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ABSTRACT

This paper proposes a method for the extraction of pitch in
adverse conditions. Real environment in which the degra-
dation is due to several unpredictable sources like, additive
noise, reverberation and channel noise is treated as adverse
condition in this study. The proposed method is based on
the knowledge of Glottal Closure (GC) events. GC event
is the instant at which closure of vocal folds takes place
within a pitch period. The Hilbert envelope of the Linear
Prediction (LP) residual gives information about the loca-
tion of GC events. Autocorrelation analysis is performed
on the Hilbert envelope of the LP residual. The properties
of the Hilbert envelope of the LP residual are exploited for
the extraction of pitch from the autocorrelation sequence.
The results of the proposed method are compared with the
Simple Inverse Filtering Technique (SIFT) algorithm. The
performance of the proposed algorithm is found to be supe-
rior, even in adverse conditions.

1. INTRODUCTION

During the production of speech vibration of vocal folds
is the major excitation, which results in the production of
voiced speech. The vibration of vocal folds appears to be
periodic and the estimation of pitch involves determination
of the fundamental frequency ( � � ) or fundamental period
( � � ) of this vibration. Even though finding the period of a
perfectly periodic signal is straight forward, measuring the
period of speech is difficult due to the variation in the signal
value from one glottal cycle to the other. The speech signal
may also be corrupted by the presence of adverse environ-
mental conditions. Due to these factors the extraction of
pitch is the object of research over the past several decades
[1–4]. Apart from this, information about pitch is important
in several applications like voiced/unvoiced classification,
speaker recognition, speech enhancement and prosodic ma-
nipulation [5, 6].

All the algorithms proposed in the literature may be broadly
classified into three categories, namely, algorithms using

time domain properties, algorithms using frequency domain
properties and algorithms using both time and frequency do-
main properties of the speech signals. The algorithms based
on the time domain properties operate directly on the speech
signal and the measurements made most often are peak and
valley, zero-crossings and autocorrelation. The basic as-
sumption is that if a quasiperiodic signal has been suitably
processed to minimize the effects of the formant structure,
then simple time domain measurement will provide good
estimate of the pitch period. The group of algorithms based
on the frequency domain properties of the speech signal as-
sume that if the signal is periodic in the time domain, then
the frequency spectrum of the signal will consists of a series
of impulses at the fundamental frequency and its harmonics.
Thus simple measurements can be made on the frequency
spectrum of the signal or a nonlinearly transformed version
of it, as in the cepstral method [1], to estimate the pitch
period of the signal. In the third category, the algorithms
use the properties of both time and frequency domains for
pitch estimation. For instance, as in the case of Simple In-
verse Filtering Technique (SIFT) algorithm [2], frequency
domain approach may be used to spectrally flatten the time
domain signal and then an autocorrelation measurement is
used for the estimation of pitch.

Even though several algorithms have been proposed in
the literature for the extraction of pitch, cepstrum and SIFT
algorithms are simple and efficient methods for the estima-
tion of pitch. However, the performance of these methods
deteriorate significantly under degraded conditions. In this
paper a method based on the GC events information is pro-
posed for the extraction of pitch in adverse conditions. The
paper is organized as follows: In Section 2 extraction of GC
events from the speech signal is discussed. A method for
the extraction of pitch using the GC event information is
proposed in Section 3. Section 4 discusses about the Ex-
traction of pitch in adverse conditions. Section 5 gives the
performance evaluation of the proposed method. The pa-
per is concluded and scope for future work is discussed in
Section 6.
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2. EXTRACTION OF GC EVENT INFORMATION

One approach to derive information about the GC events
from the speech signal is by the Linear Prediction (LP) anal-
ysis [7]. In the LP analysis each sample is predicted as a
linear combination of past � samples, where � is the order
of prediction [7]. The predicted sample of � � � � is given by

�� � � � � �
�	


 � � 
 
 � � � � � � (1)

where � 
 
 � are the Linear Prediction Coefficients (LPCs)
computed by minimizing the squared error between the ac-
tual and the predicted sample.

The error � � � � between the actual sample and the pre-
dicted sample is the LP residual and is given by
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 � � 
 
 � � � � � � (2)

A segment of voiced speech and its LP residual are shown in
Fig.1(a) and (b), respectively. The instant at which closure
of vocal folds occurs within a pitch period is defined as the
GC event. As GC event is the place of significant excitation,
large error is associated with GC event in the LP residual.
However it is difficult to directly use the LP residual for the
detection of GC events due to the occurrence of peaks of
either polarity around the GC events [8]. Hence a feature
Hilbert envelope of the LP residual is used [8], which is
defined as �

� � � � � � � � � � � � �� � � � (3)

where � � � � � is the Hilbert transform of � � � � and is com-
puted as � � � � � � � � � � � � � � � � � � � � � � (4)

The � � � and � � � � are discrete and inverse discrete Fourier
transforms, respectively. The Hilbert envelope for the LP
residual in Fig.1(b) is shown in Fig.1(c). The peaks in the
Hilbert envelope of the LP residual indicate the approximate
location of the GC events.

