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Determination of Multiple Sound Sources - Final Progress Report - September 1, 1992 to 
August 31, 1995 

AFOSR GRANT: F49620-92-0489 

Principal Investigator: William A. Yost, PhD, Parmly Hearing Institute, Loyola University 
Chicago, Chicago IL, 60626. 

Abstract: This three-year research project had the basic aim of understanding the role of binaural 
hearing in the ability to segregate multiple sound sources in complex sound environments. There 
were four main projects undertaken over the past three years: 1) To determine the role of binaural 
cues in sound source identification, 2) To determine the role of spatial separation in processing 
amplitude modulation, 3) To develop and validate a paradigm for studying analytic and synthetic 
processing of multiple sound sources, 4) To investigate the role of echoes on the ability of 
listeners to locate and determine the sources of sound. We found that binaural cues do aid in 
sound source identification, but that the effects were much greater for three rather than for two 
sound sources. The ability to process amplitude modulation is aided, but only slightly so, by 
spatially separating the modulated sources. We developed SALT (Synthetic and Analytic 
Listening Task) for studying processing of multiple sounds and we validated its use in several 
binaural and one amplitude modulation experiments. We showed that it is the temporal rather than 
the spectral properties of a sound and its echo that give rise to the pitch that arises when an echo 
colors the perception of the original sound source. And we have begun a study of the break down 
of echo suppression by developing a new set of techniques to study echo suppression as it relates 
to localization. 

Personnel Involved(over all three years):     William A Yost, PhD—P.I. 
Stanley Sheft, PhD~Investigator 
Raymond Dye, PhD—Investigator 
James Collier-Technician 
Richard Beauchamp-Nobbs—Technician 
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THE APPENDIX - Primary Data Related to the Five Main Projects of the Grant, Determination 
of Multiple Sound Sources, F49620-92-0489 

1) Binaural Processin2 and Sound Source Determination 

Same Listener 
Letter and Number Identification 
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Figure 1. Data from 
presenting three simultaneous 
utterances for sound source 
identification and localization. 

Identification □ Localization 

Figure 1 above shows the major findings of a study to determine the role of binaural cues in sound 
source identification. Listeners were presented three simultaneous sets of words and numbers 
from three of seven possible loudspeakers. They were asked to both identify all the utterances that 
they could detect (Identification) and then to determine the spatial location of each utterance 
reported (Localization). They did this in three listening conditions: 1) In the NORMAL listening 
condition they sat in a special sound-deaden room and used all of the normal cues available when 
listening to sounds, 2) In the ONE-PHONE condition the sounds were sent by a single 
microphone placed in the room to a single headphone worn by the listener in a remote soundproof 
room. This eliminates all binaural cues. 3) In the KEMAR condition the sounds were recorded 
through the two ears of an acoustic mannikin (KEMAR) and fed to the stereo headphones of the 
listener in the remote soundproof room. KEMAR maintains many of the binaural cues used by 
humans to localize sounds. As can be seen, listeners were unable to accurately localize the source 
of the sound in the ONE-PHONE condition, but were able to identify the sounds in all three 
conditions. However, there was a substantial drop in identification performance when the sounds 
were presented over only the one headphone, thus indicating that binaural cues are important for 
identifying multiple sounds. This is further illustrated by the increase in identification performance 
in the KEMAR condition in which many of the binaural cues are maintained. The change in 
performance among these three conditions was much smaller when only two simultaneous sounds 
were presented, suggesting that binaural cues play a larger role the more complex the listening 
situation. 



2) Amplitude Modulation Processing and Spatial Separation 
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Figure 2. The basic Modulation Detection Interference (MDI) procedure top and result (bottom) 
when the sounds are all presented to the same loudspeaker or headphone. Listeners are asked to 
detect the presence of amplitude modulation for the probe occurring in the signal interval in 
three conditions: Probe Alone (PA) condition in which only the probe is present, Unmodulated 
Masker (UM) condition in which the unmodulated masker is presented simultaneously with the 
probe, and Modulator Masker (MM) condition in which the masker is modulated (with its 
envelope in phase or out of phase with the probe envelope as studied in Experiment I). The 
typical MDI result is that listeners have low thresholds in the PA condition which change little 
for the UM condition, but thresholds are elevated drastically in the MM condition. MDI in dB is 
the difference in thresholds between the MM and UM conditions, where m is the depth of 
modulation required to detect the modulated probe. MDI is usually expressed in decibels 
(differences in 20 log m). In this study and in the main condition the probe was presented to one 
loudspeaker and the masker (modulated or unmodulated) was presented to another loudspeaker. 
The spatial separation between the loudspeaker was a variable. 

When the probe and maskers come from the same location (added at the same loudspeaker) then 
there is about 11 dB of MDI. That is, the modulation of the probe is difficult to detect when the 
masker is also modulated. When the probe and masker are spatially separated, the smallest 
amount of MDI is about 8 dB. So spatially separating the probe and mask can reduce the 
interference caused by the masker, but the amount of the reduction is small. The explanation for 
MDI is based on the assumption that the modulated masker and modulated probe form a single 
auditory source based on their common modulation. As such, it is difficult to process the 



modulation of the individual components. Spatially separating the probe and masker provides only 
a small release from this interference. This suggests that modulation is a more powerful grouping 
variable in this context than spatial separation. Similar results were obtained when the masker and 
probes were presented over headphones with differing amounts of interaural differences of time 
and level. 

