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Abstract
In this paper we present a new method for pitch estimation us-
ing a system based on phase-locked-loop devices. Three main
blocks define our system. The aim of the first one is to make
an harmonic decomposition of the speech signal. This stage is
implemented using a band-pass filter bank and phase-locked-
loops cascaded to the output of each filter. A second block
enhances the harmonic corresponding to the fundamental fre-
quency and attenuates all other harmonics. Finally a third stage
re-synthesizes a new signal with high energy at the fundamen-
tal frequency and extracts pitch contour from that signal using
another phase locked-loop. Performance is evaluated over two
databases of laryngograph-labeled speech and compared to var-
ious well known pitch estimation algorithms.

1. Introduction
Pitch detection is a complex nature problem. Many difficul-
ties arise when estimating pitch including pitch-doubling, pitch-
halving, performance degradation with noise, voiced-unvoiced
decision and estimation at the beginning and ending voiced seg-
ments. Those factors make pitch detection and extraction a diffi-
cult task, and various algorithms have been reported in the past
[1] [2] [3] [4]. Some of them are reliable for limited applica-
tions, but nearly all have a lack of robustness specially for noisy
environment conditions. A comparative evaluation of different
methods for pitch estimation can be found in [9]. Reliable pitch
detection is important in the determination of prosodic features
like stress, rhythm, and intonation. It is also important in distin-
guishing segmental categories in tonal languages, speech cod-
ing system, and speech analysis-synthesis system [1].

In this work we present a new pitch detection system based
on the use of phase locked loops (PLL). PLLs are widely used
in communications systems, including FM demodulation, fre-
quency multiplexing, and frequency synthesizers [5]. Two main
features make PLLs especially attractive: automatic tracking of
periodic signals, and narrow bandwidth. Once a PLL is tracked
to a signal, it will robustly follow the frequency variations of
the speech signal, and this is an appealing feature for param-
eters estimation like formants and pitch. That motivated us to
explore the use of PLLs for speech features extraction in the
past [10]. The main problem on using PLLs for pitch extrac-
tion concerns to the poly-harmonic characteristic of speech sig-
nals. That characteristic causes PLL locks to the highest energy
harmonic which is not necessarily equal to the fundamental fre-
quency. To overcome this problem we perform an harmonic de-
composition of the speech signal using a band-pass filter bank
whose outputs are cascaded to PLLs. Those outputs, after a post
processing that enhances near fundamental frequency harmon-
ics, are added up and fed to another PLL which estimates the
pitch contour.
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he rest of the work is divided as follows: In section 2
tline a basic description of PLL principles; section 3 de-
s our pitch detection algorithm; in section 4 we show and

ss experimental results and finally in section 5 we give
concluding remarks.

2. Phase locked loop operation
L consists on a loop containing three basic blocks [5]
): a voltage-controlled-oscillator (VCO) whose frequency
trolled by an external voltage, a phase detector (PD) usu-
multiplier, and a low-pass filter (loop-filter). Phase de-
compares the phase of a periodic input signal against the
of the VCO resulting in an error signal which is a function
difference between instantaneous phases of the input and

CO. This error signal is then filtered and amplified by the
filter and applied as a control voltage to the VCO whose
t in turn, is fed as input to the phase detector. The VCO
tes at a set frequency known as free-running frequency.
ontrol voltage forces the VCO frequency to vary in a di-
n that reduces the difference of phase between VCO and
phases. If both phases are sufficiently close, negative feed-
makes the VCO to lock or synchronize with the incoming
l. Once in lock, VCO and input phase are identical, as a
quence, their frequencies are also equal.
hen the incoming signal is poly-harmonic, locked con-
depends on the free-running frequency set of the VCO,

elative energy of signal harmonics. Also it depends on
filter parameters which makes PLL be able to capture a
ency. Higher energy harmonics will have more chances to
nchronized with a PLL than lower energy ones.
ock indicator signals that the PLL is locked. It is gener-
ith a quadrature phase detector followed by a smoothing
When output of the main phase detector tends to zero

ed condition), the output of the second PD tends to be max-
, and a measure of the locking degree of the main loop is
ed. The smoothing filter is necessary to avoid flickering
lock indicator signal. This signal can be very useful for

h signals in the detection of voiced-unvoiced segments.
lock indicator signal is high it means that the PLL is well

d, while a low value signals an unlocked condition which
robably correspond to an unvoiced segment because there
harmonic with enough energy for the PLL to capture. Con-
ly, a high value of the lock indicator signal involves the
nce of harmonics which means voiced segments.

this work we implemented an algorithmic version of the
g PLL. Details concerning analog PLLs design can be
in [5].

or the rest of the work we will consider a PLL as a block
an input signal and three output signals: Frequency sig-

which indicates the instantaneous frequency at which
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Figure 1: Basic PLL operation.
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Figure 2: Pitch extraction system.

the PLL is locked; VCO output � which is a sinusoidal signal
locked in phase with the input signal; and lock indicator signal
� which as said is an instantaneous measure of the degree of
locking of the PLL.

