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Abstract: A speech segment is defined as “usable,” if
speech, which is corrupted by interfering speech, can still be
used for applications like speaker identification. In tactical
communications, where there are multiple signals
transmitted over the same channel such as telephone or
radio transmission, separation of usable speech from speech
corrupted by voices of other speakers is desired. This
separation is important in making automatic speaker and
speech recognition systems more robust. A novel approach
towards developing a usable speech measure could be
model-based. Using this concept of model-based usable
speech detection, the use of Linear Prediction is
investigated. The method reveals that an average of 75% of
the usable speech is correctly detected with false alarms of
34%.

1. Introduction

Speech that is corrupted by interfering speech or non-
stationary noise, but still usable for applications such as
speaker identification, is referred to as “usable” speech. The
goal of usable speech research has been to identify and
extract the usable portions from co-channel speech. The
system, which extracts usable speech segments under co-
channel conditions, could be used as a front-end unit of a
next-generation speech processing system [1]. Such
extracted usable segments are sent on for further processing,
while discarding segments containing co-channel speech. A
schematic of the usable speech extraction system is shown
in Figure 1.
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Figure 1. Application of Usable Speech
Extraction System.

Speech segments can be declared “usable” for speaker
identification based upon a power ratio of the speech of the
target speaker to the speech of the interfering speaker.
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The ratio is expressed as TIR (7arget to Interferer Ratio, in
dB). It has been shown that when the target speaker is at
least 20 dB greater than the interfering speaker, 80%
reliable identification of the target speaker can be obtained
[1], [2]. Hence, segments with a high Target-to-Interferer
Ratio (TIR) may be considered usable with respect to
speaker identification.

Previous work was structure-based and shown that the ratio
of harmonic energy of the stronger talker to the energy
content of all other components (both noise as well as
harmonic energy content of weaker talker) is a good
measure to quantify the usability of speech [3]. Recent work
has also shown that shape similarity exists in adjacent pitch
periods of usable speech. This method of comparing the
shape of adjacent pitch periods is known as the Adjacent
Pitch Period Comparison (APPC) [4]. The peak distance
between the LPC residual peaks [5], and peak difference of
autocorrelation matrix of the wavelet transformed signal [6]
were the two other structure-based methods to detect usable
speech. A new approach to developing a usable speech
measure is to use Linear Prediction as a model-based
approach. This measure is devised based on the fact that the
linear predictive coding (LPC) model of a single speaker
(usable) speech is expected to be different from the LPC
model of two speakers’ (unusable) speech.

2. LPC Analysis of Speech Signals

The human speech production system can be easily divided
into the glottis or vocal cords and the vocal tract (mouth,
tongue and lips). The glottal excitation acts as the source
signal. The vocal tract, acting as a filter, then shapes the
source signal to generate the output speech. In LPC, the
vocal tract is modeled as an all pole digital filter that can be
expressed mathematically as:
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where, p is the order of the model, G is the gain, S(z) is the
speech output of the model, and E(z) is the excitation input.
The vocal tract information contains formants, which are the
resonance of the vocal tract.
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3. Model-Based Usable Speech Detection
The initial approaches to usable speech measure
development were  structure-based, e.g., Spectral
Autocorrelation Peak Valley Ratio (SAPVR) [3] and
Adjacent Pitch Period Comparison (APPC) [4]. To obtain
higher identification accuracy, these measures are fused
together and to achieve this one needs more than one
measure providing complementary information. The
introduction of a model-based approach now allows us to
have a very different type of measure, which should provide
complementary information as compared with the structure—
based approaches. The LPC model approach is based on the
premise that for a single speaker there will be approximately
5 resonances or peaks in the frequency characteristics of the
LPC model whose coefficients are derived from using LPC
analysis on a speech frame, and that there should be twice as
many peaks for co-channel or two speaker speech. A
schematic of the model-based usability approach is shown
in Figure 2.
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Figure 2 LPC Model-based Usable Speech Measure

LPC analysis allows extraction of vocal tract parameters,
whose frequency characteristics contain resonances
(formants). The extracted vocal tract information is
analyzed by observing the frequency characteristics of the
transfer function of LPC model. The decision of usability is
made based on the number of peaks formed in the frequency
range of 0 to 1 kHz. The decision is based on the fact that
the first formant is the strongest formant and therefore the
easiest one to detect [7].

