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ABSTRACT

The traditional approach to co-channel speech processing
has been to either enhance the target speech, or suppress the
interferer’s speech, or perform both simultaneously. We
have previously presented a novel and unique approach
[Spectral Autocorrelation Peak Valley Ratio (SAPVR)] to
processing co-channel speech, and that is to identify and
extract segments of speech that are usable, i.e., usable in the
context of speaker identification, speech recognition or
speaker tracking [1]. This measure has also been found to
be an effective method to identify the existence of co-
channel speech; in this case only voiced portions are used.
The voiced portions were identified using spectral flatness.
The SAPVR, as a part of a co-channel detection system,
appears not to be gender specific in terms of its operational
capabilities. False alarms and missed frames occur mostly
in transition regions (onset or offset of voicing). SAPVR
approach to co-channel detection is part of an ongoing
effort to develop a co-channel detection and separation
system that would utilize multiple, independent measures.

1. INTRODUCTION

Co-channel speech has presented a challenge to the
speech processing community for over 30 years with only
minimal success. The traditional approach to co-channel
speech is to attempt to enhance the target speech [2],

suppress the interferer’s speech [3], [4], [5] and [6] or
perform both enhancement and suppression [7] and [8].
More recently, a novel approach to co-channel speech
processing has been to identify those segments of co-
channel speech that are usable, and extract and use those
segments for such processes as speaker identification [1].
Usability, however is context dependent, i.e., if one is going
to use the speech for speaker identification then one must
determine what defines usability in the context of speaker
identification. Development of usability criteria for speaker
identification is presently underway [9]. Another
application for co-channel speech processing would be the
detection of co-channel speech, for if co-channel speech is
detected then one might wish to suspend any speech
processing operation until there is no longer any co-channel
speech.

The method presented here is part of an ongoing project
to develop a series of usable speech measures to be used as
co-channel detection measures, of which the SAPVR is the
first. A block diagram of the proposed co-channel speech
detection system is shown in Figure 1 below. The basic
concept of the system is to use a number of different
measures, each of which contains different types of
information, such as time domain and frequency domain
measures, so that each measure will be independent of the
other measures. The measures will then be weighted and
fused in such a way as to produce a system much more
effective, accurate and robust than using only one measure.
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Figure 1. Block diagram of proposed co-channel detection system.

2. METHODS

Speech from the TIMIT database was used. The original
TIMIT data, in 16 bit 16kHz form, was filtered and then
decimated to 8kHz. The SAPVR measure has been
described previously [1]. The SAPVR was conducted on 32
msec frames of speech data. The basic concept of the
SAPVR approach is to perform the autocorrelation on the
magnitude spectrum and then determine the ratio of the sum
of the peaks in the spectral autocorrelation domain over the
value of the first valley.
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Figure 2. Single speaker data.  a.) Male
speech data. b.) Magnitude spectrum. c.)
Autocorrelation spectral lag.

The SAPVR measure is used to detect structure in the
spectral autocorrelation domain. This structure is well
illustrated in Figure 2 (above) for the time, frequency and
spectral autocorrelation domains. Also, because the spectral
autocorrelation can be used to represent structure in the
frequency domain, it can also be used to detect a loss of
structure, but only for voiced speech. This loss of structure
is shown in Figure 3 (below).
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Figure 3.  Multi-speaker  data.  a.) Two
male speakers.  b.) Magnitude spectrum
c.) Autocorrelation spectral lag.

For co-channel speech there are a number of different
voicing conditions that can exist for two speakers’ speech.



For example, there can be voiced-silence, silence-voiced,
silence-unvoiced, voiced-unvoiced, etc. However, the
condition which would most readily indicate the existence
of co-channel speech would be the voiced-voiced situation.
The reason for this is that for voiced speech, the time and
frequency domain representation is very structured.
However, for the co-channel situation of voiced-voiced, the
structure in both the time and frequency domain is lost.
Therefore, our co-channel detection system will process
voiced speech frames (which for this application may
actually be voiced-silence, voiced-unvoiced, or voiced-
voiced).

Because the SAPVR co-channel speech detection
approach relies on the analysis of only voiced portions of
speech, the spectral flatness measure was used for
identifying voiced speech. There are advantages to using
this method. First, one can more easily vary the threshold
for voiced speech using spectral flatness than using a
traditional approach, such as measuring the energy and zero
crossing rate. Also, there is no need to consider changing
the zero-crossing threshold when going from a male speaker
with low pitch to a female speaker with high pitch. Finally,
spectral flatness provides better discrimination between
voiced and unvoiced speech, and is critical for our
approach. Note, the spectral flatness can vary from 0dB for
unvoiced to 60dB for voiced. This means that frames with a
spectral flatness close to 60dB are more voice-like, and
therefore, can be classified as voiced. The spectral flatness
measure (SFMdB) in dB is defined as:

Where, Gm is the geometric mean, Am is the arithmetic
mean, mag(i) are the magnitudes of each of the spectral
lines i, and N is the number of FFT points or spectral lines.

