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ABSTRACT

We propose a new front-end that reflects some aspects of
auditory nerve response. Namely, the pattern of synchrony
responses observed over auditory nerve fibers associated with
F0, F1 and F2 of voiced sounds.

The main goal is to get a set of features, which represents those
frequency trajectories. These features should be less sensitive to
adverse environmental conditions than mel-cepstrum or Fourier
based front-ends. The core of the system is a computational
implementation of the well-known electronic device phase
locked loop (PLL). Outputs of a PLL bank interpolated and
conveniently resampled define our front-end coefficients.

Performance of the system was assessed in a vowels recognition
task using a common HMM back-end, and compared with the
performance of a mel-frequency cepstral coefficients (MFCC)
front-end.

1. INTRODUCTION

Two facts related to human auditory systems seems to be now
well established, on one hand identification of vowels sounds
appears to be primarily determinated by the frequencies of the
local spectral maxima associated with the formant frequencies.
On the other hand it is known that neural pulses at cochlear
nerve tend to lock the phase of the stimulus [1]. Traditional
features extractors based on short-term spectral estimates such
as cepstral coefficients are based on the first fact but they do not
take into account the second. Furthermore it is well known they
are highly sensitive to noise, yet in conditions of low to
moderate noise levels [4]. Several biologically inspired models
take into account synchrony with the stimulus. EIHC model [3]
and Seneff [5] model among others are examples of that.
Whereas they are also more robust to noisy conditions than
cepstral coefficients, their increasing complexity limit their use
in real time applications.

In this paper we propose a set of coefficients which extract
formant trajectories information and a measure of the degree of
phase lock the system posses with those trajectories. The
technique we have chosen is based on the well-known electronic
device named phase-locked-loop (PLL) [2]. PLLs are widely
used in communications systems, including FM demodulation,
frequency multiplexing, and frequency synthesizers. Two main
features make PLLs especially attractive: automatic tracking of
periodic signals, and narrow bandwidth, which makes PLL a
system capable of rejecting large amounts of noise. Both
characteristics are desired in any speech processing front-end
and we will try to incorporate them in our model.

Coefficient extractions from the speech signal are carried out on
three main blocks namely, a filter bank, a PLL bank and an
interpolation and sub-sampling stage. Output of this stage will
be refereed as PLL coefficients in the rest of the paper. Validity
of the models is checked on a vowels recognition task using a
common HMM back-end, and comparing recognition index with
that of a mel-cepstral-coefficients (MFCC) front-end.

The rest of the paper is divided as follow. Section 2 outlines
PLL principles and our computational implementation of a PLL,
section 3 describes the overall system, section 4 includes the
experiments for MFCC and PLL coefficients, finally in section 5
we discuss our model and give concluding remarks.

2. PHASE LOCKED LOOPS (PLL)

2.1. PLL principles

A PLL consists on a loop containing three basics blocks, namely:
a voltage-controlled-oscillator (VCO) whose frequency is
controlled by an external voltage, a phase detector (PD) and a
low-pass filter (loop filter). Also a lock indication signal is
generated by the output of a quadrature phase detector smoothed
by a smoothing filter (figure 1).

Loop operation. Phase detector compares the phase of a
periodic input signal against the phase of the VCO resulting in
an error signal, which is a function of the difference between
input and VCO phases. With no signal input, the error voltage is
zero. This error signal is then filtered and amplified by the loop
filter and is applied as a control voltage to the VCO whose
output in turn, is applied to the phase detector. The VCO
operates at a set frequency known as free-running frequency.
The control voltage forces the VCO frequency to vary in a
direction that reduces the frequency difference between VCO
and input frequency. If both are sufficiently close, negative
feedback makes the VCO to lock or synchronize with the
incoming signal. Once in lock the VCO frequency is identical to
the input signal one, except for a phase difference necessary to
generate the corrective error voltage to shift the VCO frequency
from its free-running value to the input signal value and, thus,
keep the PLL in lock. VCO control voltage is low pass filtered
in order to reject higher signal harmonics. They are mainly
produced by PD operation, which is usually implemented as a
multiplier.

