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ABSTRACT

We explore a new spectral representation of speech signals through
group delay functions. The group delay functions by themselves
are noisy and difficult to interpret owing to zeroes that are close
to the unit circle in the z-domain and these clutter the spectra. A
new modified group delay function[1] that reduces the effects of
zeroes close to the unit circle is used. Assuming that this new
function is minimum phase, the modified group delay spectrum
is converted to a sequence of cepstral coefficients. A prelimi-
nary phoneme recogniser is built using features derived from these
cepstra. Results are compared with those obtained from features
derived from the traditional mel frequency cepstral coefficients
(MFCC). The baseline MFCC performance is 34.7%, while that
of the best modified group delay cepstrum is 39.2%. The perfor-
mance of the composite MFCC feature, which includes the deriva-
tives and double derivatives, is 60.7%, while that of the composite
modified group delay feature is 57.3%. When these two compos-
ite features are combined,� 2% improvement in performance is
achieved (62.8%). When this new system is combined with lin-
ear frequency cepstra (LFC) [2], the system performance results in
another� 0.8% improvement (63.6%).

1. INTRODUCTION

The objective of this study is to explore a set of new features based
on the Fourier transform phase of a signal, rather than the conven-
tional Fourier transform magnitude for speech recognition. The
method described is based on the negative derivative of the Fourier
transform (FT) phase function, also called thegroup delay func-
tion. The group delay function behaves differently from that of the
magnitude spectrum in that it has additive and therefore a higher
resolving capability, in comparison to that of the magnitude spec-
trum.1

Traditionally, the phase spectrum of the signal has been ig-
nored, primarily because only the principal values of the phase can
be estimated from the Fourier transform. For the phase to be used,
the phase function will have to be unwrapped to produce a contin-
uous estimate [3]. On the other hand, the group delay function [4]

1This material is based upon work supported by the Defense Advanced
Research Projects Agency Information Awareness Office EARS program.
ARPA Order No. N614, Program Code No. 2E20, issued by DARPA/CMO
under Contract No. MDA972-02-C-0038. Approved for public release;
distribution is unlimited.

(defined as the negative derivative of the phase function), which
has properties similar to the phase, can be computed directly from
the signal. In Section 2 we introduce group delay functions and list
some of their properties. The group delay function was success-
fully used earlier for formant extraction from speech [5], signal
reconstruction [6], and spectrum estimation [1]. Another effort
on recognition [7] uses the minimum phase group delay function
derived from the magnitude spectrum for recognition. In this pa-
per, an attempt is made to extract features directly from the phase
function for speech recognition in noisy environments.

The group delay function is undefined if the roots of the trans-
fer function (poles or zeroes) are on the unit circle. Since speech
is the output of a stable system, roots that are close to the unit cir-
cle are only zeroes. These zeroes are due to either the use of an
analysis window to truncate the speech signal or from noise. They
are not of much interest in speech analysis, since in speech, zeroes
occur only in the production of nasals.

We have defined a new function called themodified group de-
lay functionwhich suppresses the zeroes that are close to the unit
circle. This is described in Section 3. The modified group de-
lay function is then converted to cepstral features so that it can be
used in recognition. In Section 4 we apply the modified group de-
lay cepstrum for recognition of phonemes in a noisy environment
[8]. The results are compared to the mel frequency cepstral coef-
ficients (MFCC) and linear frequency cepstral coefficients (LFC)
[2].

2. PROPERTIES OF THE GROUP DELAY FUNCTION

Given a discrete-time real signal x(n), thez transform is given by

X(z) =
X

n

x(n)z�n (1)

We can write X(z) as

X(z) = �iXi(z) (2)

whereXi(z) is either a first-order or a second-order polynomial
with real coefficients. The roots ofXi(z) are either real or a com-
plex conjugate pair. The Fourier transform magnitude is a product
of the magnitudes of the individual components, and the FT phase
is a sum of the phases of the individual components. The group
delay function also has properties similar to those of the phase
spectrum.



