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ABSTRACT Real Number Modelling (RNM) has become more common as a part of mixed-signal SoC
validation. The paper illustrates modelling Phase Locked Loops (PLL) using SystemVerilog-Real Number
Modelling (SV-RNM) as it’s one of the essential blocks in any Integrated Circuit (IC) and a feedback loop
system. It uses the Piece-Wise Linear (PWL) technique to model the loop filter with higher orders, higher
than a first-order Low Pass Filter (LPF). The PWL technique needs both the value and the slope information
so that the values between the samples can be interpolated, this is represented by the User-Defined Type
(UDT) and Net (UDN). A fractional divider is modelled using the Sigma-Delta modulator of the Multi-
stAge noiSe sHaping (MASH) 1-1-1 topology to generate the fractional part. Modelling non-linear effect
like the phase noise of each sub-block, which is converted to the RootMean Square (RMS)-jitter, by using the
‘class’ datatype that takes complex variables of real and imaginary values then returns some functionalities
on these complex variables. Moreover, taking the loading effect due to capacitances and resistances at the
output by using the User-Defined Resolved Nets (UDRN). The simulation results ensure that there is an
accuracy improvement in the expected PLL outputs compared to the outputs from the transistor level with a
much faster simulation time as an event-driven simulator is used.

INDEX TERMS Real number modeling (RNM), SystemVerilog (SV), user-defined types (UDT), user-
defined resolved nets (UDRN), phase locked loops (PLL), fractional dividers, piece-wise linear (PWL),
phase noise (PN), RMS jitter, hardware description and verification language (HDVL).

I. INTRODUCTION
Nowadays, both the analog and the digital system blocks
are located on the same chip. Most digital design engineers
want to verify the digital modelled blocks along with the
analog models for ensuring the functionality of both systems
together. There are many challenges during the mixed-signal
design modelling as the simulation performance, the verifi-
cation efficiency, and the modelling accuracy [1], [2]. Real
Number Modelling (RNM) is the process of modelling the
behavior of an analog circuit as discrete real data so it’s
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a signal flow-based modelling approach [3], [4], [5]. This
means that every output of an analog component is sampled,
in a discrete manner, from the inputs and the internal states.
The model detects an event and decides the time to carry
out a computation. Therefore, no continuous time operation
is considered, only sampled, clocked, or event-driven oper-
ations. The most familiar Hardware Description Language
(HDL) to support RNM constructs in the digital environment
is the ‘real’ datatype in SystemVerilog (SV) [6], [7], and
the wire-real ‘wreal’ in Verilog-AMS [8], [9], and ‘real’ in
VHDL-AMS [10].
There are two main advantages of using the RNM. The

first one is that the Real Number Models are faster than
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FIGURE 1. Modelling tradeoffs.

SPICE andVERILOG-AMS electrical models. The transistor
netlist has the highest accuracy level, but it exhibits the low-
est simulation time compared to the other approaches since
it uses an analog solver to solve matrices. For the event-
driven simulators, there are no matrices solving. Therefore,
no matrix conversion as SPICE. Discrete event solver ‘‘not
analog solver’’ therefore no convergence problems come into
the picture. The simulation time of a system using the SPICE
simulators takes hours or more than a day to simulate one
system block at a typical corner [11], [12]. The classic analog
modelling techniques are: (VHDL-AMS, Verilog-A, Verilog-
AMS). These techniques reduce the actual simulation time,
in comparison with SPICE simulations. But compared to the
event-driven simulation, still slower as they are still using an
analog solver. The simulation time of a complete system takes
a couple of minutes [13], [14], [15], [16], [17].
The second advantage is that the Real Number Models are

more accurate than the purely digital model. The pure logic
model only represents four states (0,1, X, and Z) but RNM
can model any state which boosts the simulation efficiency.
There are ways to increase the accuracy of real number
models as taking more discrete events by decreasing the time
precision within the timescale. The more discrete events are
taken, the more analog levels can be modelled (sampling
the data with a much higher frequency). But this way could
speed down the simulation and could be a tradeoff to the
pros of the event-driven simulators. This paper will introduce
new techniques that can even increase the accuracy without
decreasing the timestep between events. These techniques
provide modelling of the analog devices with higher accuracy
and the output could be much equivalent to the output from
the transistor netlist. These techniques define User defined
Nets (UDN) that could hold the electrical values in just one
net such as a net that holds the electrical values of volt-
age, current, resistance, and capacitance. Moreover, the PWL
technique is where the UDN holds the electrical value of the
signal, slope, and time [18], [19], [20], [21], [22].

Before the real number models are the best for the high-
level abstraction of the analog devices but still their accuracy
is not much comparable to the output from the transistor
level that is simulated by a spice simulator as in Fig. 1(a).
The paper introduces new RNM constructs that increase the
modelling accuracy of the analog devices with maintaining
high simulation performance as an event-driven simulator is
used as in Fig. 1(b).

A SystemVerilog behavioral RNM for a PLL is presented
to describe the functionality of each sub-block of the PLL as

FIGURE 2. 2nd-order fractional PLL structure with a load effect.

TABLE 1. PLL system specifications and requirements.

its circuit nature such that, it will be divided according to its
input/output port data type [18]. While the structural model
describes each sub-block as its gate function. Moreover, this
model takes into consideration the effect of transistors on
the output of each sub-block. Therefore, it models non-linear
effect like the phase noise of each sub-block and then con-
verted it to the RMS-jitter (seconds) which can be defined as
a delay in the output event and the loading effect of each sub-
block especially at the PLL output as it will be connected to
another loaded circuit. Here, it does not look at the datatype
of the input/output port and will model all the ports as of
‘real’ datatype since there are a lot of analog effects that will
be modelled. Fig. 2. represents the second-order Fractional
PLL structure by taking the effect of the loading. The system
specifications and requirements are represented in Table 1.
System_1 serves modelling the VCO block by using an LC-
oscillator while System_2 by using a Ring-oscillator.

