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ABSTRACT

Previous work [1] has shown that there exist segments of
speech which can be identified as usable in the presence of
noise. These segments can be labeled as usable and processed
by a speech processing system. Some methods to identify
“usable” speech segments have been developed [2], [3]. Here,
we present a method which performs a comparison of adjacent
pitch periods within voiced speech to quantify the usability of
speech which has been corrupted by another speech signal. It
was found that the method is useful in spotting approximately
75% of usable segments for speaker identification. False darms
and missed frames occur mostly in transition regions (onset or
offset of voicing). In scenarios with limited training and testing
data, a system which separates out those "usabl€e" portions of
speech is desirable. The technique proposed here, i.e, the
identification of “usable” speech, represents the front-end
process of a next generation speech processing system. This
process involves an information fusion/decision system which
will utilize both time as well as frequency domain information to
determine the usability of aframe of speech.

1. INTRODUCTION

Until recently, the classica approaches to co-channel
speaker separation were to enhance the target speech, suppress
the interfering speech, or enhance the target speech while
suppressing the interfering speech. The question concerning co-
channel speech in the past was to extract the speech of one of the
speakers. However, if the fina goa with respect to co-channel
speech isto use it for such things as speaker identification, then
it becomes more advantageous to determine which segments of
co-channel speech will improve the performance of the speaker
identification system.

We are proposing a new approach to co-channel speech.
From previous studies we have determined that there exists
segments of speech that can be identified as “usable’ in the
sense that the interferer’'s speech does not degrade the
informational content of the target speech to be used for such
things as speaker recognition.

A speech segment is "usable" if it contains enough
information to identify the target speaker. A recent study [4]

revealed that as much as 38% of a co-channel speech utterance
has enough information about the target speaker to perform
reliable speaker identification even when the Target-to-Interferer
(TIR) ratio is 0 dB [averaged over the entire utterance]. It was
also found that as much as 32% of a co-channel speech utterance
contained enough information about the interfering speech such
that the interferer’s identity could be identified [4]. Hence those
segments become "usable" for a speaker identification system.
Consequently, if one wishes to extract the identity of both the
target and the interferer, as much as 70% of the entire speech is
available. However, the amount of usable speech gleaned from a
co-channel utterance depends heavily upon the nature of the
speech; i.e. whether it contains many pauses or is relatively
continuous speech. The normal situation with usable frames is
that they occur in segments rather than isolated frames.

It was determined that a 20 dB Target-to-Interferer (TIR)
ratio is a reasonable lower limit for speaker identification to
work reliably [4], [5]. So, a straightforward method to estimate
the usability of a speech frame would be to estimate target-to-
interferer ratio for each frame. This is similar to the estimation
of Harmonic-to-Noise ratio, used by laryngologists to rate the
degree of hoarseness of a voice [5]. Under voiced portion-over-
voiced portion co-channel conditions, there will be a significant
amount of energy within aframe, related to the stronger speaker.
Hence 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 of
usability of that speech frame.

2. ADJACENT PITCH PERIOD COMAPARISON

It isour goal to select usable pitch periods of speech using
the Adjacent Pitch Period Comparison (APPC) measure without
having any a priori information about the energy of either
speaker. The TIR measure will be used as a benchmark for the
proposed APPC measure. A successful identification of usable
speech occurs when both the Adjacent Pitch Period Comparison
and Transmitter to Interferer Ratio methods select a pitch period
of co-channel speech as usable for speaker identification. A
missed identification is said to occur when the TIR measure has
selected a pitch period that has not been selected by the APPC
measure as usable. A false darm is said to occur when the



APPC measure has selected a pitch period that has not been
selected by the TIR measure as usable.

