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Abstract

Speakers with defective velopharyngeal mechanism, pro-
duce speech with inappropriate nasal resonances across
vowel sounds. The acoustic analysis on hypernasal speech
and nasalized vowels of normal speech shows that there is
an additional frequency introduced in the low frequency
region close to the first formant frequency [1]. The con-
ventional formant extraction techniques may fail to re-
solve closely spaced formants. In this paper, an attempt
is made to use the group delay based algorithm [2] for the
extraction of formant frequencies from hypernasal speech.
Preliminary experiments on synthetic signal with closely
spaced formants show that the formants are better resolved
in group delay spectrum when compared to conventional
methods. But when formants are too close with wider
bandwidths, the group delay algorithm also fails to re-
solve prominently. This is primarily because of the influ-
ence of the other resonances in the signal. To extract the
additional frequency close to the first formant, the speech
signal is low-pass filtered and the formants are extracted
using group delay function. Following the satisfactory
results on synthetic signal, the above technique is used to
extract formants from phonations /a/, /i/, and /u/ uttered
by 15 speakers with cleft palate who are expected to pro-
duce hypernasal speech. Invariably in all the tests, an ad-
ditional nasal resonance around 250 Hz and first formant
frequency of vowels are resolved properly.

1. Introduction

Speakers with velopharyngeal incompetence produce hy-
pernasal speech across voiced elements [3]. Many re-
searchers have revealed the fact that, hypernasal speech is
characterized by increased bandwidth of first formant, in-
tensity decrease of first formant, and appearance of nasal
formants and anti-formants. Glass and Zue [4] have
shown that, the short-time spectra of nasalized vowels of-
ten exhibit extra nasal formants or a broadening of the
vowel formants typically in the first formant region. Fre-
quency analysis of Hawkins and stevens [5] strength-
ens the above results. They have shown that, the main
features of nasalization are changes in the low-frequency

regions of the speech spectrum, where there is a very
low frequency peak with wide bandwidth along with the
presence of pole-zero pair due to acoustic coupling. The
acoustic analysis of hypernasal speech and nasalized vow-
els by Vijayalakshmi and Reddy [1] reveals that, invari-
ably there exists a nasal formant in the low frequency re-
gion around 250 Hz for all the phonations /a/, /i/, and /u/.

From the literature, it is noted that the formants are
extracted using the conventional methods like Magnitude
spectrum derived from Fourier transform, Linear predic-
tion, homomorphic deconvolution technique, etc., from
the hypernasal speech. The major advantage of mag-
nitude spectrum, derived from Fourier Transform (FT)
is that the underlying characteristics (number of poles
and zeros) are not modified. But this cannot be directly
used for formant extraction because of the presence of
the pitch harmonics. The magnitude spectrum derived
from FT of the given signal can be smoothed using homo-
morphic deconvolution, in other words cepstrum based
smoothing technique. But the disadvantage here is due
to the smaller size of the cepstral lifter used to smooth
the magnitude spectrum. The frequency resolution of the
resultant smoothed spectrum is directly proportional to
the size of the cepstral lifter. Eventhough, the resultant
magnitude spectrum is a smoothed version of the original
magnitude spectrum, it may not be able to resolve two
closely spaced formant frequencies as in the case of hy-
pernasal speech. Another conventional method is the Lin-
ear Prediction (LP) based formant extraction. The major
disadvantage of this technique is the vulnerability to the
prediction order.

The above mentioned conventional methods of for-
mant extraction can be best utilized for the normal speech
as the formants are farther apart. If two formant frequen-
cies are closely spaced then the conventional methods do
not resolve the corresponding frequencies because of the
following two reasons, (i) poor frequency resolution and
(ii) influence of adjacent poles.

The problem of poor frequency resolution can be over-
come by a technique called group delay based formant
extraction method as explained in [2]. In [2], it is argued
that because of the additive property of the group delay
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function, the closely spaced formants can be discrimi-
nated. But due to the influence of the adjacent poles, the
closely spaced formants may not be discriminated very
prominently. To avoid the influence of the less important
formants on interested spectral region (low-frequency), in
the present study, the signal is band-limited by low-pass
filtering it. To see the effect of band-limiting in the re-
solving power of group delay spectrum, synthetic signal
with closely spaced formants is used. Based on the re-
sults obtained on synthetic signal, the above method is
used to extract the closely spaced formants in hypernasal
speech of 15 cleft palate patients.

The rest of the paper is organized as follows. In Sec-
tion 2, the group delay function and its properties are dis-
cussed. In Section 3, a comparative study is made on dif-
ferent formant extraction methods applied to a synthetic
speech having two closely spaced formants. Section 4,
describes the closely spaced formant extraction technique
applied on low-pass filtered hypernasal speech and the re-
sults are discussed.