II. PLL MODEL
A. PHASE FREQUENCY DETECTOR (PFD)
The datatype of the input and the output ports of the PFD
is a ‘logic’ datatype so the behavioral implementation of the
PFD is about tracking the information at the transition instant
of the input ports. The idea of the implementation is about
finding the time difference between the positive edge events
of the two input clocks. In this period the output should be
equal to ‘1’ else the output is equal to ‘0’. The output will
be named ‘phase’. Firstly, the positive edge transition of the
input clocks will be tracked using ‘event’ datatype so now
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FIGURE 3. Behavioral waveforms description of PFD.

there is information when the input data is changed from low
to high. The event where the reference clock changed from
low to high will be named ‘wake_ref’ and the time where the
reference clock changed from ‘0’ to ‘1’ will be named ‘cur-
rent_time_ref’. Similarly, the feedback clock will be named
‘wake_fb’ and ‘current_time_fb’ where the feedback clock
changed from ‘0’ to ‘1’. Then counting any event for both
clocks whatever the data is changed from ‘0’ to ‘1’ or from
‘1’ to ‘0’. The counters will be named ‘count_ref’ which
counts any transition of the reference clock and ‘count_fb’
which counts any transition of the feedback clock. Knowing
the number of counts will help to know which input data is
leading the other. When the count of any counter exceeds
the other then the difference between the input clock events
can be calculated. The lagging clock should be subtracted
from the leading clock this is done when the lagging clock
event is subtracted from the leading clock event. If the time
difference is equal to a -ve value this means that the next
positive edge of the lagging signal clock is still not occurred at
the current time, there is only one transition event from ‘0’ to
‘1’ which is the leading signal clock. Therefore, the difference
is equal to a -ve value starting from the current time of the
positive edge of the leading clock until the positive edge of
the lagging clock is occurred. The phase difference between
the two clocks could simply be equal to ‘1’ when the time
difference between the lagging clock and the leading clock is
equal to a -ve value as illustrated in Fig. 3. In the case of the
feedback clock is the lagging the reference clock, this means
that the counts of the ‘count_ref’ are greater than the counts of
the ‘count_fb’ then calculate the difference between the ‘cur-
rent_time_fb’ and the ‘current_time_ref’ starting from the
‘wake_ref’ until the positive edge of the ‘fb_clk’ is occurred.
If the difference ‘diff_fb_ref’ is equal to a -ve value, then
‘phase_up’ is equal to ‘1’ else the ‘phase_up’ is equal to ‘0’.
Similarly, if the counts of the ‘counter_fb’ are greater than the
counts of the ‘count_ref’ then the difference between the ‘cur-
rent_time_ref’ and the ‘current_time_fb’ starting from the
‘wake_fb’ until the positive edge of the ‘ref_clk’ is occurred.
If the difference ‘diff_ref_fb’ is equal to a -ve value, then the
‘phase_down’ is equal to ‘1’ else the ‘phase_down’ is equal
to ‘0’.

The structural implementation of the PFD is about choos-
ing a topology for implementing the PFD circuit. The most
familiar topology is the tristate PFD [23], [24]. The tris-
tate PFD is essentially consisting of two resettable D-FF and
one NAND gate as illustrated in Fig. 4.

FIGURE 4. Tristate PFD and its operation.

FIGURE 5. (a). Charge pump operation (b). Charge pump circuit & Transfer
function of DACs.

TABLE 2. DAC.

B. CHARGE PUMP (CP)
The UP and DOWN pulses generated from the PFD, control
the charge pump current that will flow in the pull-up and the
pull-down networks. Such that if the UP signal is equal to
one logic value, UP = 1, the SUP is closed and the output
current Iout will equal to the charge pump pull-up current Icp.
Similarly, if the DOWN signal is equal to one logic value,
DOWN = 1, the SDOWN is closed and the output current Iout
will equal the charge pump pull-down current −I cp. If the
UP signal is zero logic value, UP = 0, then Iout will be equal
to zero. If the DOWN signal is zero logic value, DOWN =

0, then Iout will be equal to zero. Briefly, the analog current
output value is equal to the desired positive current value,
Icp, at the rising edge of the UP signal. The analog current
output value is equal to the desired negative current value, -
Icp, at the rising edge of the DOWN signal as illustrated in
Fig. 5(a). Since the datatype of the input ports of the CP is
a ‘logic’ datatype and the output ports of the CP are a ‘real’
datatype. Therefore, the charge pump current can be treated
as a two 1-bit Digital to Analog Converter (DAC). The first
DAC converts a digital input to a negative analog output while
the second DAC converts a digital input to a positive analog
output as illustrated in Table 2.

Fig. 5(b). illustrates the transfer function graph that relates
the analog output with the digital input and a simple circuit
representation to the charge pump circuit that consists of two
DACs and an adder to add the output currents from both
DACs. Only one DAC is ON at the present time either at
the rising edge of the UP signal or at the rising edge of the
DOWN signal. One of the two currents, Iup&Idown, will have
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FIGURE 6. Conventional single ended charge pump circuit.

FIGURE 7. PWC/PWL.

a real flow current value while the other will be equal to zero.
At this moment, the output current will be equal to Icp if the
positive DAC is ON and −I cp if the negative DAC is ON.

If the need is to implement a specific topology for the
charge pump circuit like the one illustrated in Fig. 6. for a
more structural model. The conventional single ended charge
pump circuit depends on the mirroring current from Mx and
My, then Mn1 and Mp1 act now as current sources [25]. The
current mirror circuit could be treated in the digital environ-
ment as a closed switch or an ON transistor. Where the p-mos
current mirror circuit is an ON pull-up transistor, the drain
has a low logic value (‘0) and the source has a high logic
value (‘1). The n-mos current mirror circuit is an ON pull-
down transistor, the drain has a high logic value (‘1) and the
source has a low logic value (‘0). The current sources are with
the same concept in the digital environment whereMn2 is ON
when the DOWN signal is high andMp2 is ONwhen the NOT
UP signal is low.

Then the output voltage, Vout , will be converted to the
output current according to the value of the output voltage.
If the output voltage is equal to ‘1’ which means that the
transistors of the pull-up network are on, then the output
current is equal to Icp. If the output voltage is equal to ‘0’
which means that the transistors of the pull-down network
are on, then the output current is equal to −I cp.

C. LOOP FILTER (LF)
Most digital designers use the Piece-Wise Constant (PWC)
technique to model the LF that depends on sampling the data
at a constant delta time [20], [21], [22], [23], [24], [25], [26].
Therefore, the events of the data are defined at specific times

such that the time difference between the current data and
the previous data is constant delta time (1T) as illustrated
in Fig. 7(a). To prevent aliasing of the data, the Nyquist
condition is applied which means that the data is sampled
with a very high rate greater or twice the rate of the input
signal to prevent the loss of the information. Since the PWC
technique could be inefficient in modelling the RF analog
systems even if the data is sampled at a very high rate. That’s
because it forces the entire analog system block, like the LF
block, to be modelled at a single clock rate which is the rate
of the Nyquist condition and does not take into consideration
the effect of an event that occurs in a time less than the delta
time like timing jitter. Even if the digital designer thinks to
increase the rate of sampling the data with a clock rate of
femtosecond this will lead to slow down the simulation as the
whole computation of the system should be occurred each
femtosecond.

