two chapters of this report describe introduction, motivation of   
two- tone PLL for on chip test as well as working of standard PLL. In the 
second chapter emphasis is upon stability issues. The third chapter deals 
with architecture of two- tone PLL and results of system level simulations. A 
comparison has been drawn between the standard PLL and two-tone PLL. 
The fourth chapter addresses the building blocks of PLL in two-tone on chip 
test, the results and discussion about the individual sub block. The fifth 
chapter concludes with summary of entire design and prospects of future 
design work.  The appendices consist of verilogA-HDL codes about building 
blocks of the two-tone PLL for system level design. 

VCO1 

VCO2 

Filter 

PD 

diffφ

LPF inφ  

Adder 

Ctrl 

Clipper 
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Chapter 2 
 
 

Standard PLL 
 
2.1 Standard PLL 

 
In this chapter the design and analysis about the stability issues of typical 
phase lock loop have been discussed at length. The architecture of PLL, lock 
phenomenon, the behaviour in terms of time and frequency has been 
analyzed. The fundamental building blocks are phase detector, charge pump; 
low pass filter and VCO. 
 

2.2 The Architecture and Principle of Standard PLL 
   
The architecture and principle of simple PLL has been shown in Fig. 2.1.  
 

                    
 
                                                  Figure 2.1 
 
In the standard PLL, in order to achieve the lock state the following 
conditions must be satisfied; the outin φφ = , and  outin ωω =  i.e.; the phase at 
the input should be equal to the phase at the output, and similarly, the input 
frequency should equal to the output frequency.  
  

PD VCO 
 

Outφ  

inφ Vcont 
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2.3 Phase Detector 
  
The Phase detector generates the error signal required in to feedback loop of 
synthesizer [2]. The phase detector has two main types, analog and digital; 
the digital phase detector finds wide application in frequency synthesizers. 
A phase detector is a circuit whose output, Vout, is linearly proportional to 
the phase difference, ∆Ø, between its two inputs as shown in Fig 2.2.In the 
ideal case, the relationship between average Vout and ∆Ø is linear, crossing 
the origin for ∆Ø = 0, Called the “gain” of the PD, the slope of the line, KPD, 
is expressed in V/rad. 
A familiar example of phase detector is the exclusive OR (XOR) gate. As 
shown in Fig 2.3, as the phase difference between the inputs varies, so does 
the width of the output pulses, thereby providing a dc level proportional to 
∆Ø. while the XOR circuit produces  

 
                            Figure 2.2 Definition of phase detector       

                   

                            
                            Figure 2.3 XOR gate as phase detector  
error pulses on the both rising and falling edges, other types of PD may 
respond only to positive and negative transition. The operation of phase 

V1 (t) 
 

V2 
(t) 

Vou

 (t) 
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∆Φ  

Phase Detector 
Vout (t) 

V1 (t) 

V2 (t) φ∆  

Vout (t) 
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detectors is similar to that of amplifiers in that both sense the difference 
between the two inputs, generating a proportional output.  
 

2.4 Basic PLL Topology             
        
To arrive at the concept of phase locking, let us consider the problem of 
aligning the output phase of a VCO with the phase of a reference clock. As 
illustrated in [Fig 2.3(a)], the rising edges of VVCO are “skewed” by ∆t 
seconds with respect to VCK, and we wish to eliminate this error. Assuming 
that the VCO has a single control input, count, we note that to vary the 
phase, we must vary the frequency and allow the integration  

dtVK contVCO )( 0 +∫= ωφ  to take place, For example, suppose as shown in 
[Fig 2.4. (b)], the VCO frequency is stepped to a higher value at t = t1.  
  
 

                                                                                                                 
 

              
 
 
 

Vout 
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          Figure 2.4 (a) two waveforms with a skew, (b) change of VCO   
                               frequency to eliminate the skew   
 
The circuit then accumulates phase faster, gradually decreasing the phase 
error. At t = t2, the phase error drops to zero and, if Vcont returns to its 
original value, VVCO and VCK  remain aligned. Interestingly, the alignment 

VCK 
 

VCO 

Vcont 

1t  2t  t  )(b  

VCO 

t∆  t  
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can be accomplished by stepping the VCO frequency to a lower value for a 
certain interval as well. Thus, phase alignment can be achieved only by a 
(temporary) frequency change. 
The foregoing experiment suggests that the out put phase of a VCO can be 
aligned with the phase of a reference if (1) the frequency of the VCO is 
changed momentarily, (2) a VCO and reference signals are aligned.  The 
task of aligning the output phase of the VCO with the phase of the reference 
is called “phase locking”. 
     From the above observations, we surmise that a PLL simply consists of a 
PD and VCO in a feedback as shown in Fig 2.1. The PD compares the 
phases of Vout and Vin, generating an error that varies the VCO frequency 
until the phases are aligned, i.e., the loop is locked.  
      This topology, however, must be modified because (1) as exemplified by 
the wave forms of Fig 2.3, the PD output, VPD, consists of a dc 
component(desirable) and high-frequency components (undesirable), and 
 (2) as the control voltage of the oscillator must remain quiet in the steady 
state, i.e., the PD output must be filtered. We are therefore interposing a 
low-pass filter (LPF) between the PD and the VCO Fig. 1.5, suppressing the 
high-frequency components of the PD output and presenting the dc level to 
the oscillator. This forms the basic PLL topology. For now, we assume the 
LPF has a gain of unity at low frequencies (e.g, as in a first-order RC 
section).      
It is important to bear in mind that the feed back loop of Fig.1.5, compares 
the phases of the input and output. Unlike the feedback topologies, PLLs 
typically require no knowledge of voltages or currents in their feed back 
operation. If the loop gain is large enough, the difference between the input 

phase, inφ  and the output phase,outφ  falls to a small value in the steady 
state, providing phase alignment. 
For subsequent analysis of PLLs, we must define the phase lock condition 

carefully. If the loop of Fig 1.5 is locked, we postulate that, inout φφ −  is 
constant and preferably small. We therefore define the loop to be locked if 

inout φφ −  does not change with time.  
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2.5 PLL Waveforms in Locked Condition  
 
We begin with the simple case, when the circuit is locked and we wish to 
examine the waveforms at each point around the loop. As illustrated in Fig. 
2.5(a).In the waveforms of Fig.2.5 (a), two quantities are unknown: 0φ  and 
the dc level of VCONT. To determine these values, we construct the VCO and 
PD characteristic [Fig.2.5 (b)]. If the input and output frequencies are equal 

to 1ω , then the required oscillator control voltage is unique and equal to V1. 
This voltage must be produced by the phase detector, demanding a phase 
error determined by the PD characteristic. More specifically, since 

 contVCOout VK+= 0ωω  and VPD∆Ø, We can write  
 
      
    
 
 
 
 
 
 
 
       
 
 
 
  
    
       

 
 
 Figure 2.5 (a) Waveforms in a PLL in locked, (b) Calculation of phase error.    
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VCOK

V 0
11

ωω −=                                                          (2.1) 

            And 

                  
PDK

V1
0 =φ                                                                          (2.2) 

                  
VCOPD KK

0
10

ωωφ −=                                                    (2.3) 

 
Equations (2.3) reveals two important points: (1) as the input frequency of 
PLL varies, so does the phase error: (2) to minimize the phase error, 
KPDKVCO must be maximized.  
        With the basic understanding of PLLs developed thus far, we now return 
to Eq. (2.2).The exact equality of the input and output frequencies of a PLL 
in the locked condition.  First, in many applications, even a very small 
(deterministic) frequency error may prove unacceptable. For example, if a 
data stream is to be processed synchronously by a clocked system, even a 
slight difference between the data rate and the clock frequency results in a 
“drift,” creating errors Fig.2.6. 
 