Usable speech, which is composed entirely of voiced
speech, has a periodic nature [2]. Due to the periodicity of
usable speech, adjacent pitch periods of voiced speech are
similar in ‘shape,” which is evident in Figure 1. Shown at the top
of Figure 1 is approximately 20 ms. of usable speech. The
length of each reference pitch period is determined by finding
the distance between the zero-lag point and the next highest peak
of the Autocorrelation matrix of the next 10 ms. (about the
length of 3 pitch periods) of the co-channel speech. In this case,
the length of the reference pitch period is selected to be 57
samples, corresponding to the first 57 samples of speech shown
a the top of Figure 1. The adjacent pitch period begins
immediately following the reference pitch period at sample 58
and ends at sample 115 (58+57). This method assumes that the
any change in length from one pitch period to its neighboring
pitch period is negligible. The bottom of Figure 1 shows the
amplitude of the reference and adjacent pitch periods
superimposed. The APPC measure attempts to exploit the shape
similarity of adjacent pitch periods within usable speech. By
comparing the sample-by-sample amplitude variations of
adjacent pitch periods, as shown in the bottom of Figure 1, a
measure has been developed to identify usable speech segments
within co-channel speech. First, this method requires accurate
detection of the pitch periods. Using an autocorrelation method,
the length of a pitch period is determined. A comparison of
adjacent pitch periods with single speaker voiced speech results
in minimal sample-by-sample amplitude variations. The measure
is determined by summing these variations over the reference
and adjacent pitch periods. The length of each pitch period is
easily determined for a single speaker.

In the case of two simultaneous voiced speskers, a
comparison of the adjacent pitch periods will yield large
differences, because there will be peaks from interfering voiced
speech, as shown in Figure 2. Also, with co-channel speech,
pitch period estimation could be erroneous. Fortunately, this can
work to our advantage. If pitch periods are ill-selected asin the
co-channel speech case, dissmilar pitch periods will be
compared and a very large distance measure will result.
Therefore, selection of proper pitch periods in the single speaker
voiced speech situation is essential for this method to operate
accurately, whileit is not of particular importance when there is
strong interfering voiced speech.

3. EXPERIMENTSAND RESULTS
The speech data was obtained from the TIMIT database. 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.

The TIR of the composite speech was computed for each
pitch period, as discussed in section 2. Each pitch period ranged
from 32 to 96 samples, equating to 4-6 ms.
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Figure 1: Usable Speech (top) and Adjacent Pitch Period
Amplitude Comparison (bottom)

Co-channel Speech
T T T

Normalized Amplitude

Normalized Amplitude

Numb:

Figure 2: Co-channel Speech (top) and Pitch Period
Amplitude Comparison (bottom)

The binary-valued line above the speech in Figure 3
indicates detection of usable speech, where a peaks indicates
where the APPC measure has detected usable speech. Pitch
periods (frames) of speech where the TIR is at least 20 dB or
the ITR (Interfere-to-Target Ratio) is 20dB are shown in black.
The gray sections of the co-channel utterance in Figure 3 do not
meet the 20 dB criteria and are therefore considered unusable for
speaker identification.



In this two speaker set, both the TIR threshold at 20 dB and the
APPC threshold at 6 flagged 74.5% of the pitch periods as
usable, indicating correct identifications. This also indicates that
25.5% of the pitch periods deemed usable by the TIR measure
were missed by the APPC measure. In addition, 24.4% of the
unusable pitch periods were flagged usable by the APPC
measure, indicating false alarms.

Missed usable speech detections occur most often at the
onset and offset of voiced speech, due to the transition that
occurs at the beginning or end of a voiced speech utterance.
When amplitudes of adjacent pitch periods are compared at the
onset of voiced speech, there may be a large amplitude
difference between the samples of the adjacent pitch period and
the reference pitch period, even though they may be the same
‘shape.”’ The same phenomenon may be observed at the end of
the voiced speech as well. It is possible to partially overcome
this problem by normalizing each pitch period before
comparison. This way, the overal amplitude difference will
have less of an effect on the point-to-point amplitude
comparison. A small reduction (about 2%) was redlized in the
false alarm rate when performing the normalization procedure.

4. SUMMARY
The purpose of this paper was to identify the usable portions
of co-channel speech in the context of speaker identification. It
was found that the Adjacent Pitch period Comparison method is
a useful measure in spotting approximately 75% of those usable
portions. It was found that normalizing the overall amplitude of
each pitch period before performing a point-to-point comparison
dightly reduces the missed detection rate. Further
improvements in this agorithm are possible, to make the
performance more robust. One possible improvement is to
process only those frames that are voiced (i.e, a least one
speaker’s speech is voiced) in order to improve computational
efficiency. It is also worthwhile to investigate why the APPC
method picks some frames declared unusable by the TIR
method.  Also, comparing features other than amplitude
variations is currently underway, and thus far Dynamic Time

Warping appears to be a promising candidate.
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Figure 3: Usable Speech Detected by TIR & APPC Thresholds. TIR Usable Speech (black), TIR
Unusable Speech (gray), APPC Detected Usable Speech (black box).



