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Abstract
A method, which is a modification of the analysis-synthesis pro-
cedure, is proposed for studying of the informative attributes of
speech signal. It is based on the editing of the speech dynamic
spectrogram and its subsequent restoration in the time domain.
Some preliminary results of using the proposed method are pre-
sented.

1. Introduction
Speech recognition is a multilevel process of decoding the
speech signal that begins by recognition of phonemes. As the
result, the continuous speech signal is represented by a chain of
phonemes that are elements of a finite alphabet usually consist-
ing of a few dozens of elements. Then words, sentences and,
finally, sense of the statement are consecutively decoded from
the obtained phoneme chain.

As compared with the acoustic wave representing the
speech signal as the time profile of acoustic pressure, recogni-
tion of phonemes appreciably simplifies description of a speech
signal and reduces it to a compact chain of discrete elements.
Phoneme recognition process is preceded by preprocessing the
speech signal and describing it in terms of the informative at-
tributes, which enables one to reduce signal redundancy and
simplify its representation via elimination of the information
concerning the individual characteristics of speakers and their
emotional state, as well as the environmental characteristics.
This preprocessing usually includes spectral analysis by the
bank of bandpass filters [1] and following filtration of the re-
sulting short-term logarithmic spectrum in frequency and time
[2-5]. The spectrum filtering provides stability to frequency dis-
tortions of the signal, reduction in sensitivity to the background
noise, and also specification of the boundaries of the signal qua-
sistationary segments required for speech segmentation.

It should be pointed out that now there is no formal pro-
cedure for determination of the complete system of informative
attributes of the speech signal. The attributes are usually chosen
by experience and intuition of a researcher. Then from the so-
determined initial system of attributes, a most convenient sub-
system of speech signal description is chosen one or another
formal manner.

However the bulk of the data obtained by the numerous
studies of physics of the vocal apparatus [6] and the periph-
eral auditory system [7], experiments with reading the dynamic
spectrograms of the speech signal [8-10] which are called the
visible speech, and various psychophysical experiments [7] sug-
gest that in speech communication, information is transmitted
both by the variations of its short amplitude spectrum reflect-
ing articulation and the prosodic speech characteristics describ-
ing duration of the speech acts, intensity and pitch. However,

the researchers still are not unanimous about the physical cor-
relates of the informative speech attributes. In this connection,
search for the informative attributes of a speech signal, that en-
able its adequate description and provide a low percent of errors
of speech recognition, is still the subject of the present interest.

2. Traditional approaches to studying of
speech signal informative attributes

The methods for studying the informative attributes of speech
signal are extremely diverse. First of all, the informative at-
tributes of speech signal are traditionally studied using the
speech wave s(t) and its representation in the frequency domain
in the form of the dynamic spectrogram
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which usually is obtained by the short-term Fourier transform
or a bank of bandpass filters [11, 12]. Short intervals s(t) gen-
erated by the window w(t) within which the speech signal can
be regarded as quasistationary are used to determine S(f, t). As
a rule windows width T =20–30 ms satisfies this requirement.
The Hanning and Hamming windows providing a relatively low
level of the side lobes at spectral analysis are often used in
practice as w(t). In digital realizations of the spectral analysis,
the discrete variants s(n∆t) and S(m∆f, k∆T ) of the signal
s(t) and spectrum S(f, t) are used. Here, n = 0, 1, 2, . . . ,
m = 0, 1, 2, . . . , M − 1, k = 0, 1, 2, . . . , ∆t = 1/fq ,
∆f = fq/M , fq is the frequency of quantization of the speech
signal and ∆T is the interval of spectrum calculations. In what
follows, the discrete signal and spectrum for brevity will be de-
noted, respectively, by s(n) and S(m, k). We note that this
notation of S(m, k) is valid also in case of the spectrum ob-
tained by a bank of bandpass filters that are arbitrarily located
in frequency. In this case, the variable m defines the number of
the filter.

Use of s(t) and S(f, t) enables one to examine the fine
temporal structure of the speech wave, its dynamic spectro-
gram, changes in time of the speech spectrum, as well as the
prosodic speech characteristics describing durations and inten-
sities of speech sounds. Analysis of the data obtained by this
examination underlies the assumptions about the possible infor-
mative attributes of the speech signal.