 
 
     Figure 2.6 Drift of data with respect to clock in the presence of small     
                      frequency error                         
 
Second, the equality would not exist if the PLL compared the input and 
output frequencies rather than phases. As illustrated in Fig. 2.1, a loop 
employing a frequency detector (FD) would suffer from a finite difference 

between inω and outω due to various mismatches and other non idealities. This 

t  

Data 

Clock 
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can be understood by an analogy with the unity gain feedback circuit of Fig. 
2.7. Even if the opamp`s open- loop gain is infinity, the input- referred offset 
voltage leads to a finite error between Vin and Vout.   
      
  

              
 
             Figure 2.7 Unity-gain feedback amplifiers.  

 

2.6 Small Transients in Locked Condition 
 
Let us now analyze the response of a PLL in locked condition to small phase 
or frequency transients at the input. Consider a PLL in the locked condition 
and assume the input and output wave forms can be expressed as  

                          tVtV Ain 1cos)( ω=                                          (2.4) 
                                                           

                              )cos()( 01 φω += tVtV Bout                               (2.5) 
 

Where higher hormonics are neglected and 0φ  is the static phase error. 

Suppose as shown in Fig.2.8, the input experience s a phase step of 1φ  at t = 

t1, i.e. 
2

111 )( ttutin −−= φωφ  

 

Vout 
V in 
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                            Figure 2.8 Response of a PLL to a phase step. 
 
 
Since the output of the LPF does not change instantaneously, the VCO 
initially continues to oscillate at 1ω .The growing phase difference between 
the input and the output then creates wide pulses at the output of the PD, 
forcing the VLPF to rise gradually. As a result, the VCO frequency begins to 
change, attempting to minimize the phase error. Note that the loop is not 
locked during transient because the phase error varies with time.  
What happens after the VCO frequency begins to change? If the loop is to 

return to lock, outω  must eventually go back toinω , requiring that VLPF and 

hence inout φφ −  also return to their original values. Since inφ has changed 
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by 1φ , the variation in the VCO frequency is such that the area underoutω  

provides an additional phase of 1φ  in outφ  
                                          

                                         ∫ 1φω =dtout                                                     (2.6)  
                                               t1 
Thus, when the loop settles, the output become equal to  
  

                              )}(cos{)( 11 tttVtV Bout −+= φω                                           (2.7)  

Consequently, as shown in the Fig.2.8.outφ  gradually “catches up” with inφ  
It is important to make two observations. (1) After loop returns to lock, all of 
the parameters (except for the total input and output phases) assume their 

original values. That is, outin φφ − ,VLPF, and the VCO frequency remain 
unchanged-an expected result because these three parameters bear a one-to-
one relationship and the input frequency has stayed the same, (2) The control 
voltage of the oscillator can serve as a suitable test point in the analysis of 
PLLs. While it is difficult to measure the time variations of phase and 
frequency in Fig.2.8.VCONT (= VLPF) can be readily monitored in simulations 
and measurements. 
Thus, it can be concluded that phase-locked loops are “dynamics” system, 
i.e., their response depends on the past values of the input and output. This is 
to be expected because the low-pass filter and the VCO introduce poles (and 
possibly zero) in the loop transfer function. Moreover, we note that, so long 
as the input and the output remain perfectly periodic (i.e., intωφ =in  

and )0int φωφ +=out , the loop operates in the steady state, exhibiting no 
transient. 

2.7 Dynamics of Simple PLL 
 
With the qualitative analysis of PLL in the previous section. It can now be 
studied its transient behaviour more rigorously. Assuming the loop is 
initially locked, treating the PLL as a feedback system but recognize that the 
output quantity in this analysis must be the (excess) phase of the VCO 
because the “error amplifier”can only compare phases. The objective is to 

determine the transfer function )(

)(

s

s

in

out

φ
φ

 for both open loop and closed 

tx 
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systems and subsequently studies the time- domain response. Note that the 
dimensions change from phase to voltage through the PD and from voltage 
to phase through VCO.  

What do )(
)(

s

s

in

out

φ
φ

 signify? An analogy with the more familiar transfer 

functions proves useful here. A circuit having a transfer function 

0

1

1

)(

)(

ω
ssV

sV

in

out

+
=

  is considered a low–pass filter because if Vin varies 

rapidly, Vout can not fully track the input variations. Similarly, 

)(

)(

s

s

in

out

φ
φ

 reveals how the output phase tracks the input phase if the latter 

changes slowly or rapidly. 
To visualize the variation of the excess phase with time, consider the 
waveforms in Fig.2.9. The period varies slowly in Fig.2.10 (a) and rapidly in 
Fig. 2.9(b). Thus y2 (t) experiences faster phase variation than does  
y2 (t). 
                                                                                                                                                                                                        

         
              
           Figure 2.9 Slow and fast variation of the excess phase. 
 
Let us construct a linear model of the PLL, assuming a first order low–pass 
filter for simplicity. The PD output contains a dc component equal to KPD 

)( inout φφ −  as well as high frequency components. Since the latter are 
suppressed by the LPF, so simply model the PD by a subtratcor whose 
output is “amplified” by KPD. Illustrated in Fig. 2.10, the overall PLL model 

consists of the phase detector the LPF transfer function 1/ (1+s/ LPFω ) 
                       
 
 

)(a  

)(b  
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                          Figure 2.10 Linear Model of Type1 PLL  
 

Where LPFω denotes the -3db bandwidth, and theVCO transfer function 

KVCO/s. Here, inφ  and outφ  denote the excess phase of the input and output 
waveforms respectively. For example, if the total input phase experiences a 

step change, ),(1 tuφ  then s
sin

1)(
φφ =  

The open–loop transfer function is given by  
                                               

                                     openssH
Sin

out )()(
)(φ

φ=                                                (2.8) 

                                                      s

K
s

K VCO

LPF

PD .
)1(

1
.

ω
+

=
                         (2.9)  

                                        

Revealing one pole at s = -LPFω  and another at s = 0. Note that the loop 
gain is equal to H(s)| open because of the unity feed back factor. Since the 
loop gain contains a pole at the origin, the system is called “type I”.  
Before computing the transfer function, let us make an important 
observation. What is the loop gain if s is very small, i.e., if the input excess 
phase varies slowly? Owing the pole at the origin, the loop gain goes to the 
infinity as s approaches zero, a point of contrast to the feedback circuits. 
Thus, the phase-locked loop (under closed- loop, locked condition) ensures 

that the change in outφ  is exactly equal to the change in inφ  as s goes to 

PD 
LPF VCO 

LPF

s
ω+1

1
 s

KVCO
 

KPD 

inφ  
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zero. This result predicts two important properties of PLLs. First, if the input 
excess phase varies very slowly, the output excess phase”tracks” it (After 

all, outφ  is “locked” to inφ ) 

Second, if the transients in inφ  have decayed (another case corresponding to 

s tends to zero), Then the change in outφ  is precisely equal to the change 

in inφ .   
From (2.9), the loop- transfer function can be written as 
 

            
VCOPD

LPF

VCOPD

KKs
s

KK
closedsH

++
=

ω

2)(
                                      (2.10) 

 For sake of brevity, we therefore denote H(s) |closed simply by H(s) or
in

out

φ
φ

. 