The major obstacle of model-based approach using LPC
analysis has been the occurrence of spurious peaks [8]. We
have found an approach that reduces the number of spurious
peaks significantly and have quantified the LPC measure.

4. Problems of Spurious Peaks
When determining the parameters of a system using linear
prediction, a problem arises when the order of the predictor
is higher than the order of the system. This results in
spurious peaks, i.e., peaks that have no physical relevance to
the system under study.
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Peaks are extracted using analysis-by-synthesis or peak
picking methods. The problem with peak picking algorithms
is that they incorrectly identify spurious peaks as true
formant peaks. Problems also arise with peak-picking
algorithms when two formants occur close to each other
(merged peaks) [9], which may be the case with co-channel
speech. These spurious peaks and merged peaks are the
challenges in detecting the difference in number of peaks
formed by usable and unusable speech.

5. Spurious Peak Formation

The pattern of peak formation in the first formant in the
range 0 to 1 kHz will be the focus of research presented
here, because the first formant is the predominant peak, and
therefore, should provide the most information about the
number of speakers [10]. The initial set of experiments was
performed using 12" and 24™ order LPC analysis to
investigate the problem of spurious peaks. One such data
showing the spurious peak problem is shown in Figure 3.
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Figure 3. LPC Order Study. Target speech (upper left),
Interferer speech (upper right), 12 order LPC (lower left),
24™ order LPC frequency characteristics (lower right).

Note the added peak on each side of the first formant in the
bottom right panel of Figure 3. Because the interferer
speech is very low energy compared to target speech (|TIR|
>=20 dB), the co-channel speech can be considered as
single speaker speech, and therefore one would expect only
the usual number of formants or peaks, i.e., 4 or 5, which is
not the case for the 24™ order LPC- right panel of Figure 3.

The method of using the LPC as a usable measure/detector
involves being able to detect the difference between
legitimate peaks related to speakers and spurious peaks. One
approach is to reduce the LPC analysis model order, thereby
reducing the number of possible spurious peaks.
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6. Peak Pattern in First Formant
Experiments was performed to determine if it is possible to
differentiate between single speaker speech and co-channel
speech using linear prediction with a lower order model than
12™ and 24™ order so that the problem of spurious peaks
would be reduced. The set of figures shown below
illustrates two different conditions, i.e., one speaker (Figure
4) speech and two-speaker (co-channel) speech (Figure 5).
8™ order and 16™ order LPC analysis results are shown in
Figures 4 and 5.

Target speech Interferer speech
- - 4000 - -
2000
0 0
-2000
0 100 200 300 0 100 200 300

4 X 104 LPC coefficients-8th order 4 X 104LPC coefficients-16th order

3 3
2 2
1 1
00 0.2 0.4 0.6 0.8 0O 0.2 0.4 0.6 0.8

Frequency in kHz Frequency in kHz

Figure 4. Usable Speech Detection Using LPC Analysis
(usable speech shown). Target speech (upper left), interferer
speech (upper right). 8" order LPC (lower left) and 16™
order LPC model frequency characteristics shown in thick
lines (lower right), target LPC frequency characteristics
shown in thin lines (lower right).

The time form of the target is top left plot and the time form
of the interferer is the top right plot for both Figures 4 and 5.
Our interest is only in the first formant range, i.e., 0 to 1
kHz, and therefore we expect one peak for single speaker
speech and two peaks for co-channel speech. In the bottom
panels, the frequency characteristics of the target speech are
shown in thin lines, composite speech in thick lines and
interferer speech in dotted lines (where explicitly visible),
with the left panel showing the 8" order characteristics and
the right panel showing the 16™ order characteristics.

