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ABSTRACT 

 
A novel approach to co-channel speaker separation is 
presented here.  The technique uses the statistical properties 
of combinations of high Target-to-Interferer Ratio (TIR) 
speech segments, which were extracted from a 0 dB overall 
TIR co-channel utterance.  The problem is broken down into 
making three simpler decisions.  First, closed-set speaker 
identification technology is used on combinations of high TIR 
speech segments to determine which speakers are generating 
the co-channel speech.  Next, the proportion of segments 
belonging to each speaker is estimated using a bimodal 
model.  Lastly, a maximum li kelihood decision is made as to 
which two combinations of segments best represent the two 
speakers.  Using this approach at least one of the speakers 
could readil y be identified when the speaker contributed a 
segment that was 160 ms or more in length. Once the speakers 
were determined, greater than 90% reliable speaker separation 
was obtained.  

 
1. INTRODUCTION 

 
The traditional approach to co-channel speech processing has 
been to enhance the target speech, to attenuate the interfering 
speech, or to both enhance the target speech while attenuating 
the interfering speech.  Thirty years of these approaches has 
produced limited results.  However, recently a novel approach 
to co-channel speech processing has been proposed using the 
concept of usable speech. 
 
Within a co-channel utterance, where both speakers are 
contributing the same overall energy, there exists several 
segments of speech where one of the speakers is 20 dB or 
more above the other speaker. It has been shown that when 
the target speaker is at least 20 dB greater then the interfering 
speaker, 80% reliable identification of the target speaker can 
be obtained [1].  Hence, these segments with a high Target-to-
Interferer Ratio (TIR) may be considered usable with respect 
to speaker identification. 
 
Recent advances in co-channel speech processing have 
produced several usable speech measures [2] [3] [4].  These 
measures have high correlation with TIR of co-channel 
speech. Such measures are necessary to determine usabilit y in 
an operational environment, since a priori knowledge of the 
TIR probably will not be available. 
 
Since there would exist usable speech segments of both 
speakers, there needs to be a way of separating what segments 
belonged to which speaker.  A reliable speaker identification 
system would be one method that could accomplish this task.  

However, a significant challenge with using these “usable” 
speech segments is that the speaker identification system 
generall y does not perform well with segments of speech shorter 
than 350 ms [5]. Unfortunately most segments of usable speech 
are less then 350 ms.  
 
To increase the reliabilit y of the speaker ID system, with respect 
to segment length, combinations of the usable segments can be 
used. Theoreticall y one could test all of the possible 
combinations of usable speech segments, then the two best 
scores of combinations should represent the two speakers. 
However, this approach does not yield good results due to 
confounding from the other speakers in the training set. 
 

2. METHOD 
 
To reduce confounding, the decision process is broken down 
into three simpler decisions. First, the speaker ID system is used 
on combinations of usable speech segments to determine which 
speakers are generating the co-channel speech.  The idea behind 
this technique is to take advantage of the fact that, given a large 
sample of usable segments, the two highest frequencies of a 
histogram of the top scores produced by the speaker ID system 
represent the two speakers.  Generali zations can readil y be made 
when more then two people are talking. 
 
 
 
 
 
 
 
       Usable Segments 
 
 
                Speaker A's Segments 
 
                Speaker B's Segments 
 
Figure 1. System Block Diagram 
 
The success of this technique relies on being able to obtain 
enough reliable scores from the speaker identification system.  
This amounts to being able to obtain enough long segments.  
Fortunately segments greater then the necessary three 40 ms 
frames in length are common in co-channel speech [6].  
 
The second phase of this process is to determine the li kely 
proportion of segments contributed by each speaker. This 
involves generating a histogram of all 38 speakers in the speaker 
identification system’s training set and fitti ng it to a theoretical 
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bimodal distribution.  The individual means of each term of 
this distribution are then computed.  Since we know the total 
number of segments k, the mean values of each component in 
the distribution can be used as an estimate of the proportion of 
frames contributed by each speaker [7].  
 
Since two speakers produce the usable segments, one would 
expect to have a bimodal distribution of the scores.  The two 
modes would represent the centers of mass of the two 
speakers.   
 
Each of the combinations in these pairs would have two 
scores, produced by the speaker identification system, 
associated with them. These scores would be with respect to 
the two speakers determined in the first part of the process 
discussed above.  These scores are then adjusted by 
multiplying them by the arithmetic mean of the spectral 
flatness measure of the frames contained in the combination. 
 
Next, a weighted average is taken of the scores of each 
segment contained in the combinations of disjoint pairs.  This 
average is computed by first multiplying the score of each 
segment by the number of frames contained in it, adding the 
segments together, and then dividing by the total number of 
frames contained in the two combinations. 
 
Finall y, the disjoint pair that had the smallest weighted score 
was selected as the pair that represented speaker A and 
speaker B.  This decision in effect separates the segments.   

 
To obtain the usable speech segments, several pairs of spoken 
sentences were taken from the TIMIT database. The longer 
fil e in each pair was truncated to make both fil es the same 
length and the fil es were then combined at 0 dB overall TIR 
to form the co-channel utterance.  
 
It should be noted that in an operational environment it is 
highly unli kely that two speakers would be talking over each 
other during every utterance.  In addition, each utterance 
would not be exactly the same length or TIR.  The reason for 
this approach was to capture the worst possible scenario, with 
respect to both speakers, that one could reasonably expect in a 
co-channel environment. 
 
Once the co-channel utterance was formed it was broken 
down into 40 ms frames with no overlap.  The usable 
segments, contiguous frames that had greater than 20 dB TIR, 
were then extracted.  These parameters were later used to 
obtain a better threshold in the final decision process [8]. 