Another approach to the study of informative attributes is
based on intentional introduction of various kinds distortions
into the speech signal. The distorted signal is listened to esti-
mate the effect of distortions on its perception and draw con-
clusions about the possible informative attributes of the speech
signal. Cutting out, replacement, insertion and reversal (reverse
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playback) of fragments of the of speech wave, distortion of the
form of speech signal or its envelope, signal filtering that am-
plifies or attenuates some of its frequency characteristics, and
other transformations exemplify the distortions used. For exam-
ple, it is well known that if the duration of the fricative sounds
is reduced below a certain level, they are perceived as plosive
sounds having a similar place of generation [13]. Reverse listen-
ing demonstrates violations in perception of some phonemes,
which is evidence of the importance of certain changes of sig-
nal in time or a characteristic sequence of segments for correct
phoneme identification [14].

The next approach to studying the speech informative at-
tributes is based on synthesis of speech signals with given char-
acteristics using the linear model of speech production. It is
assumed in the model that the speech signal is the response of
the linear filter describing the frequency characteristics of the
vocal tract in response to the source of excitation. This can be
a voice source representing quasiperiodic oscillations of the vo-
cal chords, noise source arising at the place of contraction or
closure of the vocal tract and combination these two sources.

By synthesis of signals with given characteristics some con-
clusions may be suggested about the informative attributes of
the speech signal. For example, speech synthesis demonstrated
the importance of the instant of switching on the voice source
relative to the onset of a vowel for discrimination of the voiced
and unvoiced explosive consonants [15], as well as the influence
of the formant structure of speech sound on its phonetic quality
[12]. Fragments of the speech signal are usually synthesized by
a formant synthesizer or the procedure of replaying the spectral
patterns [16]. In the first case, the spectrum of speech signal
is modeled by a group of variable-parameter resonators. In the
second case, the signal spectrum is defined by idealized (simpli-
fied) spectral patterns replacing the actual speech spectrograms.
These patterns are represented as two-dimensional arrays dis-
played usually as black-and-white pictures where the spectral
levels are represented by the level of black.

Finally, methods based on direct electrical stimulation of
the auditory nerve by electrodes implanted in the cochlea of
the deaf who lost hearing because of damaged receptors of the
inner ear may be very promising for studying the informative
attributes of the speech signal. Although these studies are cur-
rently directed mostly to rehabilitation of hearing, one may ex-
pect that in the near future they will provide data about the in-
formative attributes of speech signal.

3. A Study of the speech informative
attributes by amplitude spectrum editing

The present paper proposes a further convenient and flexible
method for studying of the informative attributes of speech sig-
nal which is based on a combination of the analysis and syn-
thesis procedures. Analysis of the signal s(t) for determining
the spectrum S(m, k), its processing by removal of certain sig-
nal fragments, signal restoration from the processed spectrum,
and listening of the original and restored signals lie at the core
of this method. As the result of listening, certain conclusions
can be drawn about the importance of specific speech fragments
in the spectrum for perception of phonemes or another speech
units. Thus, the hypotheses about presence of the informative
attributes of speech signal can be verified.

Let us consider the proposed method in more detail. To do
this we use its realization as a digital algorithm to illustrate the
sequence of transformations of the speech signal s(t). A short-

term spectral analysis of the signal s(n) is performed. As a
result, the complex spectrum

S(m, k) =
1

M

n=∞
∑

n=−∞

s(n)w(n − k)e−j2π∆fmn =

a(m, k) + jb(m, k),

and amplitude spectrum

|S(m, k)| =
[

a2(m, k) + b2(m, k)
]1/2

are determined for m = 0, . . . , M − 1 and k = 0, 1, 2, . . . .
By virtue of symmetry of the discrete Fourier transform, one
can confine oneself to m = 0, . . . , M/2 − 1. It is advisable to
use the M samples wide Hanning window and to calculate the
spectra at the interval of ∆T = M∆t/2. This choice w(t) and
∆T simultaneously provides a low level of the side spectrum
lobes and no pulsations after signal restoration by the inverse
Fourier transform.

The resulting amplitude spectrum |S(m, k)|, where m =
0, 1, . . . , M/2−1, k = 1, 2, . . . , K, is displayed as a half-tone
raster picture whose pixels make up a rectangular (M/2) × K
domain and values of |S(m, k)| are represented by the level of
black. This representation of the speech signal which is usually
called the dynamic spectrogram, sonogram, or visible speech is
illustrated in Fig. 1a with the aid of analysis of the Russian word
“shes′t′ ” (six).

