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Abstract

Multiplier free Digital Phase-Locked
Loop (DPLL) based on Hilbert transform has
been analyzed in this paper. The performance
of this DPLL when applied as FM demodulator
is evaluated in relation to the DPLL with
Multiplier based Phase Detector (MPD)
showing better dynamic properties expressed in
the form of the lock range, settling time, pull-out
range etc.

1. Introduction

In the field of communication, the
phase-locked loop (PLL) is frequently used for
frequency demodulation [1],[2]. In analog PLL
and appropriate variant of the DPLL, the
analog and digital multipliers are used as Phase
Detectors (PD). The MPD measures the phase
difference between the input and output signals
and produces an error signal proportional to the
measured phase difference. The output signal of
the MPD consists of a DC component (phase
difference) and an unwanted AC component
(high frequency component). The Low Pass
(LP) filter in the loop removes the AC
component of the MPD. The loop filter transfer
function has an important influence on the
dynamic performance of the loop. If we want to
use the PLL to demodulate frequency
modulation the loop filter must be wide enough
to obtain best loop tracking and acquisition
properties, or the loop bandwidth should be
made as large as possible to minimize phase

error. Simultaneously, the loop filter should
reject undesired high frequency component of
the MPD and it must be chosen as LP filter. It
can be shown that if cuttoff frequency of the
loop filter is too low and the frequency
deviation of the input FM signal is excessive,
the PLL can lose lock. Actually, there is a
conflict in design of the loop filter and desired
dynamic features of the PLL [3].

2. Hilbert transform PD

The Hilbert Transform based Phase
Detector (HTPD), which employs quadrature
signal processing method [4], estimates phase
difference between input and output signals
without using LP filter:

u, () )
LN [P, >|Z| Ny O

u, @)

Figure 1: HTPD operating principle

This PD extracts the phase error between the
mnput u,(n)and output u,(n) signals of the
PLL by complex multiplication of complex
signals [5],[6],[7]. A complex signal of the form
u(n)t jiu(n) is synthesized from a real signal
u(n) and its Hilbert Transform and is known
as an analytic signal. The input and output
analytic signals of the PLL are defined by:
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The complex multiplication of these andytic
sggnds produces an output andytic Sgnd of the
PD. The real sgnd of the PD can be obtained

by taking imaginary part of thisandytic gnd:

u, (n) = IM{ 4.4y 107 200} = 2
=448 (1) - ,(m)] = 44,80 (n)]

It can be seen that the output sgnd of the
HTPD u,(n) condsts of a DC component and

does not contain the unwanted AC component.
Consequently, there is no need for using a LP
filter as a PLL component building block. The
digita controlled oscillator (DCO) used in this
typeof PLL generatestwo sgnals, an in-phase
ggnd 7 and aquadraturesignd Q. The DCO is
not able to compute 7 and Q sgnds directly.
These Sgnd are cdculaed indirectly from the
phase f,(n). I Sgnd and Q Sgnds are the
Hilbert-transform pair. The sgnd flow diagram
for thisDPLL isillugrated in Fig. 2.

Figure 2. The digitd PLL with HTPD

As indicated in the block diagram, this type of
DPLL is a firg-order loop because the loop
filter is omitted. The loop ddays input Sgnd by
(M-1)/2 time deps and the output signd of
HTPD directly controls the DCO.

3. Performance analysis

Performance of the DPLL with HTPD
is compared with the DPLL with MPD through
evauation of the four key parameters specifying
frequency range in which PLL can be operated.
The loop filter has an important influence on
these parameters. They are defined for both
variants of the loop as.
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where w is the loop natura frequency, K, is
ganof PD and K, isgan of the VCO. If, the
PLL is pulled-out by alarge frequency step, we
can expect that PLL to come back to stable
operation. This process is known as pull-in
process and is reatively dow. The frequency
step which causes loop to lose lock, is much
greater for the PLL with HTPD than the PLL
with MPD. The DPLL with HTPD has larger
lock range than a DPLL with MPD and is able
to track faster phase and frequency variations
of the input signd. Moreover, the loop
bandwidth for the DPLL with HTPD is greater
than the DPLL with MPD asfollow:
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It is clear that the loop filter reduces the loop
bandwidth. Consequently, the lock-in time
(settling time) for the PLL with HTPD is very
short.