2. Group delay function and its properties

The negative derivative of the Fourier transform phase
(

� � � �
) is defined as group delay. The group delay func-

tion � � � �
can be written as,

� � � � 	 �  � � � � �  �
(1)

The group delay function can be computed directly
from the signal as described in [2]. i.e.,

� � � � � 	 � � � � � � � � � � � ! � # � � � � � # � � �
% � � � � % & (2)

for
� 	 ) + - + � � � 1 � -

In Equation 2 � � � �
and

� � � �
are the N-point DFTs

of the sequences 5 � 7 �
and

7 5 � 7 �
. The subscripts R and

I denote the real and imaginary parts, respectively. To re-
duce the spiky nature of the group delay function, which
is because of the pitch peaks, noise, and windowing ef-
fects, Equation 2 is modified as given below [2].

� � � � � 	 ; < > 7 A AAA
� � � � � � � � � � � ! � # � � � � � # � � �

B � � � & C AAAA
D

(3)
In Equation 3,

B � � � &
is a cepstrally smoothed ver-

sion of
% � � � � % &

and the sign in Equation 3 is the sign of
the original group delay function given in Equation 2.

The group delay function exhibits an additive prop-
erty unlike the magnitude spectrum. But, at the same
time, the influence of the adjacent roots of the system
function is not negligible. If

E � � � 	 E G � � � � E & � � �
(4)

Then the group delay function � I � � �
can be written as,

� I � � � 	 �  � M N > � E � � � � � �  �
(5)	 � I G � � � ! � I & � � �
(6)

From Equations 4 and 6, we see that multiplication in
the spectral domain becomes addition in the group delay
domain. Because of this additive property, the resolution
of the spectrum is improved. But in some cases, the in-
fluence of the adjacent poles can not be neglected. The
value of the group delay function of a pole S , at its own
angular frequency

� T
is influenced by the rest of the roots

and the influence � UT � � T �
may be written as [6],

� UT � � T � 	 VW
� X G Y � ZX T � � � � T � ! [W

\ X G Y \ ZX T � \ � � T �
(7)

where, - � � � � T �
is the value of the group delay function

at the angular frequency
� � S �

because of the pth pole -� \ � � T �
is the value of the group delay function at the an-

gular frequency
� � S �

because of the nth zero - _ is the
number of poles -

1
is the number of zeros

For the present study, the influence of zeros are not
studied, which may be taken for future study. Because of
the influence of the adjacent poles, the closely spaced fre-
quencies might not be resolved very distinctively. Hence,
to resolve the closely spaced formant frequencies, the
speech signal is filtered over low frequency band and the
corresponding formant frequencies are extracted. Initially,
this approach is applied to synthetic speech signal and an-
alyzed as explained in the following Section.

3. Analysis on synthetic speech signal

The significance of band limiting the speech signal and
extracting the additional nasal frequency introduced into
the vowels using group delay formant extraction tech-
nique, is analyzed initially using a synthetic speech sig-
nal. The synthetic speech signal is generated using cas-
cade configuration. The cascade configuration

E � ` �
(for

three formants) is given by,

E � ` � 	 E G � ` � � E & � ` � � E c � ` �
(8)

E U � ` � 	 -
- � e f g i j k l m n ; � e o p U q � ` g G ! f g & i j k l ` g &

(9)

for
< 	 - + e + w

In Equation 9,
p U are the formant frequencies and x U

are the formant bandwidths. Synthetic speech signals are
generated using Equations 8 and 9, with different combi-
nations of closely spaced

p G
and

p & (for example,
p G

=
900 Hz,

p & = 1100 Hz with varying bandwidths). Spectra



are computed for the resultant synthetic speech signals
using DFT, LP with different orders, and the modified
group delay function as described in the previous Section.
For the computation of modified group delay function, �
and � are taken as 0.6 and 0.9 respectively.
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Figure 1: Comparison of different formant extraction
techniques on synthetic signal. (a) Synthetic speech sig-
nal (Hanning windowed), (b) Magnitude spectrum, (c)
LP spectrum (order 8), (d) LP spectrum (order 12), (e)
Cepstrum smoothed spectrum, (f) Group delay spectrum

Figure 1 shows a comparison of conventional formant
extraction techniques with group delay based technique
applied on a synthetic speech signal. The synthetic signal
is generated using a configuration of,

� �
= 900 Hz;

� � =
1100 Hz; and

� �
= 2100 Hz;

� �
the sampling frequency

= 8000 Hz and �
� �

� � . The corresponding bandwidths

are taken as, � � � � �� 	 ; � � � � �
� ; and � � � � �

� ;
From the Figure 1, it is observed that, because of

the presence of pitch harmonics, FT spectra (refer Figure
1(b)) cannot be utilized directly for formant extraction.
For the LP based formant extraction approach, for both
lower (Figure 1(c)), and higher order (Figure 1(d)) spec-
tra, the closely spaced formants are not resolved. Due to
the poor frequency resolution, the cepstrum based smooth-
ing technique does not clearly distinguish the closely spaced
formants (Figure 1(e)). But compared to the above men-
tioned conventional methods, group delay based formant
extraction technique resolves the formants, but not very
distinctly (Figure 1(f)). This may be because of the influ-
ence of the adjacent poles.