The spectrogram is edited by specifying a rectangular area
where one intends to verify the importance of its components
for speech perception. This operation is illustrated in Fig. 1b.
Editing is completed by elimination of the frequency com-
ponents in the extracted spectral fragment as is illustrated in
Fig. 1c. To this end, the corresponding elements of the real
and imaginary components of the spectrogram S(m, k) =
a(m, k)+jb(m, k) are zeroed, and one gets a new spectrogram
S1(m, k) = a1(m, k) + jb1(m, k) with

a1(m, k) = b1(m, k) = 0 for m = m1, . . . , m2,

k = k1, . . . , k2,

a1(m, k) = a(m, k) for m 6= m1, . . . , m2,

k 6= k1, . . . , k2,

b1(m, k) = b(m, k) for m 6= m1, . . . , m2,

k 6= k1, . . . , k2,

where m1, m2, k1, and k2 define the boundaries of the specified
spectral area in terms of the discrete samples of frequency and
time. By consecutive use of the above operation of editing, one
can eliminate from the spectrogram the frequency components
in arbitrary-form areas, including nonoverlapping ones.

If the speech signals under study were recorded in a strong
background noise, then it may be recommendable to replace
certain spectral components by corresponding noise fragments
extracted in the pauses between speech activity, rather than to
eliminate them. This measure will allow one to avoid perception
of signal valleys below the level of background noise, where
spectral components were eliminated.

The speech signal is restored from the edited spectrogram
S1(m, k) by means of the inverse Fourier transform

s1(n) =

k=∞
∑

k=0

m=M/2−1
∑

m=0

[

a1(m, k) cos(2πm∆f(n + k∆T ))

+b1(m, k) sin(2πm∆f(n + k∆T ))w1(n + k∆T )
]

,
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Figure 1: Editing of the dynamic spectrogram, (a)—original
spectrogram of “shes′t′ ,” (b)—extraction of a spectrum frag-
ment, (c)—result of editing.

where

w1(n) =

{

1 for n = 0, . . . , M − 1
0 for 0 > n ≥ M.

Comparison of the sounding of the signal s1(n) with the
original signal s(n) may suggest conclusions about the impor-
tance for speech perception of the speech components in one or
another frequency-time region. As a result we have possibility
to search the informative attributes of the speech signal.

It is worthy of note that editing must be carried out so to
extract the spectrum areas in such a way that their horizontal
boundaries do not intersect the spectral peaks related with signal
harmonics because this may result in appreciable distortions of
the restored signal s1(n) and its envelope.

4. Preliminary results
To verify the proposed method, it was programmed and run on
computer. The 16-bit Creative Labs Sound Blaster card was
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Figure 2: Editing of the dynamic spectrogram of “shok,” (a)—
original spectrogram, (b)—result of editing.

used to input and output the speech signals at the sampling fre-
quency fq = 22.05 kHz, which allowed one to carry out spec-
tral analysis of sounds in the range up to fq/2 = 11.025 kHz.
Spectral speech analysis and restoration of the processed signal
were carried out by the 512-point direct and inverse fast Fourier
transform (FFT). In this case, M = 512, and the step of dis-
cretization in frequency ∆f = fq/M ≈ 43 Hz. The resulting
spectrograms were displayed against the logarithmic intensity
scale, which enabled one to observe the spectrum fragments
within a wide dynamic range of intensities.

The editing was realized as a multistep procedure removing
the components in the consecutively defined rectangular areas
of the spectrum. At each step, the processed signal was restored
and its spectrum was displayed. It was possible to listen the
original and restored signals after each editing. At any time, it
was possible to cancel the results of editing and return to one of
the preceding variants of signal editing or to the original signal.

Signals were listened at a comfortable volume through the
CD-860 headphones or SPS-611 column loudspeakers. Differ-
ent segments of the original and restored signals could be high-
lighted and listened. Five subject with normal hearing (three
men and two women) participated in the experiment.

Three preliminary experiments with the real voice signals
were run to check and illustrate the method. In the first exper-
iment, it was demonstrated the influence of noise spectrum on
perception of the fricative consonant ”sh” in the word ”shok”
whose spectrum is depicted in Fig. 2a. To this end, the low-
frequency components belonging to a fragment of the sound
”sh” were removed from the spectrum by editing. Fig. 2b shows
the spectrum after editing and the rectangular boundaries of the
edited area. The results of listening signals before and after
spectrum editing demonstrated dramatic changes in perception:
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Figure 3: Editing of the dynamic spectrogram of “dam,” (a)—
original spectrogram, (b)—result of editing.