Therefore, the PWC technique could be just a behavioral
model for modelling the LF and it is a way to model the
functionality of the block but if the digital designer needs
the output signal to be updated only when the input sig-
nal is changed or wants to take into consideration more
effects like timing jitter then the PWL technique could be
used [18], [19], [20], [22], [23], [24], [25], [26], [27]. The
PWL technique is used to model the data by sampling the
data and interpolating linearly between the sampled points.
Instead of evaluating the data at a fixed rate, the analog
output event is completely event-driven and the output time-
step depends on the given error tolerance in the magnitude
of the analog output as illustrated in Fig. 7(b). The error
tolerance in the analog output is defined by the error that
is expected to be in the analog amplitude due to the non-
idealities in the block. The smaller the error tolerance, the
more the designer is towards the ideal case model for that
block. If the error tolerance has a large value, then the next
time step could be far from the previous one to be reached.
This means that the next time step according to the previous
one, will depend on the error tolerance in themagnitude of the
analog output. Therefore, the error tolerance could be defined
as themaximum tolerance in the analog amplitude. If the error
tolerance is reached, then the next time is defined compared
to the previous one. This allows the effect of sampling clock
jitter to be computed even if the input signal has a non-
constant time step. The datatype of the input and the output
ports of the LF is a ‘real’ datatype. The analog ‘real’ datatype
input is filtered with a transfer function to produce the ‘real’
datatype output. Since the passive filters are preferred to be
used more than the active filters except for the applications
that require the VCO tuning voltage to be higher than what
the charge pump can provide and with higher orders to reject
the noise. Part (III.) will illustrate the PWC and the PWL
techniques for a second-order loop filter. These techniques
could be applied to any loop passive filter type as far as the
designer could calculate the transfer function of the loop filter
and could find a relation between the input and the output.
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FIGURE 8. Calculation of fctrl according to relation of fctrl versus vctrl.

FIGURE 9. Divider consists of divide-by-2 and divide-by-5 Cells.

FIGURE 10. Divider-by-5 and logic to make 50% duty cycle.

D. VOLTAGE CONTROLLED OSCILLATOR (VCO)
For the ideal VCO, the output frequency of the VCO is a
linear function of its control voltage inside the tuning voltage
range. The maximum controlled voltage gives the maximum
frequency and above this voltage, the frequency is saturated
at the maximum frequency. The minimum controlled voltage
gives the minimum frequency and below this voltage, the
frequency is saturated at the minimum frequency [28], [29].
The tuning range is dedicated to the needed frequency range
of the application and the variation of the required oscillation
frequency due to process and temperature. Therefore, the
edges of the tuning voltage range could be defined as maxi-
mum andminimum thresholds. Between these thresholds, the
oscillation output frequency is a linear function of the voltage
control (fo = fctrl = Kvcovctrl + fmin) as illustrated in Fig. 8.

The output frequency is then converted to square pulses as
the output frequency will be an input to the divider sub-block.
The periodic time of the square pulses is simply calculated as
a division of one by the control frequency (1/fctrl). Half of the
period is equal to ‘1’ and the other half period is equal to ‘0’.

E. INTEGER DIVIDER
The integer divider (N) that is divisible by five could be
implemented as cascaded cells of divider-by-5 and divider-
by-2 with the following equation. Where ‘a’ is the number
of the cascaded divider-by-5 cells and ‘b’ is the number of
the cascaded divider-by-2 cells. For example, if the integer
number is 100 then two divider-by-5 followed by two divider-
by-2 cascaded cells as illustrated in Fig. 9.

N = (5 ∗ a) ∗ (2 ∗ b) (1)

Any divider circuit could be implemented as cascaded
flip-flops. The desired number of flip-flops is calculated

according to 2n.Where (n) is the number of flip-flops. There-
fore, divide-by-5 is reached by three cascaded flip-flops.
Fig. 10, the used topology depends on a divide-by-5 counter.
It counts from 0 to 4 and in the 6th count, the counter resets
then it starts again to count from 0 to 4. The reset control
signal resets all the flip-flop cells when the output of flip-
flops becomes equal to 5 (binary equal to 101), which is the
desired division ratio. Since the reset signal is required to be
equal to one logic value at the 6th count then this can be done
by ANDing the flip-flop outputs that have one logic value.
In this case, the outputs that should be taken are Q1&Q3 as
these outputs are equal to one logic value in the 6th count.
This topology does not have a 50% duty cycle divide-by-
5, it is high for two clock phases and low for three clock
phases. A sequential logic is added to make the output clock
frequency of the divider-by-5 cell (Q2) have a 50%duty cycle.

F. FRACTIONAL DIVIDER
The concept of the fractional divider (frac-N) is toggling
between two or more divisor integer level values (N +

<-ve_level>, N, N + < +ve_level>), such that the effec-
tive fractional division ratio is achieved by time averag-
ing the divider output. If the desirable division ratio is
(N. <fracno. >) then the fractional divider is controlled
dynamically to divide by (N) for (1− <fracno. >)% of the
time and by (N + 1) for (< fracno. >)%of the time. The time
is the reference clock periodic time, and the total number of
cycles is the expected output clock cycles per periodic time.
Therefore, the division ratio of (N. <fracno.>) is achieved on
the average of the output clock cycles from VCO per refer-
ence clock cycle when toggling the division ratio between (N)
and (N + 1).

N̄ =
(N ) × No. of cycles1 + (N + 1) × cycles2

Total No. of cycles per time
(2)

where,

No. of cycles1 =
1− <fracno. >

100
× Total No. of cycles per time

No. of cycles2 =
< fracno. >

100
× Total No. of cycles per time

To reach the above, the fractional-N divider consists of
a programmable divider that is programmed to step size
between its integer levels. The programmable divider is
implemented by the Multi-Modulus Divider (MMD) topol-
ogy. The MMD uses cascaded 2/3 divider cells. Each 2/3
divider cell is a programable divide-by-2 or divide-by-3 that
can be implemented as illustrated in Fig. 11(a).