To make the closely spaced formant frequencies more
distinct, low-pass FIR filter with a cut-off frequency 1200
Hz (to discriminate 900 and 1100 Hz) is applied and the

group delay function is recalculated for this band and for-
mants are extracted. For comparison, group delay func-
tion derived for all-pass signal is also taken (Figure 2(c)).
Figure 2(d) shows that low-pass filtering and computing
group delay resolves the two closely spaced frequencies
very distinctively. Hence the above approach can be uti-
lized for the extraction of two closely spaced formant fre-
quencies as in the hypernasal speech and is explained in
the following section.
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Figure 2: Effect of band-limiting (a) Synthetic speech
signal (Hanning windowed) (b) Magnitude spectrum of
low-pass filtered signal, (c) Group delay spectrum of all-
pass filtered signal (d) Group delay spectrum of low-pass
filtered signal

4. Analysis on hypernasal speech

The speech data analyzed in this study is collected from
15 patients with cleft palate who are expected to produce
hypernasal speech. The acoustic analysis [1] on hyper-
nasal speech (using LP spectra with varying order) for
the phonations /a/, /i/, and /u/ revealed that an additional
formant around 250 Hz is introduced due to oral-nasal
coupling. This additional formant is close to the first for-
mant of the phonations. In many cases, especially for
the phonations /i/ and /u/, resolving this additional nasal
formant and the first formant was difficult. Since low-
pass filtering and extracting the formant frequencies us-
ing group delay function applied on synthetic speech is
found to resolve two closely spaced formant frequencies
(refer Section 3), the same technique is extended to hy-
pernasal speech also. In this work, a low-pass filter is
constructed with cut-off frequency of 800 Hz (F1 of /a/)
to have a commonality between all the 3 phonations. The
speech signal is passed through this filter to accommo-
date only the lower formants. The group delay function is
computed for this filtered speech signal (see Figure 3(d))
and it is compared with the group delay function com-



puted for the all-pass filtered speech signal (refer Figure
3(c)).
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Figure 3: Effect of band-limiting on hypernasal speech
(a) Hypernasal speech (windowed), (b) Magnitude spec-
trum of low-pass filtered signal, (c) Group delay spectrum
of all-pass filtered signal and (d) Group delay spectrum of
low-pass filtered signal

Figure 3(d) clearly shows that the low-pass filtering
approach better discriminates the closely spaced frequen-
cies for hypernasal speech. It is found that invariably
for all the hypernasal speakers, the extra nasal formant
around 250 Hz introduced due to hypernasality and the
first formant frequency corresponding to the vowel are
resolved properly (refer Table 1).

As mentioned earlier, the introduction of a nasal for-
mant around 250 Hz in addition to first formant of the
vowel is one of major cues for the detection of hyper-
nasality. In the present study, specific interest was shown
on resolving only the first two closely spaced formant
frequencies (nasal formant and the first formant of the
vowel). In fact, different group delay functions can be
computed for each of the interested sub-bands to get in-
formation about all the formants. This can be taken up as
a future study.

5. Conclusions

In this work, the group delay based formant extraction
technique is compared with the other conventional tech-
niques, for the synthetic speech signal. The resolving
power of group delay technique is found to be consis-
tently better. But, when the formants are closely spaced,
even the group delay spectrum fails to resolve promi-
nently. This is due to the influence of the other reso-
nances. To avoid this influence, speech signal is band lim-
ited by low-pass filtering and it is observed that this tech-
nique clearly resolves closely spaced formants. The same
technique is applied to hypernasal speech also. Since,

Table 1: Resolving power of group delay based formant
extraction technique applied on low-pass filtered hyper-
nasal speech produced by 15 speakers with cleft palate

speaker no. of frames resolved perf. %

sp1 245 237 96.73
sp2 424 420 99.05
sp3 70 68 97.14
sp4 261 253 96.93
sp5 343 341 99.41
sp6 267 260 97.37
sp7 270 253 93.70
sp8 355 348 98.02
sp9 259 253 97.68
sp10 45 38 84.44
sp11 159 158 99.37
sp12 35 33 94.28
sp13 599 595 99.33
sp14 254 247 97.24
sp15 350 342 97.71

introduction of an additional formant around 250 Hz is
an important cue for the detection of hypernasality, the
group delay based formant extraction technique applied
on band limited speech signal can be utilized to detect it.
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