The results of using the spectral flatness are shown in
Figure 4, where the threshold used to extract the voiced
speech is represented by the flat horizontal line. Note, as
indicated in Figure 4 above, the threshold is shown as being
positive when in fact it is actually negative; the positive
spectral flatness threshold was used only for the
convenience of illustration and simplicity of concept. Note,
TIR is the Target-to-Interfere Ratio. It has been determined
previously [10] that speaker identification is minimally
degraded, i.e., a decrease of about 15% in accuracy is
observed with a TIR of 20 dB.
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Figure 4. Speech data, Spectral flatness
and Spectral Flatness threshold. Straight
horizontal line represents a spectral
flatness threshold of  40dB.

Figure 5 (shown below) illustrates the effectiveness of
using spectral flatness; the threshold for accepting the frame
as being voiced was 40dB, therefore, all frames with a
spectral flatness measure greater than 40 dB are considered
as being voiced. The result of using the 40 dB threshold is
shown in Figure 4, where the voiced portions to be used are
identified by the black rectangles.  It is evident from Figure
5 that using the spectral flatness provides an accurate
identification of voiced segments.
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Figure 5. Speech data and spectral
flatness results using information from
Figure 4 above.
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3. RESULTS

The result of using the SAPVR measure for detection of
female-male co-channel speech is shown below in Figure 6.

0 0.5 1 1.5 2 2.5 3 3.5 4

-60

-40

-20

0

20

40

60

80

100

Time [sec]

S
A

P
V

R
 M

ea
su

re

TIR Threshold = 20 dB - Frame Length = 320

Spec Flat Threshold = 40 dB - Overlap = 0%

Figure 6. SAPVR data for female-male co-
channel speech. Usable speech is labeled
as black and unusable "co-channel"
speech is identified as gray. The SAPVR
data is shown as black rectangles.

Note, in Figure 6 that the usable speech (black) has much
higher SAPVR values, i.e., values above the SAPVR
threshold of 10, with some as large as 110, than the
unusable speech (gray). The SAPVR seems to perform
reasonably well identifying “usable” speech. The converse
is also true, in that the SAPVR is also a good indicator of
unusable speech. In this case, unusable speech would be
defined as speech that is corrupted with another speaker’s
speech, or speech where there is no structure in the spectral
autocorrelation domain, which would be the case for
unvoiced speech.

Note, TIR, as listed in Figure 6, is the Target-to-Interfere
Ratio. It has been determined previously [10] that speaker
identification is minimally degraded, i.e., a decrease of
about 15% in accuracy is observed with a TIR of 20 dB.

First, voiced-only portions of the co-channel speech
were identified and tagged using the spectral flatness
measure. Next, the SAPVR for each frame of voiced speech
was determined. Finally, a threshold of 10 for the SAPVR
was used as a measure to differentiate between usable
speech, and unusable speech, i.e., co-channel speech, where
any value below 10 indicates the existence of co-channel
speech.
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Figure 7. Detection of female-male co-
channel speech using the SAPVR measure.
Positive rectangles indicate detection
success (1.0); negative rectangles indicate
either false alarms (-0.5) or misses (-1.0).

The results of the test are shown in Figure 7 above for
female-male co-channel speech. Note that the false alarms,
i.e., -1.0 rectangles occur in the regions of transition. Also,
the majority of the missed frames occur in transition
regions.

A tabulation of the results of Figure 7 shown above
along with results from a test with male-male co-channel
speech (data not shown) are shown in Table 1 below.

Table 1. Comparison of Co-channel detection
for male-male and female-male speech.

Male-
Male

Female-
Male

Correct Speaker #1 33% 35%
Speaker #2 88% 100%
Total 52% 66%

False Alarm Speaker #1 0% 6%
Speaker #2 33% 40%
Total 14% 22%

Missed Speaker #1 67% 65%
Speaker #2 13% 0%
Total 48% 34%

SAPVR threshold = 10, 320 points, and 0% overlap.
Note – Male-Male Speaker #2 is the same as
Female-Male Speaker #2.

Some conclusions can be drawn from Table 1. First,
with an increase in the number of correct decisions there is



an accompanying increase in false alarms. Also, because
speaker #1 was male for one set of tests and female for
another set of tests, this indicates that the system is not
“gender” specific in terms of its operation, and also that the
speech of speaker #2 has some characteristics which make it
better suited for this measure.

4. SUMMARY

We have presented a novel approach for dealing with
co-channel speech by detecting segments of co-channel
speech rather than by extracting them, using enhancement
or suppression or a combination of enhancement and
suppression of co-channel speech. Initial tests indicate that
the SAPVR method shows promise as a part of a co-channel
detection system and further investigation is planned.
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