As expected, if s tends to zero H(s) tends to 1 because of the infinite loop 
gain. In order to analyze H(s) further, we derive a relationship that allows a 
more intuitive understanding of the system. The equation 2.10 can be written 
as  
                                              

                   
VCOPD

LPF

VCOPD

in

out

KKs
s

KK
s

++
=

ω
ω
ω

2)(
                                  (2.11)                                          

                             

 The above result predicts that ifinω changes very slowly (“s” approaches to 

zero), then outω  tracks inω , again an expected result because the loop is 

assumed to locked. Equation (2.11) also indicates that if inω in changes 
abruptly but the system is given enough time to settle (“s” approaches to 

zero), then the change in outω  equals that in inω . The above observation aids 
the analysis in two directions. First, some transient responses of the closed 
loop system may be simpler to visualize in terms of changes in the frequency 

quantities rather than phase quantities. Second, a change in outω  must be 

accompanied by a change incontV .  
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                     )(.)( s
V

KsH
in

cont
VCO ω

=                                                        (2.12) 

                                    

That is monitoring the response of contV  to variations in inω  indeed yields 
the response of the closed loop- system [3]. 
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Chapter 3 
 

Two-Tone PLL   
 
 
The two-tone PLL consists of multiplexer, phase detector, second order low 
pass filter, two wideband VCO, adder, clipper, RC ladder filter, biasing 
circuit, and comparator as shown in Fig.1.6. 
    In order to generate two-tone, two wide band VCOs have been used in it. 
For the reference frequency (fref1), the PLL is in locked condition, when the 
two VCOs operating at GHZ frequencies (very close to each other) such that 
the difference of their frequencies becomes equal to fref 1. For example when 
the first VCO is operating at 1.0 GHZ and second VCO is operating at 
1.01GHZ; the reference frequency is equal to 10MHZ. In general, the fixed 
VCO can be tuned to another frequency (as discussed in Sec.1.4) and the 
PLL driven VCO will track this change respectively. The PLL locks when 
the difference of frequencies becomes equal to the reference frequency PLL 
with in the loop.          
    In this application one VCO is fixed while the other VCO is controlled by 
the loop. The oscillation frequency of the in-loop VCO depends both on the 
reference frequency and the VCO which is outside the loop (VCO2).  

        

3.1 The Design Approach  
  
The system level design of PLL is carried out using verilog-A. All sub 
blocks of PLL are modeled in verilog-A in the first phase. This behavioral 
level approach has an advantage of short simulation time, which helps to 
optimize the PLL parameters iteratively.   
      In second phase, two blocks of the two-tone PLL are implemented at 
transistor level. The VCO and clipper comparator circuit are designed at 
transistor level.    
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3.2 System Level Design 
 

      In the hierarchy of chip design, behavioral modeling has gained a     
     tremendous importance in chip industry. When a system is very complex,  
     then it is preferable to design at the system level for the verification of an  
     idea whether it works or not. If the idea works then it can be implemented  
     safely to the full custom level. In this way precious time and resources are  
     saved. Under such context the architecture of the circuit has been designed. 

 

3.3 The Architecture of Two-Tone PLL 
 
     The architecture of two-tone PLL is described in Fig.3.1.  

 
     
               Figure 3.1 The architecture of Two-Tone PLL 
 
Let us suppose that the proposed PLL is under lock condition, when for 
example the first reference frequency is 9 MHZ, and second reference 
frequency is 10MHZ and output (Vout) of the multiplexer is the input of 
phase detector, 
 

                   tVV inAin ωcos=       (Input of the phase detector)     (3.1) 
And Vout of the loop can be represented as 
 

                   tVV Bout )cos( 21 ωω −=   
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                  where  ZMH9221 ×=− πωω                                      (3.2) 

                      Higher hormonics are neglected                        

When the PLL is locked, then the following condition must be satisfied and 
shown in Fig. 3.2. 
 

                         outin VV =                                                                    

                   For 21 ωωω −=in                                                             (3.3)     

 

       Figure 3.2 PLL is locked between the two reference frequencies   

In the above figure, it is obvious that the PLL is switched between two 
reference frequencies, that is, after time “t1”the PLL is locked at the 9MHZ 

and then switched to the other frequency, after time “t2” it is locked to the 
10MHZ respectively. In this phenomenon of lock condition, the voltage gain 
of the both identical VCO remains same. The control voltage for the first 
VCO is 0.68v and fixed voltage for the second VCO is 1volt.  
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3.4 Lock Range 
 
The lock range can be defined as the frequency range over which PLL can 
track the input variation. The lock range of the PLL in two tone test can be 
determined by increasing gradually the both reference frequencies i.e.; first 
reference frequency (fref1) and   second reference frequency (fref 2) while 
keeping the VCO gain (KVCO) constant, which has been explained in Fig. 
3.3.   
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Figure 3.3 The lock Range of the PLL; VCO gain remains constant, as both      

               frequencies are changing and switching accordingly, which 
explains the lock range.   

 

3.5 Cut off Frequency of RC-Ladder Filter 
 
The cut-off frequency of RC-ladder filter (see Fig.3.1) which has two stages 
is an important parameter for two-tone PLL on-chip test, in order to study its 
behavior from lock to unlock conditions. The experimental results show that 
when both reference frequencies as well as KVCO are kept constant, only 
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the cut-off frequency is changed. Two-tone PLL remains lock as shown in 
Fig. 3.4.  These experiments were carried out in CadenceTM   environment .     
 
 

 
  
         Figure 3.4 Lock phenomenon with respect to the cut-off frequency of  
                          RC- Ladder filter. 
   
In above figure the graph shows a relation between cut off frequency of RC-
ladder filter and VCO gain while keeping all other parameters same. Also, it 
explains how much this filter is tunable at different values of VCO gain. 
And, it plays vital role in lock phenomenon of two-tone PLL.     
The cut-off frequency of the RC-ladder, which is first order, can be obtained, 
according to the formula 

                                RC
f c π2

1=   
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3.6 VCO Gain (KVCO) 
 
The two-tone PLL for on-chip test has two VCOs which have been 
designed; one of them is applied fixed voltage .The difference of voltages 
for the both VCOs have been kept close to each other.  The behaviour of 
PLL from lock to unlock condition and vice-versa has been observed with 
respect to, to the VCO gain. In the present design keeping the reference 
frequencies constant that is 9MHZ and 10MHZ, the VCO gain is first 
increased and then decreased, the PLL remains in the lock condition.   

3.7 The Robustness of Two-Tone PLL 
 
Consider discussion about lock range of two-tone PLL in Sec.3.4. 
Robustness under this context refers to that, when reference frequencies are 
changed not gradual intervals but with increased intervals, two-tone PLL 
remains lock. For example if  first reference frequency is changed from 
5MHz to 7MHz and  in the same pattern second reference frequency keeping 
all other parameters same two-tone PLL remains lock as explained in 
Fig.3.3.      