When the modulus control signal (Modin) is low, the two
lower latches operate as if they do not exist and the output
value of the lower positive latch (Q̄) is always high. There-
fore, the 2/3 divider cell divides the input clock frequency by
two. Moreover, when the modulus control signal (Modin) is
high, the output of the 2/3 divider cell is high for two clock
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FIGURE 11. (a). Divider-by-2/3 circuit (b). Divider-by-2/3 circuit operation.

FIGURE 12. Programmable multi-modulus divider from cascaded
divider-by-2/3 cells.

FIGURE 13. Divider-by-2/3 circuit after modification.

phases and low for four clock phases which results in dividing
the input clock frequency by three as illustrated in Fig. 11(b).
The MMD famous topology uses a cascaded 2/3 divider cell
with an n-bit modulus control signal as illustrated in Fig.12.
and the MMD division ratio is given by;

N = 2n + Pn−1 ∗ 2n−1
+ Pn−2 ∗ 2n−2

+ . . . + P2∗22 + P1∗21 + P0 (3)

where (n) represents the number of the cascaded 2/3 divider
cells and the programmable divisor integer level is toggling
between 2n to (2n+1

− 1). Since the cells are cascaded there-
fore the 2/3 divider cell in Fig. 11(a) should be modified to
interface between the consecutive cells [30], [31], [32], [33].
An input (P) and an output (Modout) are added for the modi-
fication as illustrated in Fig.13.

The divider’s modulus control bits (P0, . . . , Pn) should
be changed periodically every reference clock cycle to tog-
gle between the division integer levels (N + <-ve_level>,
N, N + < +ve_level>) so that to keep the time-averaged
division ratio at the desired fractional number. For every
reference clock cycle, the division ratio is changed ran-
domly from one of the desired division integer levels (N +

<-ve_level>, N, N + < +ve_level>). Therefore, the feed-
back clock period is different in its value from one cycle to
another which leads to a different phase difference for every
reference clock cycle. The difference in this phase difference
will inject current pulses in the loop filter which leads the

FIGURE 14. Effect of random division ratio at loop locking.

FIGURE 15. Third-order cascaded loop MASH 1-1-1 16 modulator.

VCO control voltage to oscillate with a small amplitude
even at the steady state of the loop. These small amplitude
oscillations in the control voltage will modulate the VCO
output frequency and then generate undesirable spurs around
the output oscillating frequency as illustrated in Fig. 14.

Random switching between the different division levels
can break the periodicity of the loop behaviour with time
and can result in undesirable phase jitter or spurs near the
desired output frequency. The Sigma-Delta (16) Modula-
tor is used to generate these random levels (<-ve_level>,
0, < +ve_level>). Moreover, the 16 Modulator performs a
high pass filtering effect which moves the undesirable spurs
and the in-band noise near the desired output oscillating
frequency that results from the switching between different
division levels. Then these noises at the high frequency will
be filtered by the PLL loop filter which has a low pass filtering
effect.

The 16 Modulator is modelled by MASH 1-1-1 topology
as illustrated in Fig. 15. The noise spectrum of the MASH
1-1-1 topology has a third-order high pass filtering effect.
The order of the 16 Modulator can be selected upon the
system noise requirements, the 16 Modulator with an order
greater than two leads to more spurs reduction and more
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FIGURE 16. Fractional divider structure.

noise shaping therefore better noise performance. The 16

Modulator of orders higher than three does not performmuch
better noise performance as illustrated by the linear theoreti-
cal model and in the real world, the improvement is not linear
with the increasing of the 16 Modulator. Therefore, a third
order 16 Modulator is always preferred [34], [35], [36].
The third-order 16 Modulator can be implemented by a

single-loop modulator technique or a multi-loop modulator
technique. The single-loop 16 Modulator includes integra-
tors that their numbers equal to the 16 Modulator order
and one quantizer. The multi-loop technique depends on
cascading the first-order 16 Modulator, the number of the
cascaded 1st-order 16 Modulator depends on the 16 Mod-
ulator order. Where the input to the first stage is a DC input
voltage and the input to the other stages is the error introduced
from the previous stage. This technique is called Multi-stAge
noiSe sHaping (MASH). TheMASH16 Modulator does not
suffer from the stability issue compared to a single-loop 16

Modulator as each stage of the MASH 16 Modulator has
one or two integrators that can cover its stability easily instead
of covering a one loop using n/2n-integrators. For 1-bit 16

Modulator, the integrator in the time domain is modelled as
a unit delay. The quantizer could act as a comparator switch
when the input is greater than zero then the quantizer output is
equal to the highest value and when the input is smaller than
zero then the output of the quantizer is equal to the lowest
value. The Mash 1-1-1 is modelled with three cascaded first-
order digital 16 Modulator.
The desired division ratio (N) is then added to the integer

levels generated randomly from Mash 1-1-1 then now the
total division ratio is ranged from (N-3) to (N+4). The output
of the total division should be in bits to be an input for the
Multi-Modulus Divider (MMD) as illustrated in Fig. 16.

III. PWC/PWL
A. PIECE-WISE CONSTANT (PWC)
The PWC technique only models and provides the value of
the signal. This value has an electric model discipline like
the voltage, current, resistance, or capacitance. For LF, the
interest is to model the control voltage. The input to the LF is
the charge pump current and the output is the control voltage
that will control the connected block to the LF output which

FIGURE 17. (a). Second-order LFP, current flow (b). Numerical second
derivative in linear combination of three points.

is the VCO block. Therefore, the target is to find a relation
between the input current and the output voltage. In this
part, the relation depends on finding Kirchhoff’s Voltage Law
(KVL) in any closed network and Kirchhoff’s Current Law
(KCL) at each node. FromFig. 17(a). the charge pump current
flows in the two branches and is equal to

Icp = I1 + I2 = C1
dVctrl
dt

+
1
R2

(V ctrl − Vx) (4)

Differentiate (4),

dIcp
dt

= C1
d2Vctrl
dt2

+
1
R2

dVctrl
dt

−
1
R2

dVx
dt

(5)

Since I2 could also be equal to C2
dVx
dt then the charge pump

current also is equal to

Icp = I1 + I2 = C1
dVctrl
dt

+ C2
dVx
dt

(6)

From (6), dVxdt is equal to

dVx
dt

=
1
C2
Icp −

C1

C2

dVctrl
dt

(7)