 Lock indication. In order to get a lock indication, input signal
and 90 degrees phase shifted VCO output are applied to a
second PD. While the loop PD has an output voltage
proportional to the sin of the phase error, this second PD will
have an output voltage proportional to the cosine of the phase
error. So as the phase error tends to zero (locked condition),
output of the second PD tends to one given a measure of the
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loop lock degree. This signal will play a central role in our
model. A smoothing filter is usually provided in order to avoid
flicker of the lock indicator signal.

Loop filter. In the operation of the loop, the loop filter serves a
dual function: First, it attenuates the high frequency error
components at the output of the phase detector; second, it
provides a short term memory for the PLL and ensures a rapid
recapture of the signal if the system is thrown out of lock due to
a noise transient. A common choice of the filter is an ideal
integrator plus a DC amplifier.

PLL parameters. In locked conditions and with a loop filter as
described above, PLL can be regarded as a second order system
with input signal phase and error phase as input and output

variables respectively [2], so natural frequency nω and

damping factor ξ of the system together with free-running

frequency oF mentioned above will define main parameters

design of a PLL. It can be shown that a narrow band loop
improves noise rejection properties, but increases the time PLL
goes to a locked condition. So design will be always a
compromise between signal to noise rejection and time spent in
lock capture processing.

2.2. Computational implementation of the
PLL

We have implemented a computational version of the PLL
described above. In essence it is very similar to the analog
version. Phase detectors are implemented as multipliers, loop
filter is implemented as a DC amplifier in parallel with an ideal
integrator, VCO has two outputs, the first is a sine function of
the phase and is applied to the PLL, the second one is a cosine
function of the phase and is applied to the lock indicator. So,

∑
=

+=
n

m
coco nvnsinnv

0

)]([)( ω

 ∑
=

+=
n

m
coco nvnnv

0
90 )](cos[)( ω

where cov and 90cov are VCO outputs driven to main loop PD

and lock indicator PD respectively. oω and )(nvc is VCO

free-running frequency in radians and VCO control voltage
respectively. Term inside brackets represent instantaneous phase
related to the instantaneous frequency throw a perfect integrator.

3. PLL BASED FEATURES

3.1. Overall system description

Figure 3 shows the three main blocks that define our system.
The first stage split input signal in various frequency band
components by means of a filter bank; the goal here is to
specialize the range of frequencies that each PLL of the second
stage would be able to synchronize. On the second stage a PLL
bank is set at different free running frequencies in order to cover
the whole signal spectrum. Output of each filter is connected to
a corresponding PLL input. This point will be discussed further
in the next section. Each PLL output consists on a DC signal

)(nvc , which in locked condition tracks frequency variations

of the input signal. As the numbers of possible input signal
harmonics is limited by the corresponding input filter bandwidth,
each PLL output will “specialize” in tracking different parts of
the signal spectrum. If various harmonics are present on a PLL
input it will lock on the one with great energy. If no harmonic
has enough energy to get PLL locked, it will stay in its free-
running condition. Lock indicator will show the degree of PLL
locking. As said when phase difference between VCO signal
and input signal is minimum lock indicator signal will be
maximum. Both pieces of information can be put together in a
way as shown in figure 2. Here PLL outputs are scaled to
represent frequency values and for each PLL, lock indicator
signal is plotted on a 3-D grid, which shows lock signal
amplitude variation as a function of time and frequency of the
PLL output. That grid can be easily converted on a surface
interpolating PLL`s lock indicator signals for each time. This
generated surface can be regarded as the degree of locking that
the system has for each frequency component of the input signal
as a function of time. Thus if the input signal has predominant
energy at say, a frequency F1, this surface will show a
maximum near F1 because PLLs whose free-running frequency
are near F1 will tend to lock that frequency and thus lock signal
will increase its value. In order to convert the lock surface in a
set of coefficients able to be modeled with an HMM, we
sampled the surface both in frequency and time, thus final
coefficients will be vectors with a dimension equal to the
number of frequency samples.