10 20 30 40 50 60
1

0

1

10 20 30 40 50 60

0.2

0

0.2

10 20 30 40 50 60
0

0.5

1

1.5

Time (msec)

(a)

(b)

(c)

Fig. 1. (a) A segment of voiced speech. (b) LP residual. (c) Hilbert
envelope of the LP residual.

3. PITCH EXTRACTION USING GC EVENT
INFORMATION

In this study Hilbert envelope of the LP residual is used as
the representation of GC events for the extraction of pitch.
One approach for the extraction of pitch is to detect the
peaks at the GC events in the Hilbert envelope of the LP
residual and take the time difference of successive peaks,
which gives information about the pitch period ( � � ). How-
ever peak picking in degraded conditions is a difficult task.
Alternatively a more convenient approach is to use autocor-
relation of the Hilbert envelope of the LP residual.

Although autocorrelation of voiced speech segment gen-
erally displays a peak at the pitch period, autocorrelation
peaks due to the detailed formant structure of the signal are
also often present. One way to minimize the effects of for-
mants is to low pass filter the speech signal using a cut off
frequency of 900 Hz. However, low pass filtering may re-
duce the resolution of the extracted pitch values. Alterna-
tively, the information related to formants may be removed
by passing the speech signal through an inverse filter, whose
parameters are derived from the LP analysis. The output of
the inverse filter is the LP residual and autocorrelation of a
segment of LP residual shows peak at the pitch period and
there will not be any peaks corresponding to the formants.
The peak corresponding to the pitch period may be detected
using some heuristics based on the nature of speech signal.
The ease with which this peak can be detected depends on
the prominence of the peak, which in turn depends on the
phase values around the GC events. However this ambiguity
may be minimized by using the Hilbert envelope of the LP
residual as the feature for autocorrelation. This is because
correlation among the samples of the Hilbert envelope of
the LP residual around the GC events is high compared to
the corresponding samples in the LP residual.

A segment of degraded speech, its LP residual, Hilbert
envelope of the LP residual and the corresponding autocor-
relation sequences are shown in Fig.2. Since Hilbert enve-
lope is unipolar in nature mean subtraction is performed be-
fore the autocorrelation. It can be observed from this figure
that it is easy to process the peak corresponding to the pitch
in the autocorrelation sequence of the Hilbert envelope of
the LP residual compared to the peaks in the autocorrelation
of the LP residual. This property of the Hilbert envelope of
the LP residual, that is, high correlation among the samples
around the GC events is exploited for extraction of pitch in
this study.

The LP residual is computed from the differenced speech
(sampled at 8 kHz) by the LP analysis using frame size of 20
msec, frame shift of 5 msec and LP order of 12. The Hilbert
envelope of the LP residual is computed and is considered
in frames of 20 msec with shift of 5 msec for the extrac-
tion of pitch. For each frame of the Hilbert envelope of the

Authorized licensed use limited to: INTERNATIONAL INSTITUTE OF INFORMATION TECHNOLOGY. Downloaded on August 26, 2009 at 05:22 from IEEE Xplore.  Restrictions apply. 



10 20 30
0.5

0

0.5

10 20 30
0.5

0

0.5

10 20 30
0

0.5

1

1.5

Time (msec)

10 20 30 40 50
0.5

0

0.5

1

10 20 30 40 50
0.5

0

0.5

1

10 20 30 40 50
0.5

0

0.5

1

Time (msec)

(a) (b)

(c) (d)

(e) (f)

Fig. 2. Segment of (a) degraded speech, (c) LP residual, (e) Hilbert
envelope of the LP residual and their respective autocorrelation
sequences ((b), (d), (f)).

LP residual its mean is subtracted and the autocorrelation is
computed. In the autocorrelation sequence, the first major
peak after the center peak in the range of 2.5 to 12.5 msec is
detected. The distance of the first major peak from the cen-
ter peak is noted as the pitch period. Similarly pitch from
the previous and next frames are computed. If the present
frame pitch is same as either the previous or next frame with
a tolerance of � 0.25 msec (2 samples at 8 kHz), then the
pitch value is retained for the next stage validation, else it is
reset to zero.