Substitute (7) in (5)

dIcp
dt

= C1
d2Vctrl
dt2

+
1
R2

dVctrl
dt

−
1

R2C2
Icp +

C1

R2C2

dVctrl
dt

(8)

The numerical second derivative of data could be represented
in a linear combination of three points [46].

d2V
dt2

=
2V1

(t2 − t1) (t3 − t1)
−

2V2
(t3 − t2) (t2 − t1)

+
2V3

(t3 − t2) (t3 − t1)
(9)

In the PWC, the difference between the current time and its
previous one is constant along the simulation time. Therefore,
the time difference between the current time and the previous
one is equal to dt as illustrated in Fig. 17(b). Therefore, apply
(9) for vctrl;

d2Vctrl
dt2

=
2Vctrtprev2
(dt) (2dt)

−
2Vctrlprev1
(dt) (dt)

+
2Vctrl

(dt) (2dt)

=
1
dt2

(
Vctrlprev2 − 2Vctrlprev1 + Vctrl

)
(10)
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Substitute by (10) in (8) and notice that any first derivative
electric discipline, Icp&Vctrl , will be a linear combination of
two points;

1
dt

(
Icp − Icpprev1

)
=

C1

dt2

(
Vctrlprev2 − 2Vctrlprev1 + Vctrl

)
+

1
R2dt

(
Vctrl − Vctrlprev1

)
−

1
R2C2

Icp +
C1

R2C2

(
Vctrl − Vctrlprev1

)
(11)

From (11), the Vctrl is equal

Vctrl =
a2
a0
Vctrlprev2 +

a1
a0
Vctrlprev1 +

b1
a0
Icpprev +

b0
a0
Icp (12)

where,

a0 =
C1C2R2
dt2

+
C1 + C2

dt
, a1 =

2C1C2R2
dt2

+
C1 + C2

dt
,

a2 =
−C1C2R2

dt2
, b0 = 1 +

C2R2
dt

, b1 = −C2R2

B. PIECE-WISE LINEAR (PWL)
The PWL technique needs both the value and the slope
information so that the values between the samples can be
interpolated. To calculate the slope between the samples, the
time should be taken into consideration at each event-driven
of the signal value as the slope is equal to the value change
divided by the time change. Moreover, the value of the signal
is a function of time. Therefore, the PWL signal holds the
signal, the slope, and the time. This is represented by the
user-defined type and creates a net from this defined type,
to hold more than one variable in the same net. The signal
value should be represented dynamically, as a function of
time, to model the change in the output signal when there is
a change in the input signal at the current time. Since the LF
components are resistors and capacitors that are connected
in series and parallel. Moreover, the values of resistors and
capacitors do not vary with time. Therefore, the LF system
can be considered a Linear Time-Invariant (LTI) system. The
linear equation of the analog LF system is reached by putting
the model into a linear state-space form, a solution with the
Laplace transform, or by finding the linearized model in the
Laplace s-domain. To find a linearized relation between the
output voltage and the input current of the LF system, the LF
transfer function is linearized with a ramp input function.

Fig. 18. illustrates the ramp function in the time domain.
Using Laplace transform, the ramp function in the s-domain
is equal to X (s) =

A
s +

B
s2
, where B represents the slope value

and A represents the constant value. Therefore, the voltage
control signal function in the s-domain is a multiplication
of the s-domain ramp function with the s-domain of the LF

Listing 1. 1. SV code represents PWC by defining User-Defined Type
(UDT) ‘EE_struct.

FIGURE 18. System responsible for linearization is ramp function.

function.

V (s) = X (s) .Z (s)

=

(
A
s

+
B
s2

) (
1 + sC2R2

s (C1 + C2) + s2C1C2R2

)
(13)
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To find the time domain for the above equation, the Inverse
Laplace transform should be applied. Since the main goal in
any dynamic system is to find its response to a given input.
Therefore, the inverse Laplace transform of V (s) is a sum of
two-component system response: a zero-state response which
is caused by the external signals forcing, and a zero-input
response which is caused by the system initial conditions
or caused by the natural responses. The Inverse Laplace
transform will produce both the zero-state and the zero-
input components of the system response. In [44], there is
information provided to find the zero-state and the zero-
input solutions. The zero-state solution is the response of
the system to the input with its initial conditions set to zero.
Therefore, the zero-state solution is just found the inverse
Laplace transform of (13).

vZS (t) = A
(
a0 + a1t + d0e−wt

)
+ B

(
b0 + b1t + c1t2 + d1e

−wt
)

(14)

The zero-input solution is the response of the system to the
initial conditions andwith the input set to 0, Z (s) =

V (s)
X (s) = 0.

vZI (t) =
1
w
v′

(
0−

)
+ v

(
0−

)
−

1
w
e−wtv′

(
0−

)
(15)

where, v
(
0−

)
is the initial condition of v (t) and v′

(
0−

)
is the

first derivative initial condition of v(t). Where,

a0 =
R2C2

2

(C1 + C2)
2 , b0 =

−C1R22C
3
2

(C1 + C2)
3 , a1 =

1
C1 + C2

,

b1 =
R2C2

2

(C1 + C2)
2 , c1 =

1
2(C1 + C2)

, d0 =
−R2C2

2

(C1 + C2)
2 ,

d1 =
C1R22C

3
2

(C1 + C2)
3 , w =

C1 + C2

C1C2R2

Therefore, the total response

v (t) = vZS (t) + vZI (t) (16)

Eq. (16) could be simplified as the following

v (t) = a+ bt + ct2 + de−wt (17)

The first derivation of (17) should be found to calculate the
first derivative initial condition, v′

(
0−

)
,

v′ (t) = b+ 2ct − wde−wt (18)

where,

a = Aa0 + Bb0 + v
(
0−

)
+

1
w
v′

(
0−

)
, b = Ab1 + Bb1,

c = Bc1, d = Ad0 + Bd1 −
1
w
v′

(
0−

)
The parameters (a, b, c, and d) are varying with the simu-

lation since they are depending on ‘A’ and ‘B’. As illustrated
before, the parameter ‘A’ represents the constant value of the
input signal. The input signal to the LF is the charge pump
current. Therefore ‘A’ is equal to the charge pump current
value from the PWL net. While the parameter ‘B’ represents

FIGURE 19. Error in output exceeded the expected error tolerance.

the slope of the input signal. Therefore, ‘B’ is equal to the
charge current slope. The PWL method is completely depen-
dent on the event-driven, therefore any change in the output
from its value and slope should be executed when a new input
comes. For that, the events of the input should be scheduled
when occurred and the scheduling of the input events stored
by the ‘event’ datatype. Then these events should be used as
a trigger for updating the output signal. After triggering the
input events, the current time should be stored when a wake-
up input signal occurred. The output at the current time is
then executed by evaluating the PWL function. Waiting for
the next input event to update the output could take much
time and maybe a lot of the output data is lost between two
input events. The data lost in the output could be valuable, like
timing jitter, according to the error tolerance that is given by
the designer. If these data are exceeded the error tolerance.
Therefore, they should not be wasted. For that the output
should be updated after the delta time step where the delta
time is preferred to dynamically be measured in a relation to
the error tolerance as illustrated in Fig. 19. The delta time
events are triggered to update the output after the delta time
step.