Let

X(!) = jX(!)jej�(!) (3)

logX(!) = log(jX(!)j) + j�(!) (4)

�p(!) = �
d�(!)

d!
(5)

where�p(!) is the group delay function and can be computed di-
rectly from the signal:

�p(!) = �(
d(log(X(!)))

d!
)I (6)

=
XR(!)YR(!) + YI(!)XI(!)

jX(!)j2
(7)

where the subscriptsR andI denote the real and imaginary parts.
X(!) andY (!) are the Fourier transforms ofx(n) andnx(n),
respectively. Fig. 1 shows a segment of speech taken from the
phonemeaa of the Switchboard corpus [9] and its correspond-
ing magnitude and group delay spectra. The first two formants
are clearly visible in the magnitude spectrum while the group de-
lay function does not show any structure. This occurs primarily
because the segment of speech is a nonminimum phase signal pri-
marily due to the zeroes from windowing and noise. The spikes
generated by noise and window effects completely mask the for-
mants corresponding to those of the speech segment. Clearly, what
is required is a modification to the group delay function that will
yield spectra similar to those of the magnitude spectrum. This is
achieved in the modified group delay function, which is described
below.

3. THE MODIFIED GROUP DELAY FUNCTION AND
FEATURE EXTRACTION

As mentioned earlier, although the group delay function has addi-
tive and high resolution properties, for nonminimum phase signals
it is ill behaved, especially when the roots are close to the unit cir-
cle in thez-domain. In general, for the group delay function to
be a meaningful representation, it is only necessary that the roots
of the transfer function are not close to the unit circle in thez do-
main. Normally, in the context of speech, the poles of the transfer
function are well within the unit circle. The zeroes in speech that
correspond to those of nasals also are either within or outside the
unit circle since the zeroes also have a finite bandwidth. The spiky
nature of the group delay function is primarily caused by pitch
peaks, noise, and window effects. In this Section, we modify the
computation of the group delay function to suppress these effects.
A similar approach was taken in an earlier paper by one of the
authors [1] for spectrum estimation.

3.1. Computation of the Modified Group Delay Function

Let s(n) be the clean speech andx(n) the channel and noise cor-
rupted speech. Leth(n) be the time invariant channel response
andw(n) the additive noise.

Then we have

x(n) = s(n) � h(n) + w(n) (8)

X(!) = S(!)H(!) +W (!) (9)

Assuming a source system model for speech production

s(n) =

pX

k=1

aks(n� k) +Ge(n) (10)

X(!) =
GE(!)H(!) +A(!)W (!)

A(!)
(11)

�x(!) = �numerator(!)� �a(!) (12)

where�numerator(!) is the group delay function corresponding to
that ofGE(!)H(!)+A(!)W (!). In regions with high signal to
noise ratio, the first term in equation 11 dominates the group delay
spectrum in equation 12, while in the regions with low signal to
noise ratio, the second term dominates. In either case, the group
delay spectrum is dominated by spectral zeroes, in the former due
to E(!) and in the latter due toW (!). The first task is therefore
to suppress the zeroes. Once the zeroes are suppressed, we get the
following approximation:

�x(!) � �h(!)� �a(!) (13)

where�h(!) and�a(!) correspond to the group delay functions
of the channel and vocal tract system, respectively. Given that the
task is speech recognition, the picket fence harmonics are not of
much interest. Therefore, these peaks can be suppressed. This
can be done by replacingjX(!)j2 with a smoothed version of
the same ((S(!))2. This is the modified group delay function.
A smoothed version of the spectrum can be obtained by simple
cepstral smoothing. The last column in Fig.1 shows the modified
group delay spectrum for the same segment of speech. The for-
mants are now clearly visible. But, once again, we have the prob-
lem that the peaks at the formant locations are very spiky compared
to those of the magnitude spectrum. This could hurt performance.
To reduce the spiky nature of the spectrum we have introduced two
new parameters into the computation of the modified group delay
function, namely,� and. The new modified group delay function
is defined as:

= sign:

����
XR(!)YR(!) + YI(!)XI(!)