3. Pitch estimation system
3.1. Overall system description

Fig. 2 shows a block diagram of our pitch estimation system.
Basically it consists on three main blocks. The first block split
the input signal in a set of channels whose outputs are signals
each containing one harmonic of the poly-harmonic input sig-
nal. Channel overlapping is permitted so the same harmonic
may be present in more than one channel. The second block is
devoted to the generation of a set of coefficients which will be
used to weight output signals of the first block. The main goal
of these coefficients is to enhance those channels whose signal
frequency is in the range of the fundamental frequency, and to
attenuate all other channels. The third block is a synthesis stage;
its inputs are the output channels of the first stage weighted by
the coefficients generated in the second stage; this stage gen-
erates a signal with high energy in the fundamental frequency
range. Pitch contour is extracted from that signal resulting in
the output of the whole system. Now, we will make a detailed
description of each block.

3.2. Signal split stage

Split of the input signal is implemented with a band pass fil-
ter bank each followed by a PLL (Fig. 3). The goal of the
filters is to specialize the range of frequencies that each PLL
would be able to synchronize. Each PLL is set to a free running
frequency equal to the cutoff frequency of the corresponding
filter. The number of filters was determined experimentally in
order to cover a certain numbers of harmonics of the speech
signal. We used �� channels linearly spaced in Mel scale and
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e 3: Split of the speech signal in its frequency components.

roximately constant � factor covering the range between
and ������. We also found that band pass filters with

ymmetrical frequency response perform better than those
symmetrical response. We have chosen the kind of filters
sted by Wang and Shamma [6] and we adjusted empiri-
the � factor and the degree of asymmetry of the filters.

Weights coefficients generation stage

id, the goal of this stage is to determine a set of weight
cients for the output signals of the first stage. The value
se coefficients will result in an enhancement of the signal
els whose frequency is in the range of the fundamental

ency, and an attenuation of all other signal channels. In
to understand the way such coefficients are obtained, we
d take into account the following observation: because of
ymmetrical characteristic of the filters of the first stage,
the distance between successive filter is sufficiently short,
the difference of frequencies between adjacent channels
d be zero or the fundamental frequency of the speech sig-
�. This can be seen in Fig. 4, where the arrows represent
harmonics of the speech signal, and Filter A, B and C are
equency responses of three adjacent filter channels of the
used in this work. PLLs corresponding to channels A and
l probably lock to the same frequency �� because it is the
st energy harmonic surrounding cutoff-frequency (and the
sponding free-running frequencies) of channels A and B.
corresponding to channel C however, almost surely will
requency ��� for the same reason. Then, frequency dif-

ce between channels A and B will be zero, and frequency
ence between channels C and B will be ��.
onsidering the above observation, we can define a signal
e will call weight signal as the sum of a set of sinusoidal

ls whose frequencies are the difference of frequencies be-
adjacent channels (see Fig. 5). Those signals are gen-
with blocks �� � ����. They multiply adjacent input

els, and band-pass filter the result. Filtering is necessary
er to eliminate high frequency components (sum of adja-
requencies), and very low frequency components resulting
those channels whose PLLs are locked to the same har-
c. If we perform a DFT (Discrete Fourier Transform) over
eight signal, we will observe an energy distribution cen-
around ��; however, although �� will have a high compo-
the rest of the frequencies will not have zero energy but a
ro value higher for harmonics which are close to ��, and
zero for values far from it. So, we could associate the

of the amplitude of the DFT corresponding to each fre-
y to the weight coefficient. The last block of Fig. 5 reads
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Figure 4: Frequency response of the filter bank.
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Figure 5: Weight coefficients generator.

the value of each channel (��), which corresponds to the outputs
of PLLs of the first stage and look-ups the corresponding DFT
amplitude associating it to the weight coefficient ��. We can
think the set of weight coefficients as a frequency window for
the channels; such window attenuates each channel by a factor
proportional to the energy of the weight signal at the frequency
of that channel.

3.4. Synthesis stage

The final stage (see Fig. 6) sums up all the channels weighted
by the corresponding weight coefficient and by the correspond-
ing lock indicator signals (��). The goal of multiplying by ��

is to avoid spurious measurements in unvoiced segments of the
speech signal. Remember that lock indicator signal is a good in-
dication of the presence of unvoiced segments because its value
is low when PLLs are unlocked. The resulting signal is sup-
posed to have its higher energy at �� so a final PLL may be
used to extract the pitch contour which will be measured at the
PLL frequency output � .

4. Experimental results
4.1. Data descriptions

We compared the accuracy of the our system with other algo-
rithms implemented elsewhere and available on the net. They
are easily available for replication or comparison, and are rep-
resentative of tools in common use.

1. Wavesurfer; an available free software for
sound visualization and manipulation. (see
�http://www.speech.kth.se/wavesurfer/�). Pitch is
calculated using get f0 algorithm [7].
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Figure 6: Synthesis stage.