The error tolerance that is expected in the linear approx-
imation for the time interval (t0 ≤ t ≤ t0 + 1t), where
(t0) is the current time and (t0 + 1t) is the next current
time, is bounded by Taylor’s error for the linear approxima-
tion [45].

T2 (t) ≤
1
2

(t − a)2 v′′ (c) (19)

From the above equation, the maximum error tolerance
expected when applying Rolle’s theorem [47], If a function
is continuous on a closed interval [t0, t0+1t], differentiable
on the open interval (t0, t0 + 1t), and it takes the same
value at both endpoints of the interval ‘v (t0) = v(t0 + 1t)’
then somewhere on the open interval the function has a zero
derivative, as illustrated in Fig. 20.

etol =
1
2

(t0 + 1t − t0)
2 ∣∣v′′ (t)∣∣ (20)

The second derivative of v(t) in (17) is a decaying exponen-
tial function plus a constant.Where the constant ‘c’ is equal to
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FIGURE 20. Applying Rolle’s theorem on taylor’s error for linear
approximation.

FIGURE 21. Absolute second derivative of v(t).

zero as it’s a function of the charge pump slope which is equal
to zero. Therefore, v

′′

(t) is considered as a single decaying
exponential function and the absolutemax. value of v′′ (t)will
be at t0 as illustrated in Fig. 21.

v′′ (t) = 2c+ dw2e−wt = 2 (0) + dw2e−wt = αe−βt (21)

where,

α = dw2, α ∈ R and β = w, β ∈ R+

Then the delta step,

1t =

√
2etol

|v′′ (t)|
=

√
2etol

|v′′ (t0)|
(22)

The next output, after the delta time step, could be calcu-
lated from (17) but at an input time equal to the current time
plus the delta time step ‘v(t0 + 1t)’. The output slope could
be calculated as (v (t0 + 1t) − v (t0))/1t .

IV. EFFECTS
A. PHASE NOISE (TIMING JITTER)
For each block, the timing jitter could affect the time when
the event could occur. The event could occur late or early
due to the timing jitter. This timing jitter of each block can
be calculated from the phase noise. The phase noise is in the
frequency domain while the RMS jitter is in the time domain.
The timing jitter is the integration of the phase noise power
under the required frequency band. Since the simulation of
the digital tools is event-driven therefore the integration of
the phase noise can be modelled as an accumulation of the
phase noise of the current frequency to the phase noise of
the previous frequency until the required frequency band is
covered. First, the noise contributed from each block should
be found. Each block could contribute voltage noise, current
noise, or phase noise according to the nature and the behav-
ior of this block [37], [38], [39], [40], [41], [42]. Table 3.

Listing 2. Modified SV code [20] represents PWL for 2nd-order LF by
defining user-defined type (UDT) ‘PWL_struct’.
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Listing 2. (Continued.) Modified SV code [20] represents PWL for
2nd-order LF by defining user-defined type (UDT) ‘PWL_struct’.

illustrates the noise contributed from each sub-block of the
PLL system. Second, the noise of each block will be shaped
until it reaches the PLL output. Therefore, the noise transfer
function that will reshape the noise should be found. Table 4.
illustrates the transfer function that will influence the noise
contributed from each block at the output of the PLL. These
functions are extracted from the linear model of the PLL by

FIGURE 22. PLl phase noise linear model.

TABLE 3. Noise contributed from each block of PLL system.

TABLE 4. Transfer function of each block.

injecting a noise source at the output of each sub-block of the
PLL system as illustrated in Fig. 22.
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Where,

There are a lot of transfer functions that are linearized in
the s-domain (s = σ + jω). The s-domain has a real part of
the value (σ ) and an imaginary part of the value (ω). In the
digital environment, the s-domain or the frequency domain is
not considered. Therefore, the designer could get the real and
the imaginary parts through one variable and then create func-
tions on this variable. A SystemVerilog package will be used
to do some functions such as add, subtract, multiply, divide,
absolute, and power on complex variables. The package has a
‘class’ named ‘complex’ that defines two real datatype class
members which are the ‘Real’ and the ‘Imag’. The user takes
the values of ‘Real’ and ‘Imag’ from the user to create a
class ‘complex’ variable and this is done by the class task
‘set’. Then the class ‘complex’ variable becomes an input
to one of the global functions such as addition, subtraction,
multiplication, division, absolution, and power. For functions
like addition, subtraction, multiplication, and division, the
user needs to pass two class ‘complex’ variables to the func-
tion and the function will return one class ‘complex’ variable
with the result. Moreover, the functions like absolution and
power, the user needs to pass one class ‘complex’ variable to
the function and the function will return one class ‘complex’
variable with the result. The user then could get these values
by using the class function ‘get’. The ‘complex_pkg’ is used
to calculate the linear model transfer function of the loop
filter and the VCO blocks. Moreover, it’s used to calculate
the linear model transfer function of the forward loop gain,
the reverse loop gain, the open loop gain, and the closed loop
gain through a range of frequencies. The most important that
this package is built to calculate the <block> noise transfer
function that will influence the noise from this <block> at
the PLL output. Firstly, declaring a class ‘complex’ variable
for each of the previous transfer functions. For each transfer
function, two class ‘complex’ variables will be declared. One
for the transfer function value at the given current frequency
(fi) and the other for the transfer function value at the next
frequency (fi + increment).
Now the need is to calculate all the transfer functions,

and the noise contributed from each block. Therefore, a ‘for
loop’ is used to calculate the value of these functions from
the minimum to the maximum frequency. Then estimate the
phase noise contributed from the block at the output of the
PLL by multiplying the noise with the square power transfer

FIGURE 23. Linear piece-wise logarithmic function of PN spectrum.

function.