3.8 Mathematical Model of Two-Tone PLL 
 
As the two VCO are identical, one of the VCO is externally controlled, the 
output of both VCO are added such that  
 
                                  

                             tVtVVout 2111 coscos ωω +=                                           (3.5) 
                                 
                                   For the V1 = V2 = V     
 
             Then the equation (3.5) can be written as 
                                    

                           )cos(cos 21 ttVVout ωω +=                                                (3.6)  

                                  ttV
2

)(
cos

2

)(
cos2 2121 ωωωω +






 −=             (3.7)   

Then the envelope  tV
2

)(
cos2 21 ωω −

                                                  (3.8) 



 38 

And the carrier     t
2

)(
cos 21 ωω +

                                                         (3.9) 

The out put at the clipper can be written as  

                     2
2

210 ininout VVV ααα ++=                                            (3.10) 

Putting the value of  tVtVVin 2211 coscos ωω +=  in the equation (3.10). 
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Then the expression at the output of the out put of the LPF is  

        t

V
Vout )cos(2 21

2

20 ωω
αα

−
+=                                                     (3.11) 

To get the expression at the output of the comparator,   
                         Gain = 100    
As the comparator has the two inputs i.e., Vout (LPF) at the positive terminal   
and Vbias at the negative terminal of the comparator. Then 
                           V+>V-   then V = 1.2V=Vdd 
                              V+ <V- then   V = 0V 
 
The output of the loop can be written as   
          

            tVVout )cos( 21 ωω −=                                                                 (3.12) 
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3.9 Simulation Results (Two-Tone PLL)  
 
The simulation results describing the lock phenomenon of the two-tone PLL 
are shown in Fig. [3.5(a&b)]. In first figure, transient time is ∆ t =199.3847 
ns, upon which the reference frequency is fref 1=5MHz as shown in Fig. 
[3.5(a)].  
 

 
              _________________________________________________ 
                                                                                           Time (ns) 
                              Figure 3.5 (a) The simulation results  
 
 
Similarly, Fig. [3.5 (b)] shows that transient time at which measured 
result is ∆ t = 166.4183ns, then frequency is 6MHz, which is second 
reference frequency after switching. However, this explains with the help of 
above simulation results the lock phenomenon of two-tone PLL, and detail 
results are shown in page 41-42.        
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          ________________________________________________________________                                    
                                                                                                       Time (ns) 
                               Figure 3.5 (b) The simulation results 
 
Complete results of two-tone PLL are taken when control voltage (Vctrl) for 
externally controlled VCO is 1v and the voltage of VCO which is controlled 
by the loop is 0.68 volts. In Fig. 3.5, the first row of figure represents the 
offset frequency, second row describes amplitude modulation of two-tone 
PLL, and third row sows the clipping behaviour of tow-tone PLL. In order to 
explain the lock phenomenon of two-tone PLL above simulation results are 
taken.           
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Complete Results are described as below are taken from Fig: 3.3.  
  
 1: When KVCO = 0.405×109 

 

           
Sr no Reference Frequency  

  (fref 1) 
Reference Frequency  
  (fref 2) 

  Comments 

1         8 MHZ          9 MHZ It does not lock as 
no matching of fdiff 
and fref.   

2         9 MHZ          10 MHZ  Same as above 

3         10 MHZ          11 MHZ It locks 

4         11 MHZ          12 MHZ It locks 

5         12 MHZ          13 MHZ It locks 

6          13 MHZ            14 MHZ It does not lock as 
no matching of  
fdiff and fref 

 
 
2: When KVCo = 0.375×109 

 

Sr no Reference Frequency  
  (Fref 1) 

Reference Frequency  
  (Fref 2) 

  Comments 

1 7 MHZ
          8 MHZ

 It does not lock as 
no matching of fdiff 
and fref.   

2 8 MHZ          9 MHZ
 It locks 

3 9 MHZ
          10 MHZ

 It locks 

4 10 MHZ
          11 MHZ

 It locks 

5 11 MHZ
          12 MHZ

 It locks 

6 12 MHZ
          13 MHZ

 It locks 

7 13  MHZ
          14  MHZ

 It locks 

8 14 MHZ
          15 MHZ

 It locks 

9 15  MHZ
          16 MHZ It does not lock as, 

no matching of  
fdiff and fref 
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3:  When KVCO = 0.280×109 
 
Sr no Reference Frequency  

  (Fref 1) 
Reference Frequency  
  (Fref 2) 

  Comments 

1 5 MHZ    6 MHZ It does not lock as 
no matching of fdiff 
and fref.   

2 6 MHZ 7 MHZ It locks 
3 7 MHZ 8 MHZ It locks 
4 8 MHZ 9 MHZ It locks 
5 9 MHZ 10 MHZ It locks 
6 10 MHZ 11 MHZ It locks 
7 11 MHZ 12 MHZ It locks 
8 12 MHZ 13 MHZ It locks 
9 13 MHZ 14 MHZ It locks 
10 14 MHZ 15 MHZ It does not lock as 

no matching of 
Fbeat and Fref.   

 
 
4:  When KVCO = 0.180×109 

 

Sr no Reference Frequency  
  (Fref 1) 

Reference Frequency  
  (Fref 2) 

     Comments 

1 4 MHZ    5 MHZ It does not lock as 
no matching of  
fdiff and fref 

2 5 MHZ 6 MHZ It locks 
3 6 MHZ 7 MHZ It locks 
4 7 MHZ 8 MHZ It locks 
5 8 MHZ 9 MHZ It locks 
6 9 MHZ 10 MHZ It locks 
7 10 MHZ 11 MHZ It does not lock as 

no matching of  
fdiff and fref 
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3.10 Comparison between Standard PLL and Two-
Tone PLL  

                                            
The salient features of the Two-tone PLL as compared to the standard PLL 
are summarized as follows: 
(1) In the two-tone PLL only the offset frequency is controlled by the loop. 
The frequencies of the two VCOs can be adjusted by external signals. 
Specifically, when the frequency of VCO outside the loop is changed the in-
loop VCO follows the change with respect to the reference offset (provided 
it is with in the lock range). That means the two-tone PLL has in fact two 
reference frequencies as opposed to the standard PLL.     
(2) The two-tone PLL exhibits AM modulation behaviour (due to the 
adder/clipper) that is necessary to control the offset frequency and avoid 
pulling between the VCOs that is essential for this application. This issue is 
not relevant in case of the standard PLL.      
(3) In terms of stability and lock properties similar rules apply to the both 
PLLs.   
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Chapter 4 
 
 

Building Blocks for Two-Tone PLL 
 
The PLL in two tone test consists of phase detector, charge pump, loop 
filter, two identical VCOs, one is fixed while the other is externally 
controlled, adder, clipper, RC ladder network, biasing network and 
comparator. In the first phase of design the sub blocks are modeled in 
verilog-A. In the second phase the blocks are designed at transistor level. 
The detail of each PLL block is described below. 
 

4.1 Multiplexer 
 
A multiplexer, or data selector is a circuit that has several inputs and an 
output. The signal applied to any one of the inputs can be selected to appear 
at the out put terminal. The routing of the desired data input is determined by 
the binary signal applied to the select inputs of the circuit [4]. 
In the present design a multiplexer having two inputs has been implemented. 
The verilog-A code of the design multiplexer is attached in the appendix A. 
 