PDA. This program is part of the Ed-
imburg Speech Tools Library (see
�http://www.cstr.ed.ac.uk/projects/speech tools/�). It
implements the algorithm of [2], and modified in [3].

Pitch tracker. This program is available for download
in �svr-ftp.eng.cam.ac.uk:/pub/comp.speech/sources/�
[2] .

e used two databases that are also available on the net.
th cases pitch references obtained from simultaneously
ded laryngograph trace are provided.

DBase 1: Keele pitch extraction reference database [8].
It is available at �ftp://ftp.cs.keele.ac.uk/pub/pitch/�. It
consists on five male and five female speakers, each
speaking a short story of about 35 seconds. The Keele
database is studio quality, sampled at 20 KHz.

Dbase 2: It was produced by P. Bagshaw. It is available
at �www.cstr.ed.ac.uk/ pcb/fda eval.tar.gz�. It consists
on fifty english sentences, each spoken by one male and
one female speaker for a total of approximately 7 min-
utes, and also is studio quality, sampled at 20 KHz.

Results and discussion

racy was evaluated in terms of gross error rate (GER),
is the percentage of voiced hypothesis that deviate from

ference by a certain amount (20% in our case). Also we
ated absolute error (ME) and the corresponding standard
tion (STD), and relative mean error (RE). The last mea-

as included as a way to normalize differences between
and female pitch contours. In order to contrast results be-

different algorithms some conventions should be fixed.
to ensure similarity, all algorithms are evaluated at frame
f �����, the range of �� search is set from �� to �����,
he other parameters are set to their defaults. PLL algo-
determines a value of the pitch contour for each time of
eech signal, while the rest of the algorithms determine a
value for a frame of the speech signal. In order to contrast
lgorithm to the others, we sub-sampled our pitch contour.
sample of the new contour is determined as the median
umber of samples equal to the frame width of the other

ithms, and taking samples at the frame rate used by the
algorithms (�����). Second, only the part of data la-
as voiced segments by the reference signal are considered

th databases. Finally, detection algorithms usually assign
alue to the pitch contour in those segments detected as un-

d. It does not mean the �� � �, it is just an indication that



the corresponding frame was evaluated as unvoiced. However,
often occur, that voiced sections, are considered unvoiced by
pitch estimation algorithms and a value of zero is automatically
assigned to ��. This is mostly seen in the transition between un-
voiced and voiced segments, and the number of wrong frames is
highly dependent of the algorithm considered. In order to calcu-
late ME, RE and STD for different algorithms, we should assign
a value to �� in those voiced frames detected as unvoiced. As
said, �� � � is just an indication and is not representative of the
real value detected by the algorithm. Moreover, different algo-
rithms have different voiced regions. In order to overcome both
difficulties we assign a value to �� in those frames detected as
unvoiced by the algorithm but defined voiced by the reference
signal. This values is such that the error in that frames be equal
to the worst non gross error present in the whole signal.

Results are shown in table 1 for Keele database and table 2
for Bagshaw database. We can see that PLL performance mea-
sured in terms of ME and RE is lower than Wavesurfer algo-
rithm, similar to the Pitch-Tracker algorithm and clearly better
than PDA algorithm. Differences between Wavesurfer and PLL
algorithms errors are lower for Bagshaw database than Keele
one. GER of PLL algorithm is similar to wavesurfer in Keele
database and lower in Bagshaw in database. For the rest of algo-
rithms PLL’s GER is clearly inferior for both databases, in ex-
ception of Wavesurfer in the Keele database, where the results
of GER are similar. In our algorithm gross errors are mainly
due to the delay that the PLL of the third stage (see Fig. 6) has
when locking the weight signal at the beginning of a voiced seg-
ment. Also some pitch doubling errors are produced at the end
of voiced segments. It is important to note that PLL algorithm
does not have possibility of pitch halving. Finally we can see
that PLL algorithm has the lowest standard deviation of the ab-
solute error (STD) for both databases, which indicates a more
precisely estimation of �� than the rest of the algorithms. This
is possibly due to the fact that pitch estimation is performed in
a continuous way rather than in a frame based scheme.

Estimator GER % ME (Hz) STD (Hz) RE %

Wavesurfer 6.98 5.85 22.1 4.14
Pitch tracker 12.32 10.51 66.15 9.13

PDA 22.57 16.45 54.61 12.53
PLL 7.17 10.07 29 8.23

Table 1: Results for Keele database

Estimator GER % ME (Hz) STD (Hz) RE %

Wavesurfer 8.18 7.31 45.69 3.91
Pitch tracker 11.02 9.97 68.63 14.11

PDA 20.25 13.1 91.45 8.08
PLL 5.34 11.61 30.82 6.53

Table 2: Results for Bagshaw database

5. Conclusions
We presented a novel approach for pitch contour estimation
based on the use of phase locked loops. We showed that PLLs
have appealing properties that are well suited for pitch estima-
tion. Moreover, the system extract pitch frequency from the
whole signal spectrum, using all available information. We
showed that the performance of the algorithm is comparable to
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