PN = Noise ∗ |TransferFunction|2 (dBc/Hz) (23)

Finally, converting the phase noise to jitter. In [43], it is
assumed that the phase noise PSD response can be approxi-
mated by a linear piecewise logarithmic function as illustrated
in Fig. 23. The slope is expressed by

ai =
PN i+1 − PN i

log10 (fi+1) − log10 (fi)
(dBc/decade) (24)

The RMS phase jitter can be calculated by the following

Jblock =
1

2π fc

√
2 ∗

∑
Ji (25)

where,

Ji =

(
10

PNi
10 ∗ f

−
ai
10

i ∗

(
1 +

ai
10

)−1
∗ (1 + fi)−1

)
− f

1+ ai
10

i

(26)

All the phase noises contributed from each PLL sub-blocks
are added to find the total contributed phase noise at the
output of the PLL (dBc/Hz) by the following equation and
this is converted to the total RMS timing jitter in (25).

PNtotal = 10log10


10

PNOUTREF
10 + 10

PNOUTPFD−CP
10

+10
PNOUTLF

10 + 10
PNOUTVCO

10

+10
PNOUTDIV

10 + 10
PNOUTSDM

10

 (27)

After the jitter is calculated, the output event should be
delayed by the jitter time. This means that the jitter can be
translated as a delay in the output signal. The output signal
occurs at a certain event ‘e.g., always @(event) output =

<>’. Therefore, the jitter cannot delay the output signal
before when the output should occur as the output occurs due
to an event that is driven. That means that the negative jitter
cannot be modelled as the negative delay is not modelled in
the SystemVerilog Language or any other HDL language that
depends on the event-driven simulation ‘‘#(-ve time) does not
exist)’’. Only the positive jitter can be modelled as illustrated
in Fig. 24(a).

79732 VOLUME 11, 2023



M. Maurice et al.: Increasing the Modeling Accuracy of an Analog PLL Device

FIGURE 24. (a). Event-Driven models positive jitter only (b). Normal
distribution.

FIGURE 25. Impedance voltage division.

Since the designer is modelling the random jitter. There-
fore, the value of the jitter calculated cannot be taken directly
as a delay in the output signal. The jitter value that is
calculated, does not consider the PVT (Process, Voltage,
Temperature) variations. Therefore, the jitter value should be
modelled as a Gaussian random distribution process since
the Gaussian distribution can represent the PVT variations.
At each event, the output signal will take a random delay
jitter value according to the Gaussian (Normal) distribution
as illustrated in Fig. 24(b).

B. LOADING
The output clock will be an input to another system. The
system here acts as a load to the PLL output which means
the high-power supply of the output clock will take time to
reach its high value and the low power supply of the output
clock also will take time to reach its low value. Therefore, the
load effect on the output clock should be modelled to know
the extent of the load that the output clock can hold to make
the system behaves correctly else the load could change the
output clock and the behaviour of the system. The load effect
can be modelled by a User Defined Resolved Net (UDRN).
The UDRNs are useful when the need is to resolve multiple
drivers together, drivingmultiple signals through one net such
as driving the load of the PLL and the load of the device
that will be connected to the PLL. To take the loading effect,
the net will be resolved by an impedance voltage division as
illustrated in Fig. 25.

The User-Defined Resolution (UDR) function takes any
UDT input connected to the User-Defined Resolved Net
(UDRN) from the values of voltages, capacitances, and
resistances. Then the net represents the resolved value after
considering the effect of the impedance between the driven
input voltage and the output that the user is waiting to see
its resolved value. The output voltage and the current are

FIGURE 26. PLL locking of behavioral model for system_1 & _2.

resolved by the following equations (31 & 34).

IRscr + ICsrc = IRLoad + ICLoad (28)
Vout − V in

Rsrc
+
dVout − dVin

dt
Csrc =

Vout
Rload

+
dVout
dt

Cload

(29)

The numerical first derivative of the data could be repre-
sented in a linear combination of two points ( dVdt =

V−Vprev
t−tprev

)
and assume that the delta step (t − tprev) is constant through
the simulation. Therefore, the delta step will be represented
as dt.

Vout − V in

Rsrc
+

(
Vout − Voutprev

)
−

(
Vout − Vinprev

)
dt

Csrc

=
Vout
Rload

+

(
Vout − Voutprev

)
dt

Cload (30)

After some simplifications, the resolved output is equal to

Vout =
1

A+ B+ C + D

 (B+ D) ∗ Vin
− (D) ∗ Vinprev
+ (C + D) ∗ Voutprev

 (31)

For the Current flow in the output,

Iout = IRLoad + ICLoad =
Vout
Rlood

+
dVout
dt

Cload (32)

Iout = (A+ C) ∗V out − (C) ∗ Voutprev
(33)

After some simplifications and substitute by Vout in (30), the
resolved current is equal to

I =
A+ C

A+ B+ C + D

 (B+ D) ∗ Vin
− (D) ∗ Vinprev
+ (C + D) ∗ Voutprev

 − C ∗ Voutprev

(34)

where,

A =
1

RLoad
, B =

1
Rsrc

, C =
CLoad
dt

, D =
Csrc
dt

The net can model the effect of the loading at any node,
this resolved net models a Low Pass (LP) filtering effect,
a High Pass (HP) filtering effect, a resistance-voltage divider
effect, a capacitance-voltage divider effect, a resistance-
voltage effect, and a capacitance-voltage effect. Table 5.
illustrates which capacitor/resistor needed to be set to reach
the desired effect.

VOLUME 11, 2023 79733



M. Maurice et al.: Increasing the Modeling Accuracy of an Analog PLL Device

TABLE 5. Components of resolved net that need to be set.

Listing 3. SV code represent Load Effect modelling with UDR/UDRN.

V. PLL SYSTEM INTEGRATION AND EXPERIMENTAL
RESULTS
The Behavioral Model uses the behavioral model of the PFD
and the CP. The PWC technique for the LF and the integer
divider. Fig. 26. illustrates the settling behavior of the VCO

FIGURE 27. PLL locking of structural model for system_1 & _2.

FIGURE 28. Output oscillating frequency through locking time for
system_1 & _2.

TABLE 6. Sub-block jitter at PLL output.

control voltage to be settled at 500 mV for System_1 and
420mV for System_2. The settling time is approximately
2.5 µsec for System_1 and 0.8 µsec for System_2.