                 
 
 
                              Figure 4.1 Multiplexer  
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4.2 Phase Detector 
 
The Phase detector generates the error signal required in to the feedback 
loop of PLL [2]. Phase/frequency detectors have become very popular in 
PLL (phase locked-loop) in recent years because of their attractive electrical 
properties and low-cost availability in integrated circuit chips. [5].Phase 
detector has two main types, analog and digital. The digital phase detector 
finds wide application in frequency synthesizers.In the present design the 
digital phase detector has been modeled in verilog-A, the code is attached in 
the appendix B. 

         Fig.4.2 depicts the wave form of the XOR gate PD for eφ . In this 

figure, initially Vr, is lagging V0 [event (1, 2)], eφ  is negative and dpd stays 
in the -1 state more often than in the 1 state.  Accordingly, qpd_final is 
negative. As time progresses, Vr_starts to lead V0 [event (3, 4)]. We may 
expect  
qpd_final to be positive. However, if we focus on dpd in figure 4.2, during 
event (3, 4), we quickly find out that qpd_final is still negative. This is 
because, as discussed previously, qpd_final is exactly 0 when the phase 
difference is exactly 900 and so there is an offset. In the present case, since 

Vr does not lead V0 quite by 900,
 qpd_final is still negative. Eventually, eφ  is 

positive and larger than 900 [event (4, 5)]. We can see that in this case 
qpd_final becomes positive as shown in Fig.4.3. We can see that the segment 

from eφ =0 to 1800 is the same as in the PFD (phase frequency detector) 

case, except that it is offset both in the eφ (by 900) and qpd_final (by 
qpd_final/2) axis. 
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            Figure 4.2 An example illustrating the operation of a phase detector 
                             based on EXOR gate.  

 
 
                 
           Figure 4.3 Plot of charge delivered and average current in a phase  
                              detector based on EXOR gate verses phase error     
 

What happens when eφ  increases beyond π radians? As shown in event (6, 
7) of figure 4.3 dpd`s duty cycle starts to decrease and qpd_final also starts to 
decrease as shown in Fig. 4.3. This continues until qpd_final decreases to 

minimum value. Next what happens as eφ  increases beyond  π2  radians? 
Exactly the same phenomeneon as the PFD case will occur. Since the PD 

can not distinguish between eφ  and eφ +3600, the PD will slip a cycle [6]. 
Phase detector can be further explained with in the context of PFD (phase 
frequency detector), mixer or XOR. As mixer or XOR can resolve phase 
difference in the range of +/- π, on other hand PFD can resolve in the range 
of +/- 2 π. The functionality of the phase frequency detector can be classified 
into three steps, detection of phase, detection of frequency and detection of 
lock. The device under design is said to be in frequency detection, when the 
difference of phase is greater than plus or negative π2 . In the phase 
detection mode, the phase difference of the two signals that is the reference 
frequency signal and the difference of frequency signal (signals of two 
VCOs) is less thanπ2 . In the lock state, the phase difference between two 
signals ideally becomes zero [6]. 
The PD contains the following states: 
 
                            UP = 0, DN = 0 
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                            UP = 0, DN = 1 
                            UP = 1, DN = 0 
                            UP = 1, DN = 1 
The PD contains three states, as the fourth state is replaced with AND gate. 
These states are named as state1, 0,-1, respectively. 
                            State =1,             
                            UP = 1, DN = 0  
                            State = 0, 
                            Up =0, DN = 0 
                            State = -1, 
                            UP = 0, DN = 1  
The state diagram which depicts the operation of PD is explained in Fig. 4.4. 
 

 
 
                             Figure 4.4 State diagrams [6] 
 
Above Fig. represents state diagram which describes the operation of circuit 
implemented in phase detector. And its operation is explained above.       
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4.3 Charge Pump 
 
The charge pump which has been used in two-tone PLL is modeled in 
verilog-A. The code for the charge pump is attached in appendix C. The 
theory discussed below, explains how the behavioural level model works, 
which has been implemented in two-tone PLL at the system level design. As 
the phase detector’s output has three digital logic states, so the charge pump 
is utilized to change these states in to analog quantities. Apart from this 
functionality of the charge pump, it is also used for integration without 
operational amplifier [6].The charge pump is shown in Fig. 4.5. 
 

                                        
                         
                  Figure 4.5 Generic model of a charge pump [6]  
 
The three states of the charge pump are controlled by PD; it delivers voltage 
or current to the loop filter when it is at the UP or DOWN positions. At the 
neutral state it acts as open circuit for the loop filter. Also the true state of 
UP or DOWN position determines the polarity of the pump current [5].The 
phase error’s magnitude is deciding factor for the duration of active state, 
UP or DOWN [7].Time–varying is another property of the charge pump. 
The two tone test circuit is Time- varying due to the switching property of 
the charge pump. If the out put of two VCOs in two-tone PLL for on-chip 
test circuit is lagging behind the input reference, then the phase frequency 
detector activates the top current source (UP position in the Fig. 
4.5).Conversely, if it is ahead than the input reference bottom current source 
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is activated (DOWN position), and it draws current from the capacitor 
(pumping down) [8]. 

4.4 2nd Order Loop Filter (circuit level design)  
  
The loop filter in two- tone PLL circuit lies between charge pump and VCO, 
the purpose of the loop filter is to make the loop stable. In two-tone PLL 
design, test-bench in Cadence TM contains this second-order loop filter using 
its circuit rather than verilog-A model. The loop filters are categorized into 
two types, active and passive filter. The filter under discussion is passive. 
The passive loop filter is composed of mainly resistor and capacitor 
elements. The circuit diagramme used for passive loop filter is shown in Fig. 
4.6. A passive filter in comparison with active filter is more feasible due to 
its simplicity, low cast, and low phase noise. 
 

 
 
             Figure 4.6 2nd Order Passive Filter  
 
In the two-tone PLL circuit the above schematic diagramme is used rather 
than verilog-A model. In the above figure C1 is the shunt capacitance which 
is employed in order to avoid the discrete voltage steps at the VCO control 
port because the output of charge pump is instantaneously changed [9]. 
 
 
Design of 2nd Order Passive Filter.   
 
In order to design the 2nd order loop filter the following design constants are 
considered. 
 
 

R 
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C1 
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KVCO - (MHz/Volt) 
 
Voltage Controlled Oscillator (VCO) tuning voltage constant. It is one of the 
important parameter in two-tone PLL. In order to design this filter, this 
parameter has been considered.  
  
KØ ----    ((((m A////π rad) 
 
KØ is Phase detector/ charge pump constant. It gives the relationship 
between the output current and phase differential input. 
 