(S(!))2

����
�

(14)

wheresign is the sign of the original modified group delay func-
tion andS(!) is the smoothed version ofjX(!)j. The following
is the algorithm for computing the modified group delay function:

1. Letx(n) be the given sequence.

2. Compute the discrete fourier transform (DFT) ofx(n) and
of nx(n). Let these beX(k) andY (k), respectively.

3. Compute the cepstrally smoothed spectra ofjX(k)j. Let
this beS(k) 2.

4. Compute the modified group delay function as

�x(k) = sign:

����
XR(k)YR(k) + YI(k)XI(k)

S(k)2

����
�

(15)

wheresign is given by the sign ofXR(k)YR(k)+YI(k)XI(k)
S(k)2

5. Tune the parameters and� appropriately for a given en-
vironment.

2A low order cepstral window (lw) that essentially captures the dy-
namic range ofjX(k)j is used.
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Fig. 1. A Segment of Speech, and Its Corresponding Magnitude, Group Delay, and Modified Group Delay Spectra

3.2. Conversion of Modified Group Delay Spectra to Mean-
ingful Parameters

The modified group delay function cannot be used directly to train
the speech recognition system, since the length of the vector is as
long as that of the length of the DFT Window size. To convert the
modified group delay function to some meaningful parameters, the
group delay function is converted to cepstra using the discrete co-
sine transform (DCT). Velocity and acceleration parameters for the
new group delay cepstrum are defined in the cepstral domain, in a
manner similar to that of the velocity and acceleration parameters
for MFCC.

3.3. Importance of0

In the form of the modified group delay cepstrum defined in Sec-
tion 3.2, the first coefficient corresponding tonn with n = 0 is
ignored. This value corresponds to the average value in the group
delay function. Owing to the effects of (a) linear phase due to the
window and (b) the location of pitch peak with respect to the win-
dow, it is really not clear how important the first cepstral coefficient
is. Further, if we ignore the effects of the window and pitch peak,
the group delay must contain additional information, in terms of
the delays in sources corresponding to those of the formants. This
will result in an average value different from zero in the group de-
lay domain. So, it might not be appropriate to ignore the first co-
efficient in the inverse DCT. These features are discussed in detail
in Section 4.

3.4. Removal of Channel effects in the Group Delay Domain

Owing to the nonlinearities that are introduced by� 6= 1 and 6=
1, the removal of the channel effects is an issue. Clearly, from
equation 15, if the channel effects are multiplicative, they become
additive in the phase and hence the group delay, provided that
and� each equal 1. Generally, in the case of MFCC, the mean
removal is done in the cepstral domain. In the case of the modified
group delay function, owing to the artifact introduced by� and it
is not clear in which domain the mean removal must be performed.
We tried two different approaches:

� Ignore the cross terms, and assume that channel effects are
additive in the cepstral domain.

� Perform noise removal in the group delay domain with�
and set to 1.

Although the second approach is theoretically correct, the perfor-
mance of the system using the first approach seems to be far supe-
rior (see Section 4). This could happen because the signal is not
only corrupted by multiplicative channel effects but also by addi-
tive noise. Using the argument in [1], it is important to suppress
the effects of noise in the modified group delay function before it
can be further processed.

In the context of the second approach, the mean removal can
be performed either on the envelope of the modified group delay
function or on the standard modified group delay function. To en-
able this, a new parameterlw is introduced. This parameter defines
the coarseness of the envelope of the modified group delay func-
tion for mean computation.

4. PERFORMANCE EVALUATION

The performance of the system using the new feature is tested on
the SPINE database [8]. Phonemes from 15,000 utterances of the
SPINE2000 database [8] are used to train the models. Phonemes
from 10,000 utterances are used to test the models. Simple isolated
Gaussian mixture models (GMMs) with 64 gaussians are trained
for each of the 48 phones (including pause) that is present in the
database. Two different feature vectors, modgroupdelaycepstrum1
(MODGD 1) and modgroupdelaycepstrum2 (MODGD 2), are
used to refer to the features corresponding to those of the two
mean removal mechanisms suggested in Section 3.4. Two more
features modgroupdelaycepstrum1NcN (MODGD1NcN) mod-
groupdelaycepstrum2NcN (MODGD2NcN) are also defined. They
correspond to MODGD1 and MODGD2 respectively, and in-
clude the average value of the corresponding groupdelay function
(see Section 3.3).