One of the main advantages of usng the
PLL isits ability to demodulate and track sgnd
in noise The PLL offers excdlent noise
immunity compared to other designs [8],[9].
When noise is superimposed on input signd
loop bandwidth must be as narrow as possible
to minimize output phase jitter. Wheress, the
loop bandwidth should be made as large as
possible to obtain best tracking and acquisition
properties [1]. Than, there is a problem when
we try to choose appropriate parameters of the
loop. The output signal-to-noise retio SNR,,

versus the input sgna-to-noise ratio SIVR,,
curve characterizes the PLL FM demodulator
performance in the presence of noise. To
cdculate the sgna-to-noise ratio of the VCO
output SNR,,,, it is necessary to know the
SNR,,, the noise bandwidth of the loop B,
and the input noise bandwidth B, asfollow [3]:
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If the input bandpass filter is considered as a
pat of the PLL FM demodulator the noise
bandwidth B, is the bandwidth of such afilter.

The noise bandwidth of the loop for both types
of the PLL desgnisdefined as[3],[10]:
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The PLL with HTPD has lager noise
bandwidth of the loop than digitd PLL with
multiplier PD. Thus, this PLL has less rgection
of the noise superimposed on input signd. In

practice, when PLL is used a FM
demodulator we must filter the output sgna for
both variants of the PLL desgn. The
rectangular passband podfilter with cuttoff
frequency equa to the massage bandwidth
should be used [9]. Theefore, these
demodulators have approximately equal noise
performance when the podtfilter is used.

4. Simulation results

In this paper, we smulated behavior of
the digitd PLL with the MPD and digitd PLL
with HTPD. The loops are implemented by
software on DSP TMS320C40 (Tl) in red
time [11]. Frs loop (PLL with MPD) is the
ordinary second-order loop with the active
loop filter and flaa amplitude response
z =0.70 (damping factor). The specia 80™"-
order FIR filter is used as Hilbert transformer in
the second loop. The loops are designed in
order to demodulate arel FM sgnd which
has the center frequency f. =22.5kHz, the

frequency devigtion Df =10kHz, the
modulation  frequency f, =75Hz; ad
amplitude 4, =1p . The sampling frequency is
100 kHz.
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Figure 3. The spectrum of the input sgnd
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Figure 4. The spectrum of demodulated

ggnd (the PLL with MPD)
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Figure 5. The demodulated sgndl
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Figure 6. The spectrum of demodulated
signd (the PLL with HTPD)
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Figure 7. The demodulated signa

As illugrated (Fig.6), the output signd of the
PLL with HTPD does not contain the unwanted

AC component near frequency 2 f,, contrary

to the digital PLL with MPD (Fig. 4). When we
want to design the digitd PLL with MPD we
must choose the parameters z and w, , which

determine the frequency response and the
phase error of the loop. Whereas, the phase
error depends on frequency deviation Df and

modulation frequency f,, of the input FM signdl

[1]. The phase eror must be smal and lie
within the linear range of theloop dl thetime. In
that case, demodulating sgnd is reproduced at
the loop output with minimum digtortion [8].
For grester modulation frequency which is
equa to f, =750 Hz but sill smdler than the

loop bandwidth, this PLL will lose lock (Fig. 8
and 9). The PLL with HTPD has larger loop
bandwidth and can track the new modulation
frequency of the input Sgnd. Generdly, thereis
no tracking problem for this PLL when the
input frequency liesin the hold range of the loop
(Fig. 10 and 11).
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Fgure 9. The demodulated sgna
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Figure 10. The spectrum of demodulated
sgnd (the PLL with HTPD)
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Figure 11. The demodulated sgnd
5. Conclusions

The desgn of digitd PLL as FM
demodulator with HTPD and the main results of
the performance analysis are presented in this
paper. The computational operations required
for this PLL suggest implementation by
software. The key dement of this PLL is the
HTPD which extracts the phase eror by
mathematical computations without usng a LP
filter. Consequently, this PLL has larger
bandwidth, pull-out and lock range than digitd
PLL with MPD. Therefore, it is able to track
fadter frequency varidions of the input signd
which ingantaneous frequency lies in the hold
range of the loop. ThisPLL hasless rgection
of the noise superimposed on the input sgnd
due to the larger noise bandwidth of the loop.
The output signd of the loop is delayed by (M-
1)/2 time seps because the ided Hilbert
transformer is redized as FIR dructure [6],[7].
The sampling frequency must be at least twice
the highest-frequency component exiging in

input sgnd [12].That is not case for the PLL
with MPD where the sampling frequency must
be at least four time greater than the highest-
frequency component exising in input sgnd.
Wheress, the software dgorithm for thisPLL is
more complicated than agorithm of the PLL
with MPD.
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