3.2. Detailed description of system
components.

Filter bank. We found experimentally that band pass filters
with an asymmetrical frequency response like those found on
nerve fibers perform better than those with symmetrical
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Figure1: Block diagram of the PLL and lock indicator signal.
Low pass filtered VCO control voltage (locked signal) and
lock indicator signal represent the output of the PLL.



response. We choose the kind of filter suggested by Wang and
Shamma [6] and empirically adjusted the number of filters and
the frequency band. The number of filters and separation
between them was also determined experimentally, we tested
many separation choices including bark and mel and linear scale.
Finally we determinated a bank of ten equal-Q filters whose
central frequencies (in Hz) are given by:

{ }4000 ,3225, 2700 2150, 1610, 1150, 850, 600, 370, 150,=cF
and Q = 0.05.

PLL parameters. The number of PLLs and their corresponding
parameters was also determined empirically. We tested many
combinations of PLLs and filters, but the best choice was one
PLL for each filter, with free running frequencies set to the
central frequencies of the corresponding filter. Loop filter
parameters were also determinted empirically. The best choice
of PLL parameters found was:
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co FF = involves of course, the use of one PLL for each filter

with free-running frequency set to the central frequency of the
corresponding filter. Natural frequencies and damping factor are
as defined above.

Sampling lock signal surface. In order to obtain a set of
coefficients able to be modeled with a HMM we sampled lock
indication surface on the frequency axis. In each time we have
interpolated lock indicator signal amplitudes with a cubic spline.
Scale of this spline was experimentally obtained taking care of
not mixing information of different vowels formants. A value of
210 Hz was selected. Finally we have subsampled de frequency
taking 20 coefficients between 0 and 4000 Hz. Also in order to
compare results with a frame based front-end, we also sampled
time axe. Lock indicator signal is bandlimited by the low pass
filter at the output of the phase detector (see above). So sample
frequency will be at least twice that bandwidth.

4. EXPERIMENTS

Many experimental work had to be done in order to obtain filter
bank and PLL bank parameters. We do not discuss them here as
optimization of such parameters was in vast majority of cases of
empirical nature and is still an open subject for experimentation.
We will report some comparisons using MFCC coefficients and
PLL coefficients.

4.1. Experimental framework

Experiments were performed on a vowel classification task, with
vowels extracted from dialect region one of the TIMIT corpus.
A total of 16 vowels were used. HMM of each vowel was made
of three states with four gaussian mixtures each. Twelve MFCC
coefficients were extracted, using 25.6 msec frame width and 10
msec. sampling time. Energy and delta coefficients were also
added resulting in 26 component features Twenty PLL
coefficients were obtained, as described on section 3. Sample
time on the time axe was chosen on 10 msec. Delta coefficients
were also added resulting in a 40 component vector in this case.

We also added white gaussian noise to the test speaker set in
order to produce a mismatch between training and test data, and
experiments were repeated again. SNR was set to 15 dB.

4.2. Results

Results can be summarized on table 1. MFCC performance is
clearly better than PLL performance with no mismatch between
training a test speech. However as expected cepstral coefficients
tend to degradate rapidly with noise. In fact SNR of 15 dB is
taken over the whole utterance, SNR taken over vowels should
be higher. PLL coefficients instead, do not degradate their
performance at such noise level.

Figure2:  Trajectory of lock indicator signal of a given
PLL as a function of time and frequency.
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Figure3: Block diagram of the overall system. Ten filters
and ten PLLs were disposed in a one-to-one arrange.



Noise conditions MFCC+E+D PLL+D
Clean Train/Clean test 55.37 % 29.17%
Clean Train/Noisy test 40.32% 29.20%

Table1: Comparison between MFCC coefficients and
PLL coefficients for clean test speech and SNR=15db noisy test
speech.

5. CONCLUSIONS

Results obtained experimentally are clearly insufficient to
establish definite conclusions about PLL coefficients
performance.  They were conducted in an effort to show this
method as a promising one. More work has to be done in order
to establish PLL parameters and system architecture. However
intrinsic robustness to noise of PLL devices appears to be
corroborated on experiments.

The system described here does not pretend to be a cochlear
model, however, outputs of the PLL bank match nearly perfectly
behavior of fibers nerves described in [1]. PLLs tend to lock
higher energy harmonics, and when no high energy is present, it
tends to lock its own free running frequency.

Finally, PLL coefficients were defined in this work in a way to
compare their performance with short time spectra coefficients
like MFCCs. However frequency information can be separately
modeled, and others model paradigms may be used.
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