 
R F opt - (MHz) 
 
R F opt is radio frequency optimization at loop filter is optimized. It is called 
radio frequency out put of VCO fref (kHz), It is frequency of the phase 
detector inputs. It is usually equal to the RF channel spacing. 
                                     
Divider Ratio (N) 
 
It is called divider ratio, and is equal to RF opt/Fref. For designing a filter, 
the open loop gain bandwidth and phase margin are used to determine to 
compute the required component values. The figure 4.5 depicts the open 
loop response, which locate the point of minimum phase shift at unity gain 
frequency. The phase margin corresponds to the difference between 180 

degree and open loop phase transfer function at the ( pω ) loop transfer 

function, which corresponds to the 0dB gain. 
In order to design this filter the specification regarding two-tone PLL has 
been taken in to account. In this design two oscillator operating frequency 
are such that oscillator controlled by the loop has operating frequency 
1.0GHz, while externally controlled oscillator has 1.01GHz. On the other 
hand Vcont of respective oscillator is 1V and 0.68V.     
The 2nd order loop impedance can be calculated by the formula given below 
below. 
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       Figure 4.7 Bode plot of open loop response  
 
One method of filter design uses the open loop gain bandwidth and phase 
margin to determine component values. Locating the point of minimum 
phase shift at the unity gain frequency of open loop response as shown in the  
Fig.4.7 ensures loop stability. The phase relationship between the pole and 
zero also allow easy determination of the loop filter component values. The 

phase margin, pφ  is defined as the difference between 1800 and the phase of 

the open to 0-dB gain.          
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In order to compute pole and zero frequencies of the filter transfer, the time 
constant can be written as, 
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The expression which describes the relationship between time constants of 
the filter and loop bandwidth can be written as  

                 Loop bandwidth   =  
12

1

TT                                             (4.4)                              

However, the formula, which is used to calculate time constants T1and T2, 
can be expressed as  
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Now with help of above relations that is T1, T2, loop bandwidth, the values 
of the components C1, C2 and R can be determined as  
 

 C1 = T1/T2.Kpd.Kvco/ ( pω ) 2   N {(1+ pω .T2)
2 /1+ ( pω .T1) 

2} 1/2
   (4.7)  
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The Design Parameters 
                  
   The design parameters for the loop filter are 
 

Capacitance 
   (C1) 

Capacitance 
   (C2) 

Resistance 
   (R) 

   87nF  422nF 91Ω  

  
The above design parameters of loop filter in table have been implemented 
in two-tone PLL IC.   

4.5  Tunable Voltage Control Oscillator (transistor           
               level design) 
  
The tunable VCO was first modeled with verilog-AHDL. The code is 
attached in the appendix D. Next, the transistor level design was developed 
which is presented in this section. VCO can be categorized by method of 
oscillation in to resonator-based oscillators versus waveform-based 
oscillators as shown in the Fig.4.6. Primary examples of each category are 
LC oscillator and the ring oscillator respectively. Each type has different 



 53 

ways of doing frequency tuning: current steering for ring oscillators and 
variable capacitor (or varactor) for LC oscillators. Because of the need for 
integrability, a ring oscillators is very desirable in a VLSI environment, and 
most of the discussion is focused on this type of oscillator.  A relaxation 
VCO is another waveform based VCO, is usually not a good choice for the 
present application due to the huge amount of phase noise introduced as a 
result of positive feed back. A more thorough organization and description 
of some of these various structures follows. 

 
                                Figure 4.8 Categorization of VCO. 
     
The VCO, which has been implemented in the two- tone PLL, is based on 
ring oscillator topology.  

4.6 Ring Oscillator   
 
Now consider the second category of oscillator: wave form-based 
oscillators. To illustrate its nature, consider one specific type: ring 
oscillators. A ring oscillator is shown in Fig. 4.9. 

  
   
                 
                 
 
 
 
 
 
 

              Figure 4.9 Block diagram of ring oscillator  
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Notice that this structure also employs positive feed back to achieve 
oscillation. However because switching is involved, it can no longer be 
treated as a LTI (Linear time invariant) system [6].The circuit schematics of 
the proposed delay cell and the whole ring oscillator are shown in 
Fig.4.10. The delay cell consists of one NMOS input pair (Wnmos) one 
PMOS positive feed back pair (Wpmain) for maintaining oscillation one diode 
–connected PMOS pair (Wpmos), and one PMOS transistor (Wcont) for 
frequency tuning. The ring oscillator consists of seven delay cells. The 
design guide lines that determine the delay-cell design are as follows. 
 
A. High-Frequency Operation   
 
An NMOS input pair shown in Fig.4.10 (a) in the next page is used to 
maximize the transconductance to capacitance (gm/C) ratio to achieve high 
operating frequency with low power consumption. To reduce the gm 
requirement and thus power dissipation, only parasitic capacitors of devices 
are utilized.  
 
B. Wide Frequency-Tuning Range       
     
A large tuning range is required to overcome the problem of process 
variation. The operating frequency of a ring oscillator can be tuned by 
variable capacitor (varactor) or by variable load impedance. A varactor is 
typically implemented by p-n junction, therefore frequency – tuning is 
limited to be with in 10 ~ 20%. In this design, frequency tuning is achieved 
by tuning the transconductance (gm) of the diode- connected PMOS devices 
(Wpmos). By controlling the current of Wcont, gm of Wpmos can be adjusted from 
zero to a value close to gm of Wpmain. Therefore, over 50% tuning range can 
be easily achieved. 
 
Operating Frequency Range    
 
In order to find out operating frequency range consider half circuit of the 
delay cell in Fig. 4.10.    
 



 55 

 
 
 
      Figure 4.10 Half-circuit of the proposed delay cell for center- frequency    
                     analysis 
 

 
 
                                 Figure 4.11 Ring Oscillator 
 
The transfer function of the delay cell (A(s)) is derived as follows:  
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where gm is the transconductance, Gd is the channel conductance; Cgs is the 
gate-to-source capacitance; Cgd is the gate-to-drain capacitance; Cdb is the 
drain-to- bulk capacitance. 
To maintain the oscillation of a ring oscillator, the total phase shift of the 
delay cell chain is 1800 and the over all gain is unity at the oscillation 

frequency. Therefore, the transconductance  wpmosg  must be larger than total 

output load capacitance Lwpmoswpmain Ggg +> in order to maintain the 

phase shift of a delay cell equal to or more than 900 while the voltage gain is 
larger than unity. By equating the voltage gain of delay cell to be unity, the 
oscillation frequency of the ring oscillator can be derived  
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By controlling the gm of diode- controlled PMOS devices Wpmos, the output 

frequency oscf can be tuned. At the maximum oscillating frequencymaxf , 

the negative transconductance pmainW  is just large enough to compensate 

the total load capacitance Lwpmoswpmain Ggg +=  . At the minimum 

oscillating frequency minf  and operating frequency range rangef  can be 

calculated as follows 
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The maximum oscillating frequency is proportional to
L

wnmos

C

g
. Therefore, 

NMOS input devices are adopted to reduce the corresponding power 
consumption. From (4.10), 50% frequency- tuning range can be achieved 

with a transconductance ratio of Wnmos and Wpmain
)(

wnmos

wpmain

g

g
  being 4

3
 

[9].                                                                        
 
Simulation results 
 
In order to do simulation, cadence TM is used. (A soft ware to design IC.) 
The operating frequency of the ring oscillator varies in accordance with the 
control voltage (Vcont). 
 
 

Vcont(mV)                  Tuning Range 

   100 376MHZ                    4.59GHZ 

   400 167MHZ                    3.96GHZ 

   700 167MHZ                   2.97GHZ               
    

    1 167MHZ                    2.8GHZ  

 
In order to tune in frequency a change in Vctrl is needed from 0.68V to 
1V.The above results show that with the change of control voltage of VCO, 
the corresponding frequency is changed. 
 
The Design Parameters 
 
The design parameters of the VCO are described below. 
 