”sok” was clearly heard instead of ”shok.” Therefore, one can
conclude that the difference in the phonemes ”sh” and ”s” is
due to the presence or absence of the frequency components in
a certain frequency band that are removed by spectrum editing.

In the second experiment, the spectrogram of ”dam” shown
in Fig. 3a was edited . By the editing the spectrum areas, which
comprised the voiced closure and the initial part of the first for-
mant of the vowel, were eliminated. In such a manner the edit-
ing simulated a small delay in switching on the vocal source
relative to the onset of the vowel. The edited spectrum and po-
sition of the edited area are shown in Fig. 3b. Unvoicing of ”d”
was the result of the spectrum fragments eleminating,” and as a
consequence ”tam” was clearly heard instead of ”dam.”

In the third experiment, realization of the word ”chetyre”
(four) was used. Its spectrogram is shown in Fig. 4a. Various
frequency fragments were eliminated from it by editing. In the
first case, fragments of the spectrum including the first formant
of all vowels were completely eliminated. The resulting spec-
trum is shown in Fig. 4b. In the second case, spectral regions of
the vowels including the areas of the second and third formants
were eliminated as it is shown in Fig. 4c. In the third case,
the frequency components only in the area of the first formant
of the second vowel were eliminated. This case is illustrated in
Fig. 4d.

It turned out that the introduced frequency distortions did
not worsen the word recognition and were accompanied only
by changes in the sound quality. In the first and second cases,
distortions were similar to the timbre adjustment at low and
high frequencies. In the third case, perceived distortion was
the strongest one. They were perceived as a considerable loud-
ness decrease at the second vowel. As a result disturbing of the
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Figure 4: Editing of dynamic spectrogram of “chetyre,” (a)—
original spectrogram, (b), (c), and (d)—results of editing.
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signal smoothness was noticeable.
All the experiments were carried out with eight realiza-

tions of each word and produced similar results. Four speakers-
two men and two women-were invited to record realizations of
words. Each word was pronounced twice and recorded with
dynamic microphone MD-201.

Summing up the experiments, one can conclude that the
proposed method offers a convenient tool for studying of speech
signal. Additionally, the experimental results suggest that the
traditional description of vowels by two or three first formants
seems to be redundant, because even one formant was sufficed
for correct perception of the phonetic information. This means
that in the aforementioned cases it it is enough to get infor-
mation about the vowel from one of several narrow frequency
bands and all these bands to a great extent duplicate each other
on transmission of information about the phonetic quality of
sound.

However, a similar conclusion cannot be drawn about the
consonants because, as follows from the first experiment, re-
moval of the components of the low-frequency domain of the
spectrum of a fricative consonants may result in change of con-
sonant perception that seems to be in agreement with the fact of
categorial perception of consonants.

5. Conclusions
The paper proposes a method for studying of the informative
attributes of a speech signal by spectrum editing. It combines
procedures of analysis and synthesis and allows to verify the
importance of individual fragments of the spectrum of speech
on its perception. The editing procedure is based on elimination
highlighted spectrum fragment from the dynamic spectrogram
of the speech signal and subsequent restoration of the signal
from the edited spectrum. Listening of the original and restored
signals allows one to judge importance of a particular spectrum
fragment for perception of the speech signal. Spectrum editing
is realized as a sequential procedure. At each step a selected
rectangular spectral fragment at the ”frequency-time” plane can
be eliminated (fill zeros). As a result, the selected spectrum
components are removed by the editing.

Preliminary FFT-based experiments with the digital realiza-
tion of the method were carried out. They demonstrated its ef-
fectiveness and efficiency in speech signal studying. Experi-
ments demonstrated redundancy of description of vowels in the
frequency domain and showed that phonetic quality of a conso-
nant may be affected dramatically at changes in its spectrum.

The proposed method can be improved by introducing the
possibility to define more complicated edited spectrum areas
different from the rectangular one—for example, by means of
the mouse as it is usually done in the standard graphic editors.
Additionally, the editing procedure can be modified by using
the operations of inserting and replacing of the selected spec-
tral fragments. Obviously, this operation is confined only to
the noise fragments, because difference of fundamental tones
of inserted and replaced spectral fragments can cause distinct
beating which is clearly heard in the restored signal. Its pres-
ence increases roughness of signal sounding and may hinder
interpretation of listening.
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