It should be noted that for the co-channel speech in Figure
4, the interferer speech is so small as to be insignificant, and
therefore, the co-channel speech can be considered single
speaker (usable) speech. This is due to the insignificant
contribution from the interferer, as can be observed in the
upper right-hand panel of Figure 4.
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When the same experiment was performed on co-channel
speech, i.e., where the interferer was no longer insignificant,
a notable change was observed in the number of peaks in the
first formant (0-1kHz) as shown for the 16" order LPC
depicted in the lower right plot in Figure 5. As we observe
in Figure 5, it is clear from the energies of the target and the
interferer that the combined speech is co-channel. Note that
there is a significant change in the number of peaks. As
explained above, we expect there to be twice as many peaks
for two speakers’ speech, and we observe there are two
distinct peaks shown in thin line within the range 0 to 1 kHz
in Figure 5.
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Figure 5. Usable Speech Detection Using LPC Analysis
(unusable speech shown). Target speech (upper left), Interferer
speech (upper right), 8" order LPC (lower left), 16" order LPC
model frequency characteristics shown in thick lines (lower
right), target LPC frequency characteristics shown in thin lines
(lower right), interferer LPC frequency characteristics shown
in dotted lines (lower right).

From Figure 5, it can be observed that the 8" order LPC
of target and interferer were not able to model the
composite speech, whereas the 16™ order LPC (thick) was
able to model the co-channel speech by producing one
peak for target and one peak for interferer. These
experiments suggest that using lower order LPC analysis
provides a method of overcoming the problem of spurious
peaks.
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7. Experiments and Results

Speech data for experiments discussed here was obtained
from the TIMIT database. Forty five different combinations
of co-channel data from ten speech files, with equal number
of male and female speakers, were used in the experiments.
The original speech was sampled at 16 kHz and re-sampled
to 8 kHz after low-pass filtering to 3 kHz. The target speech
and the corrupting speech were scaled and added so that the
overall TIR was 0 dB. Each frame was hamming windowed
prior to computing the LPC. LPC analysis was done for
each frame of length 10 ms. By processing the voiced
frames, the accuracy of the algorithm was expected to
improve. Hence, the low energy (unvoiced) frames and
silences were removed using the spectral flatness measure
with the help of a preset threshold [1].

The problem of spurious peaks is reduced appreciably by
reducing the order of the LPC analysis to 8 and 16, which
therefore reduces the number of false alarms. A peak-
picking algorithm was designed to determine the number of
peaks present in the first formant region. The peak-picking
algorithm looks for the local maxima in that search interval
and counts the number of such maximas. The speech
segment was then declared usable if there were one peak
detected and unusable if there were two peaks detected. The
results of using the LPC measure for detection of male-
female co-channel speech is shown in Figure 6, where the
number of peaks formed by the LPC analysis is plotted
versus the TIR values.

Results plot of peak formation
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Figure 6: Results plot of peak formation. Usable data —
Single peak (gray); Unusable data — Two peaks (black).

From Figure 6, it is observed that a majority of the single
peaks (gray) found are in the range of |TIR| >= 20dB
(usable), whereas a majority of two peaks (black) were
found for |TIR| < 20dB (unusable). The measure shows
around 75 % correct detection and 34 % incorrect decision
or false alarms. Figure 7 shows LPC model usable speech
correct detection, which is represented by black rectangles.

The utterance shown in Figure 7 is TIR identified speech
(gray — usable segments; black — unusable segments) from
co-channel data and LPC model detection information
(black rectangles). The results indicate that there is good
correlation between the usable speech detection by the TIR
and LPC model-based approach.
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Figure 7: Comparison of detection using TIR and LPC
measure. TIR detection — usable segments (gray), unusable
segments (black), LPC detection, rectangles- correct usable

speech detection.

8. Summary

In this paper we have presented a new method of detecting
usable speech based on LPC analysis. The performance of
speaker identification systems can be improved by using the
detected usable speech segments as most of the corrupted
data (unusable speech) has been removed. The goal of the
LPC measure is to extract the maximum amount of usable
speech with a minimum false alarm rate. On average, the
LPC based usable speech measure detects at least 75% of
the usable speech.
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9. Future Areas of Research

The challenge of improving the LPC model approach for
usable speech detection is to devise a method for detecting
spurious peaks. One such possible approach is to lowpass (0
to 1 kHz) filter the speech, where we are working to devise
a way to detect whether one of the two peaks is the first
formant of the second speaker or is a spurious peak. Another
approach is to lowpass filter the speech to 1 kHz, and to
reduce the system to a simple 2™ order (single speaker
system) and 4™ order (two speakers system) system. The
decision of usability can then be made by performing LPC
on the residual of the first stage of LPC analysis.
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