  

Size Wnmos Wpmos Wpmosmain Wcont L 
W/L 46.67 mµ  64.67 mµ  43.5 mµ  56.83 mµ  0.1 mµ  
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Simulation Results 

 
 
          Figure 4.12 Simulation results of tunable VCO 
   
Due to the design explain above VCO is tunable at 1V; the simulation results 
are promising when measured in Cadence TM. 
 

4.7 Adder 
 
It is used to add the two outputs from two VCOs, in two-tone PLL for on-
chip test shown in Fig 4.13. The adder is modeled in verilog A. The code has 
been attached in the appendix E. 

                                          
 
                                                      Figure 4.13 
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4.8 Clipper (circuit level design) 
 
Clipper circuit is composed of transistor, with low-pass filter shown in Fig 
(4.14). This circuit acts as an envelop detector where the transistor behaves 
as a diode and it is non linear, which acts as a mixer for the two VCO 
signals. It is one of the techniques to measure or detect amplitude of a 
waveform.  
 With this circuit the capacitor charges up to the positive peak value of the 
input signal while the transistor is conducting. When the input voltage goes 
below the peak, the capacitor is holding its charge so that output voltage 
exceeds input voltage and transistor stops conducting. The capacitor is 
allowed to discharge just slowly enough through the resistor that the very 
next peak of input voltage will exceed output voltage; there by allowing the 
transistor to conduct and charge the capacitor up to new peak value. 
The result is that output voltage follows the input AM peaks with a loss of 
only the voltage dropped across the transistor. Although output voltage still 
has some high frequency ripple, this is easily smoothed with additional 
filtering. [10] 
 The selection of “R” (resistance) and “C” (capacitance) which are 
parameters of cut-off frequency of low pass filter, as well as sizing of 
transistor, which are based upon optimization technique, in order to achieve 
the required clipping at the output of clipper.  
Substrate connection is shown in Fig (4.14), where bulk is connected to the 
source of NMOS, as the transistor is being biased with input voltage.  
 
       

                           
                                                                                
                                                     Figure 4.14   [11] 
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Simulation Results 
             

       
 
                          Figure 4.14 Simulation results of clipper 
 
In above simulation results the first row represents output of clipper circuit. 
Second row is input to clipper and depicts amplitude modulation. 
The behavioral level modeling of clipper is done in verilog-A, the code for 
clipper is attached in appendix F.  
  

4.9 RC Ladder Network (circuit level design) 
 
A RC building block may generally be represented by a two port as shown 
in Fig. 4.15. 

      
 
       Figure 4.15 Two-port with defined current and voltage directions. 
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The open-circuit voltage transfer function can be described as  
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−===                                  (4.16) 

The driving point impedance is described by the ratio of voltage and current 
at a particular port or two terminal pair of a network. The reciprocal of a 
driving point impedance is driving point admittance. 
According to the equation (4.16), transfer functions are expressed in terms of 
impedance and admittance parameters. Where as the numerator of a transfer 
function is generally associated with the transmission properties of the 
function, the denominator is seen to be associated with the driving point 
impedance or admittances. It is the latter that are used in the synthesis of the 
network, however, due regard must be given to the transmission 
requirements. This means that in the case of low-pass function, the driving 
point impedance/admittance must realize a network exhibiting this low-pass 
characteristics. Provide that all realizability requirements for the synthesis of 
an RC-network are fulfilled; the driving point must be seen to realize the 
transmission zeros stipulated in the original transfer function. 
With a ladder development, where the components are obtained successively 
in series and shunt arms of the network, the realization of zeros at infinity 
involves series and shunt components, as shown in the [Fig. 4.16 (a)].                        
 
     

              
                                                                                          
 
 
  Figure 4.16 (a) Realization of zero         Figure 4.16(b) Realization of zero of  
  of transmission at infinity [12]                transmission at infinity [12] 
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Where as, for transmission zeros at the origin the series and shunt 
components are shown in Fig. 4.16 (b) [12].  
The RC-ladder net work (two-stage) which is implemented in the two-tone 
PLL for on-chip test is shown in Fig. 4.17. It is same circuit as explain 
above. However values for both resistance and capacitance are taken as same 
keeping in view the cut off frequency of this ladder filter.  
 

 
 
                             Figure 4.17 RC-ladder filter 
 
The Design Parameters of the RC-Ladder Network  
 
The design parameters for the RC-Ladder network are described below. 
   

Reference 
Frequency-1 
  (MHZ) 

Reference  
Frequency-2 
  (MHZ) 

Resistance 
    RΩ  

Capacitance 
 C(pF)  
 

VCO Gain 
  (KVCO) 

     5      6    800     4 0.180×109 

4.10 Biasing Network (Circuit Level Design) 
  
The biasing network has been implemented in the loop of two- tone PLL is 
shown in Fig.4.18, which is used to for the biasing purpose. This circuit has 
two-stages and both resistance have same value as well as both capacitance 
are kept at same value. As this circuit plays an important role to keep two-
tone PLL in lock condition and vice-versa.     

R 

C C 
Vclipper Vout (LPF) 

R 
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                                 Figure 4.18 Biasing network 
 
In above design two-tone PLL locks by keeping first reference 5MHz and 
second reference frequency 6MHz and KVCO 0.180×109 . 
      

4.11 Comparator 
 
The schematic symbol and basic operation of a voltage comparator are 
shown in Fig.4.19.    
                

                                  
                                Figure 4.19 Comparator operation   
 
In two-tone PLL, ideal model of comparator has been implemented using 
verilog-A code and this code is attached in appendix H. 
When output of low pass filter is less than output of biasing circuit then at 
the out put of comparator circuit logic level zero is obtained. Also, on the 
other hand when output of low pass filter is greater than out put of biasing 
circuit then comparator circuit has output at logic level one. 
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Chapter 5 
 
Conclusion and Future Work 
 
 

5.1 Conclusion 
 
In this report a design of the two-tone PLL integrated circuit has been 
presented. The target implementation is 90 nm CMOS. In the IC design 
hierarchy the system-level simulation test bench has been created in the 
Cadence TM environment. Correctness of the proposed two-tone PLL 
architecture has been verified (Sec.3.9). The reference oscillator and the 
external control voltage decide the oscillation frequencies and the offset 
frequency of the two-tone PLL. The PLL lock range was shown to vary in 
accordance with the VCO gain. The loop filter and the filters in the feedback 
path appear critical for the PLL operation.  
Apart from the system level design, two building blocks of the PLL i.e., the 
tunable VCO (Sec.4.5) and clipper (Sec.4.8) have been designed at the 
transistor level in 90nm CMOS. The VCO achieves a wide frequency range 
suitable for on-chip test of a wide-band RF front-end. Also the clipper with 
the filter was carefully designed to secure best lock performance of the PLL.     
                       