Owing to a lack of theoretical insight into the feature, a line
search is performed to determine the best front-end for the SPINE
database. The experiments performed are listed in Table.1. In the

Experiments
N = 10, 12, 14, 16, 18, 20
 = f0:5� 1:0g in steps of 0.1
� = f0:5 � 1:0g in steps of 0.1
sw = 4, 6, 8, 10, 12
lw = 12, 20, 128:

Table 1. Experiments on front-end parameters formodi-
fied groupdelaycepstrum

experiments it was observed that MODGD1NcN gives the best
results. These results are compared with MFCC and LFC in Table.
2. A feature called GDC, the cepstra derived from the standard
group delay function is also included in the Table. It is clear that
the performance of the cepstra derived from standard group delay
compares very poorly with that of the modified group delay cep-
stra. Velocity and acceleration are required for speech recognition.
Similar to the feature derived from MFCC, velocity and accelera-
tion parameters are defined for the features derived from modified
group delay. A composite feature vector consisting of the mod-
ified group delay cepstrum, its velocity, acceleration parameters,



featurename  � sw lw N % correct
MODGD 1 0:9 0:4 6 128 12 32:85
MODGD 2 0:9 0:3 6 128 12 31:01

MODGD 1NN 0:9 0:3 6 128 12 39:22
MODGD 2NN 0:9 0:3 6 128 12 35:61

GDC 1:0 1:0 6 128 12 3:07
MFCC � � � � 12 34:7
LFC � � � � 12 35:0

Table 2. Performance of different front-ends on the SPINE
database

CompositeFeature % correct
MODGD 1 56:24
MODGD 2 54:24

MODGD 1NN 57:3
MODGD 2NN 54:88

MFCC 60:7
LFC 58:24

Table 3. Comparison of different front-end features

energy, delta energy, and, delta delta energy is used. The perfor-
mance of the system for different forms of the modified group de-
lay feature is shown in Table. 3. It is interesting that although
the performance of the modified group delay cepstrum alone is far
superior to that of MFCC and LFC, the performance of the com-
posite feature is worse. Clearly, the derivative and acceleration
parameters are hurting performance, because the nonlinearities in-
troduced in the modified group delay computation significantly
affect the computation of the derivatives. We are currently ex-
ploring other approaches to computing these features. Given that
the performance of the composite phase feature is worse than the
composite MFCC feature, a question now arises: Is there any new
information in the phase that is not there in either the composite
MFCC or the composite LFC? To answer this, we combine the av-
erage of the scores obtained for each of the features individually
and recompute the performance. The different combinations and
the corresponding performance are given in Table.4. In each of
the different combinations, each feature is given the same weight.
Performance shows an� 2% improvement after the new feature
is included. Further, when all three features are combined there is
an� 2:8% improvement over the best baseline that we have. We
have observed that the modified group delay feature performs very
well on vowels and pause, while its performance on sounds like
d, l, m, thandv is consistently poor. It is possible that as these
sounds have a significant noise component (stops, trill, noise or
nasal), zero suppression has resulted in a loss of information. As

Composite Feature % correct
MFCC+LFC 62.54

LFC+MODGD 1NcN 61.67
MFCC+MODGD 1NcN 62.85

LFC+MFCC+MODGD 1NcN 63.62 Best

Table 4. Combining different front-end features

mentioned earlier, the performance of the modified group delay
feature is poor on unvoiced phonemes. This suggests that perhaps
the front-end should be different based on the phoneme. It is not
yet clear how this can be done.

5. CONCLUSIONS

We have explored the use of features extracted from phase (al-
beit group delay function) as an alternative or supplement to the
features extracted from the magnitude spectrum, namely, MFCC.
In the process, we have defined a new feature called themodified
group delay cepstrum, in which the emphasis is not only on for-
mant locations but also on interformant information. Our exper-
imental results show that the modified group delay function can
be used in conjunction with the standard MFCC-based feature in
recognition. On a phoneme recognition experiment, the recogni-
tion accuracy improved by about 2% absolute over the best base-
line MFCC-based system when the modified group delay feature
is used in conjunction with MFCC.
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