Another property of the Hilbert envelope of the LP resid-
ual is that in case of voiced speech the behavior of the sam-
ples around the first major peak of the autocorrelation se-
quence will be similar, especially in adjacent frames. This
similarity can be measured by comparing samples in a re-
gion of 2 msec on either side of the first major peak of
the present frame, with the samples from the previous/next
frame. This is measured using the correlation coefficient� � �

, which is given by

� � � � � � �� � � 	 � �	 �

 � � � � �� � � 
 � � 	 � �	 � � (5)

where
�

and
	

represents samples around the first major
peak in the current frame and previous/next frame, respec-
tively and

��
and

�	
represents their mean. Ideally the cor-

relation coefficient will be 1 for the same frame. If it is
more than 0.7 when it is computed with respect to the pre-
vious/next frame, then the pitch value of the present frame
is accepted, else it is reset to zero.

In isolated utterances of speech there will not be much
variation in the pitch values. However, in continuous speech
pitch may vary by a large amount depending on the context.
Further in continuous speech for deciding the extracted peak
from the autocorrelation sequence as pitch or not, mostly
energy is used as the feature and a decision is made using
a threshold on the energy level. However, energy is a poor
feature in case of low voiced regions and also in degraded

conditions. Hence the pitch extraction algorithm should be
able to handle all these factors in case of continuous speech.
A segment of continuous speech and the extracted pitch
contours by the proposed method and the SIFT algorithm
are shown in Fig.3. The pitch contour by the proposed al-
gorithm preserves the variations in the pitch values better
compared to the SIFT algorithm.
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Fig. 3. (a) Segment of continuous speech. (b) Correlation coeffi-
cient values. Pitch values from the (c) proposed algorithm and (d)
SIFT algorithm.

4. PITCH IN ADVERSE CONDITIONS

Practically there will be situations in which the speech sig-
nal may be degraded by the presence of additive noise, re-
verberation and channel noise. In such conditions humans
are still able to perceive speech. This shows that pitch infor-
mation is present in the degraded signal. Therefore process-
ing speech to extract pitch in such conditions is a challeng-
ing task. Even in degraded conditions since the GC event
information is available in the Hilbert envelope of the LP
residual, the autocorrelation analysis of the same will give
better information about the pitch. This is evident in the
autocorrelation sequences shown in Fig.2.

A segment of continuous speech degraded by additive
noise and reverberation along with the pitch contours ex-
tracted by the proposed method and the SIFT algorithm are
shown in Fig.4. The pitch contour extracted by the proposed
method appears to be more smoother compared to the SIFT
algorithm. The main effect of degradation is on the phase
values. This may affect the prominence of peak in the au-
tocorrelation sequence. However, in the proposed method
as the effect of phase is minimized, the pitch extraction ap-
pears to be better. A segment of speech signal collected over
severely degraded channel condition and the pitch contours
extracted by the proposed method and the SIFT algorithm
are shown in Fig.5. The pitch contour shape is smoother in
case of the proposed method. This example illustrates the
robustness of the proposed method.
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Fig. 4. (a) Segment of degraded speech affected by background
noise and reverberation. (b) Correlation coefficient values. Pitch
values from the (c) proposed algorithm and (d) SIFT algorithm.
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Fig. 5. (a) Segment of speech collected over a severe degraded
channel. (b) Correlation coefficient values. Pitch values from the
(c) proposed algorithm and (d) SIFT algorithm.

5. PERFORMANCE EVALUATION

The performance of the proposed method is evaluated by
considering a speech utterance from the TIMIT database,
spoken by a female speaker. Additive noise was added at
different levels (3 dB and 0 dB) and the pitch contours ex-
tracted by the proposed method and the SIFT algorithm are
shown in Fig.6. The proposed method seems to be provid-
ing better performance even at low SNR value like 3 dB and
shows a graceful degradation at 0 dB.

6. CONCLUSIONS

In this paper a method for extraction of pitch in adverse
conditions was proposed using the information about the
GC events. Hilbert envelope of the LP residual was used
as a representation for the GC events. The pitch was ex-
tracted by performing autocorrelation analysis on the mean
subtracted Hilbert envelope frames. The performance of the
proposed algorithm was tested on the data collected over
real and severely degraded channels. The proposed method
shows better performance compared to the SIFT algorithm.

The GC events in the Hilbert envelope of LP residual
is only an approximate information. Better methods may
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Fig. 6. (a) Speech utterance of female speaker taken from TIMIT
database. Pitch contours by the proposed method for (b) clean
speech, (d) speech at 3 dB SNR and (f) speech at 0 dB SNR. Pitch
contours by the SIFT algorithm for (c) clean speech, (e) speech at
3 dB SNR and (g) speech at 0 dB SNR.

be developed for the accurate detection of GC events and
use them for the extraction of pitch, which may improve the
performance of the proposed method.
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