The Structural Model uses the structural model of the PFD
and the CP. The PWL technique for the LF and the fractional
divider. Fig. 27. illustrates the PLL locking where, the VCO
control voltage reached 99% of its final value at 400mV
at 2 µsec for System_1 and at 0.6 µsec for System_2.

There are ripples on the control voltage at settling (locking)
of the PLL as illustrated in Fig. 27. because of the instanta-
neous change in the division ratio, to get the average required
output clock frequency of 4.8 GHz as illustrated in Fig. 28.
This means that the phase noise contributed from each PLL
sub-block that is added to find the total single-side-band
phase noise of the PLL (1KHz∼100MHz) and the timing
jitter converted from phase noise will be higher than the case
of the integer division by the noise of SDM as illustrated in
Fig. 29. and Table 6.
The previous table shows the typical values of the RMS

jitter while Fig. 30. illustrates the values from the mean
value of the RMS jitter at the PLL output clock frequency
through the simulation time by using a Gaussian distribution
of sigma equal to (0.001). Fig. 31. illustrates the time differ-
ence between the clock output frequency with and without
jitter.
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FIGURE 29. Output phase noise of 2nd-order pll for system_1 & _2.

The jitter histogram in Fig. 32. illustrates the total RMS
jitter value of 12000 clock cycles of both systems. System_1
contributes rms jitter of mean 928.345 fsec. and System_2
contributes rms jitter of mean 2.33 psec.

For both systems, the need for the carrier frequency or
the output oscillating frequency to be equal to 5GHz. The
first system contributes less noise power (less rms jitter)
than System_2 but System_2 has a smaller area regarding
the use of a RING-oscillator instead of an LC-oscillator and
the Loop Filter (LF) components are smaller. The specifi-
cation on each system is driven to serve the VCO block.
For example, the loop bandwidth for System_2 is greater
than System_1, to reject more noise coming from the VCO
block since the RING-oscillator consumes more noise than
the LC-oscillator. System_2 consumes less amount of current
to decrease the resistance value in the loop filter which could
then has a significant noise contribution after the loop band-
width increased. The division ratio of System_1 is the double
ratio of System_2 that is because of the need for a smaller LF
area, if the division ratio of System_1 is chosen to be equal
to the division ratio of System_2 this will lead to double the

FIGURE 30. Total PLL RMS jitter through simulation time.

FIGURE 31. Time difference between output clk with and without jitter.

area of the LF despite the double division ratio will consume
just an extra divider-by-two cell that could be implemented
by two flipflops only.

Increasing the loop bandwidth decreases the settling time.
Moreover, smaller loop bandwidth leads to reject more noise
from the PFD/CP/LF noise but less neglection of noise from
the VCO side. This means that there is a trade-off between
decreasing the settling time of the PLL which may be a strict
requirement in some applications that are applied at very high
speed and decreasing the output phase noise. Therefore, the
unity gain frequency (wu) which is the loop bandwidth should
be adjusted to achieve the minimum output phase noise and
the optimum settling time needed for the application.

For the loading effect, Fig. 33(a). illustrates the output
clock frequency with different values of (Rsrc) from (10� to
500�). While the capacitance load (CLoad ) is 5pF. The Rsrc
of 500� is not acceptable for the high-speed circuits as it
takes time to reach its high value, for that there is always a
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FIGURE 32. Total PLL RMS histogram jitter of 12000 clock cycles for
system_1 & _2.

FIGURE 33. (a). Same CLoad/Different Rsrc (b). Different CLoad/Same Rsrc.

buffer between the PLL output and the device that will be
connected to it as the buffer has a small source resistance. The
digital design engineer can change this value or even model a
filtering effect according to the specifications of the system.
Fig. 33(b). illustrates the output clock frequency with (Rsrc)
of 100� and the capacitance load (CLoad ) from (5pF to 20pF).

VI. COMPARISON BETWEEN SV-RNM AND TRANSISTOR
LEVEL
This partition ensures that the accuracy of modelling PLL
with these techniques is increased by comparing the sim-
ulation results from the SV-RNM model simulated using
an event-driven simulator with the transistor level outputs
simulated by a spice simulator. Table 7. represents the control
voltage comparison between the transistor level [48] and
SV-RNM.

Second, comparing the output techniques of modelling
the phase noise produced from [49], [50] with the output

TABLE 7. Control voltage comparison.

TABLE 8. Phase noise comparison.

TABLE 9. Comparison between simulation time for 5us transient time.

modelled from the SV-RNM. Table 8. proves that the method
of evaluating the PN from the block parameters, by building
a ‘class’ datatype that holds the real and the imaginary parts
of the s-domain element, is very efficient and precious.

Most digital design engineers do not model the load effect
at the PLL output for that the output oscillating frequency
is always pure ‘1’ and ‘0’ whatever the HDL used. But the
amplitude of the oscillating clock is changed according to
the load connected to it and its effectiveness high/low supply
values are also changed [51], [52]. Therefore, the UDRNs can
model this effect by resolving multiple signals that are driven
together in one net.

From the above, it’s clear that SV-Real NumberModels can
achieve higher accuracy modelling for the high-level abstrac-
tion of the analog devices with a very high simulation time
gain than Verilog-AMS/Verilog-A and SPICE as in Table 9.
If the user wants to change a one-block parameter to verify the
system, the simulation timewill be inminutes for VERILOG-
AMS and in hours for SPICE despite in seconds for a high
accuracy model Device Under Test (DUT) [54], [55], [56].

VII. CONCLUSION
A lot of techniques could increase the accuracy of mod-
elling analog devices in the digital environment. The PWL
technique, a UDN that holds more than one member (value,
slope, and time), is very useful when modelling filters in a
feedback loop. The high-level abstraction of the fractional
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divider captures ripples within the control voltage that could
increase the noise contribution compared to the integer
divider. Capturing the value of the PN from the block param-
eters, by building a ‘class’ datatype that holds the real and the
imaginary parts of the s-domain element then using the block
parameters and convert the PN to the RMS jitter that helps in
predicting the RMS jitter of the PLL system. The UDRNs are
helpful in resolving multiple signals that are driven together
in one net, an example is the loading effect that helps in
predicting the load that the PLL can hold without changing
the output clock amplitude and according to the specifications
of the PLL that are put to serve the other blocks that PLL will
be a clock to them.
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