 
Next, the usable segments, the individual frames that 
comprised the segments, and the individual utterances that 
formed the co-channel data were passed through the speaker 
identification system.  Thirty-eight speakers were in the 
systems training set, which included the two talkers forming 
the co-channel utterance.  The training set consisted of five 
sentences for each speaker from the TIMIT database. Lastly, 
the scores obtained from the speaker identification system 
were then processed with the separation system discussed 
above.  
 

To examine any variabilit y that may exist between male-over-
male and female-over-female co-channel speech, the above 
procedure was performed with 12 pairs of female-over-male 
utterances, as well as, 11 pairs of both male-over-male and 
female-over-female speech.  Hence, each female that was paired 
with a female was also paired with a male and vise versa.   
 
To control the variabilit y between the dialect regions, four 
speakers, two male and two female, where randomly selected 
from each of the six major dialect regions.  This approach 
follows the Latin Square method of experiment design for 
controlli ng two possible sources of error [9]. Research has 
shown that, provided the utterances are the same length, the 
characteristics of usable speech depend more on the speaker 
than on what is being said [10]. 

 
3. RESULTS 

 
Figure 1 below shows two histograms with each of the 38 
speakers in the training set being the bins.  The figure on the left 
corresponds to results of the top, lowest, scores for all the pairs 
of combinations.  The figure on the right corresponds to results 
of the top two scores.  
 
As one can see from the histograms shown below, speaker 13 
has almost twice as many low scores than any of the other 
speakers in the training set.  In addition, taking the top two 
scores doesn’ t seem to produce better results, but the difference 
between the two can be useful.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
This information can be used to derive a level of significance for 
the decision. The situation is equivalent to fli pping an unfair 
coin 45 times and considering the probabilit y of a specified 
number of hits/heads i.e. the binomial law. Hence, from the 
above example, we can reject the null hypothesis and accept the 
hypothesis that speaker 13 is one of the speakers at the 99% 
confidence level. 
 
This research has found that in order for this decision to be 
valid, the speaker has to contribute at least one segment that is 4 
or more frames in length.  This is why only speaker 13 is 
prominent in the histogram.  Fortunately, current research 
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Figure 2. Histograms of top scores for all possible 
pairs of usable segments 



indicates that there is roughly a 50% chance that an utterance 
will contain such a frame.  Thus, after a few utterances, one 
can reliably decide which two speakers are creating the co-
channel speech. 
 
By considering histograms for the top scores of combinations 
of three or more one can obtain a high level of significance. If 
pairs didn’ t show a high enough level of significance one 
would try combinations of three, since the only way to 
reduced the probabilit y of making a type-I error is to increase 
the sample size. 
 
The next step in this process was to estimate the proportion of 
segments contributed by each speaker. Figure 2 below 
ill ustrates how this was accomplished. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
The authors believe there are two li kely reasons for the 
success of this modal.  First, since the scores are basicall y 
Euclidean distances, it would seem reason able that the 
concentration of their values would fall by an inverse square 
law.  Second, this technique is, in principal, very similar to 
using the Gaussian Mixture Model in that samples are being 
taken from multiple distribution with different means [11].  
However, since there are only 38 samples/scores a more 
appropriate mixture would make use of Student’s t 
distribution, which is an inverse square law [12].  This 
distribution is commonly used for small sample sizes and 
asymptoticall y approaches the normal distribution as the 
sample size increases. 
 
For each of the 34 experiments performed this technique 
correctly identified the proportions of segments from each 
speaker. The 1 out of 10 segments that were incorrectly 
identified were in part due to the use of the speaker ID system 
in deciding which of the disjoint pairs of combinations best 
represented each speaker. 

 
 
 
 

4. CONCLUSIONS 
 

The above results demonstrate that, under the appropriate 
conditions, a speaker identification system can be used to 
identify as well as separate usable speech segments.  Speaker 
identification does, however, necessitate having adequate 
training data, which in an operational environment may not be 
available.   

 
The necessary conditions for using this technique include; at 
least one of the segments should have a high reliabilit y, which 
depends on its normali zed score, length, and energy; and the 
segments should be contiguous; the number of frames separating 
each segment should be as small as possible.  

 
The entire system could be used for situations where there are 
more then two people talking.  Probably the most significant 
downsides to using this approach are its computational 
complexity and the fact that at this time it cannot run in real 
time. It is always necessary to first collect and process at least 
10 usable segments first in order to make reliable estimates.   

 
5. FURTHER RESEARCH 

 
An improved understanding of how the characteristics of usable 
segments and their combinations effect the scoring of the 
identification system will l ead to choosing a better decision 
threshold.  

 
The speaker identifications system could possibly be further 
optimized for speech segments.  Further, a specific type of 
closed-set speaker identification system was used to separate the 
segments.  It is conceivably possible that other classifiers could 
be used and could even be more effective.   

  
Perhaps the most promising approach that should be explored 
would be to include in the weighting scheme the value of the 
TIR or, equivalently, the value of a usable speech measure.  It 
seems intuiti ve that there would exist different degrees of 
usabilit y as opposed to the simple dichotomy of good and bad.  
For example, frames slightly below the threshold, which were 
adjacent to a segment meeting the threshold, would most likely 
be useful. 

 
Further, the various artifices that comprise the process can have 
useful appli cations by themselves.  The system that estimates the 
proportion of segments contributed by each speaker could 
conceivably serve as a speaker counter that would count the 
number of speakers in multi co-channel speech, such as, 
counting number of people talking in a room.   
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Figure 3. Histogram of top scores for all combinations 
of three usable segments 
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