5.2 Future Work  
 
The PLL building blocks that were only designed and verified using 
Verilog-A models need to be designed at the transistor level. Implementation 
of the passive filters, the phase detector, the comparator and bias circuitry 
can be based on the available benchmarks. The charge pump and the adder 
design are more challenging. As the two-tone signal is supposed to be 
spectrally clean the analog adder should be designed for very high linearity.  
Especially the third order Intermodulation distortion be avoided. The 90nm 
CMOS supply voltage limit and the required wide frequency range are 
serious constraints in this case. All together the linear adder would make a 
difficult design task. Besides, at higher operation frequencies the circuit 
parasitics are expected to be the performance limiter of the two-tone PLL.    
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Appendix A 
 
Verilog A Code for 
Multiplexer 
 
// verilogA for project_1, mux, verilogA 
          ̀  include “constants.vams” 
          ` include “disciplines.vams” 
            module Mux(in1, in2,out,set); 
            input in1, in2, output, sel; 
            output out; 
            electrical in1, in2, out, sel; 
            parameter real tdel = 0 from [0:inf); 
            parameter real trise = 1p from[0:inf); 
            parameter real fall   = 1p from[0:inf); 
            real vout; 
            analog 
            begin 
            if (V(sel)>0.6) 
            vout = v(in1); 
            else 
            vout < + vout; 
            end 
            enmodule 
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Appendix B 
 

Verilog A Code for 
Phase_ Detector    
 
  // VerilogA for Project_1, phase_detector1, verilogA 
         `include “constants .vams” 
         `include “disciplines. vams”                   
          module phase_ detector1 (fref, fbeat, up, down); 
          input fref, fbeat; 
          output up, down; 
          electrical fref, fbeat, up, down; 
          parameter real vlogic_ high=   1.2 from [0: inf); 
          parameter real vlogic_ low =   0 from   [0: inf); 
          parameter real v trans            = 0.6 from [0: inf); 
          parameter real tell                = 0 from [0:inf); 
          parameter rise time               = 1p from [0:inf); 
          parameter t fall                      = 1p from [0:inf); 
          integer up_ temp,   down_ temp; 
          analog 
          begin 
                  @ (cross (V (fref) –vtrans, +1)) 
          begin 
                  if (down_temp= = 1) 
           begin 
                     up_temp= =0); 
                     down_temp=0; 
          end 
          else  
          begin 
                    up_temp =1; 
                    down_temp=0; 
          end 
          end 
               @ (cross (V (fbeat)-vtrans,+1)) 
          begin   
                  if (up_temp= = 1) 
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          begin 
                  down_ temp=0; 
                  up_temp=0; 
          end 
          else 
          begin 
                  down_temp=1; 
                  up_temp     =0; 
          end 
          end 
 
          V (up) <+ transition (vlogic_ high *up_ temp, tdel,    
                     trise, tfall); 
          V (down) <+ transition (vlogic_high*down_  
                     temp,tdel, trise,tfall); 
          end 
          endmodule 
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Appendix C 
 
 

VerilogA Code for 
Charge_Pump 
   
          ̀ include “constants. vams” 
         `include “disciplines. vams” 
          module cp (up, down, Is , I out); 
          input up, down, Is; 
          output   Iout; 
          electrical up, down, Is, Iout; 
          parameter real vtrans = 0.6  from[0:inf); 
          parameter real tdel = 0 from [0:inf); 
          parameter real trise = 1p from [0:inf); 
          parameter real tfall = 1p from[0:inf); 
          real Iout_temp; 
          analog 
          begin 
               if (V (up)>vtrans) 
               Iout_temp = I (Is); 
               if ( V(down)>vtrans) 
               Iout_temp=-I (Is); 
               if (V (down) <vtrans) 
          begin 
               if (V (up) <vtrans) 
               Iout_temp=0; 
               end 
               if (V (down) <vtrans) 
          begin 
               if (V (down)<vtrans) 
               Iout_ temp= 0; 
               end 
          begin 
               if (V (down)<vtrans) 
               Iout_ temp=0; 
         end 
               I (out) <+ transition (-Iout_temp, tdel, trise, tfall); 
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               V (Is) <+ transition (Iout_ temp*1000000, tdel,       
                               trise, tfall); 
         end 
         endmodule     
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Appendix D 
 
VerilogA Code for  
 VCO_1 
        
       `include “constants. vams” 
       `include “disciplines.vams” 
            
        module VCO_1(Vin,Fout); 
        input Vin; 
        output  Fout; 
        electrical Vin, Fout; 
        parameter real  amp = DC_ level = 0.5 from[0 : inf); 
        parameter real  amp = 1.0 from [0: inf); 
        parameter real center_freq =  1e09 from [0:inf); 
        parameter real   k = 0.375e09  from[0:inf); 
        parameter real   PI = 3.1415926 from  [0: inf); 
        real   W, phi, phi_ out; 
       analog 
                   begin 
                          @ (initial_ step) begin 
                           W = 2*PI*center_freq; 
       end 
                 phi   = W*  abstime; 
                 phi_out = 2*PI*idt (max (0,V(Vin)) ,0) *k; 
                 V (Fout) <+ (DC_ level + (amp/2)  
                 *sin (phi+phi_ out)); 
       end 
       endmodule 
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Appendix E 
 

 VerilogA Code for  
  Adder 
       ìnclude “constants.vams” 
         `include “disciplines.vams” 
           module Summation(in1,in2,out); 
           input in1, in2; 
           output      out; 
           electrical in1,  in2,  out, 
           analog 
                     V (out) <+ V (in1) + V (in2); 
           endmodule 
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Appendix F 
 
 Verilog A Code for 
 Clipper 
       
            // VerilogA for Project_1, clip, verilogA 
           `include “constants.vams” 
           `include “disciplines .vams” 
            module clip (in, out); 
            input in; 
            output out; 
            electrical in, out, 
            parameter real  tdel =  0 from [0:inf); 
            parameter real real tfall =   1p  from  [0:inf); 
            parameter real  trise = 1p from [0: inf); 
            real vout, 
            analog 
            begin 
                      if (V (in) – 0.5 > 0) 
                      vout = 2*(V(in) – 0.5); 
            else 
                       vout = 0; 
    
            V (out)   <+ vout; 
            end 
            endmodule      
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Appendix G 
 
 

Verilog A Code for 
 2nd Order RC Low Pass 
 Filter 
 
               //  VerilogA for  Project_1, LPF, veriloga 
            // 2nd order RC low Pass Filter  
            `include “constants.vams” 
             include “disciplines.vams” 
             module LPF2 (in, out) ; 
             input in; 
             output out ; 
             electrical in,  out; 
             analog 
   
                         // Cut-off Frequency = 50 MHz 
    
             V (out) <+ laplace_ nd (V (in),   [9.87e16], [9.87e16, 6.28e08, 1]    
                                     ); 
              endmodule 
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Appendix H 
 

 Verilog A Code for 
 Comparator 
 
          // VerilogA for Project_ 1, opamp, veriloga 
          `include “constants.vams” 
          `include “disciplines.vams” 
           module opamp (OUT, VP,  VN) ; 
           parameter   gain = 1000; 
           parameter    vmax = 1.2, vmin =0 ; 
           output OUT ; 
           electrical   OUT ; 
           input VP ; 
           electrical  VP ; 
           input  VN ; 
           real VA; 
           parameter real tdel  = 0 from [ 0:inf ) ; 
           parameter  real  tfall  = 1p from [0:inf) ; 
           parameter real  trise  = 1p from [0:inf) ; 
 
           analog 
                     begin 
                     Va = gain*V (VP, VN); 
                     if (Va > vmax) Va = vmax; 
                     if (Va < vmin)    Va = vmin ; 
                     V (OUT) <+ transition (Va, tdel, trise, tfall); 
           end 
           endmodule  
 
 
 