3) Synthetic and Analytic Listening Task 
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Thus, an "H" response indicates Analytic Listening and an "L" response Synthetic Listening. 
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Figure 3. The basic SALT procedure used in a modulation depth detection experiment. On top is 
a schematic diagram of the stimulus conditions: An amplitude-modulated tonal carrier is 
presented as the Target during the Standard stimulus and again in the Test stimulus. During the 
Test, another amplitude-modulated carrier (the Distractor) is simultaneously presented. The 
listener indicates if the Target stimulus presented during the Test is higher or lower in 
modulation depth than when it was presented in the Standard. During the Test stimulus, the 
Target and Distractor are each modulated at one often depths of modulation (five higher and 
five lower than the Target depth of modulation in the Standard). In the example shown at the 
top, an analytic listener would respond "H" or "higher" since the Target in the Test has a 
greater depth of modulation than it did during the Standard. A synthetic listener may respond 
either "L " or "H," since the Target in the Test has a greater depth of modulation and the 
Distractor a lower depth than that of the Target in the Standard. The lower the depth of 
modulation of the distractor, the more likely it is that a synthetic listener will respond "L". The 
response matrices shown below indicate an analytic and synthetic listener for the 100 possible 
combinations of Target and Distractor modulation depths. The dotted line in each matrix 
represents the linear boundary partitioning the data into two sets. The slope of this boundary is 
the ratio of the weights assigned to Targets and Distractors. 



The SALT procedure has been used to study modulation processing as indicated in Figure 3 and 
the lateralization of sounds. In the lateralization task, the target sound of one frequency is 
presented first with no interaural differences to mark midline or center. The target and distractor 
are then presented together, where the distractor is a tone of a different frequency. The target and 
distractor each can take on one often values of interaural time (or in some experiments of 
interaural level), with half of the time differences favoring the right ear and half the left ear. The 
listener's task is to decide if the target when it is combined with the distractor is left or right of the 
target when it is presented first alone. Again the data can be partition by the best fitting boundary, 
and the slope of this boundary can indicate the amount of weight the listener assigns to the target. 
This procedure has allowed us to show that the auditory system is synthetic in processing sounds 
that have the same modulation pattern. The procedure also indicates that the auditory system is 
synthetic in processing interaural differences when sounds differ by more than a critical band in 
frequency. The procedure as also allowed us to describe in a meaningful manner the individual 
differences that we measure across listeners. 

4) Temporal Basis for the Pitch of a Sound and its Echo 
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Figure 4 (on the previous page). A set of networks in which a noise input (x(t)) is delayed (d), 
attenuated (g), and added (+) back to itself one or more times (n iterations). In each case the 
network simulates the type of situation that might occur when a sound encounters reflective 
surfaces and the echoes off those surfaces are added to the original sound when it reaches the 
listener. 

The spectra of these sounds have a ripple in amplitude vs. frequency, where the depth of the 
ripple is determined by the attenuation, g; the spacing between the peaks in the spectrum is 
determined by the delay, n; and the sharpness of the spectral peaks is determined by the number of 
stages (iterations) of the delay and add networks. These spectral differences have led many 
investigators to conclude that the pitch of these stimuli is related to the spectral differences. 
However, in a series of studies we have shown that the pitch cannot be due to the spectrum, but is 
much more likely due to the temporal properties of the waveform as shown in Figure 5. 
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Figure 5. A noise waveform is represented by a series of random interval pulses. When these 
pulses are delayed and added back as described in Figure 4 the waveforms contain many 
intervals of duration dandn*d. This fact can be quantified by calculating the autocorrelation 
functions for these waveforms as is shown in the right of the figure. 



The peaks in the autocorrelation function (especially the first peak, which indicates the proportion 
of intervals in the waveform with duration equal to d) can be used to account for the pitch and 
pitch strength of a noise and its echo. Thus, it is the timing of the fine structure of these sounds 
that determines the extent to which an echo can influence the perception of the original sound. 

5) Break Down of Echo Suppression 
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Figure 6. A depiction of the condition in which echo suppression operates and one condition in 
which there is a break down of the suppression. 

In Figure 6 a train of click events or pairs is presented where each click event consists of a click 
delivered to the left loudspeaker (the source click) followed a few milliseconds by the click being 
delivered to the right loudspeaker (the echo click). As this click event is presented as a train of 
events, listeners hear a train of single clicks at the location of the left loudspeaker. This indicates 
that the trailing or echo click at the right loudspeaker has been suppressed. If after 10 or so click 
event presentations the order of the source (left) and echo (right) clicks are temporally reversed, 
listeners perceive clicks coming from both loudspeaker locations for a few moments before echo 
suppression reestablished itself and the listener again suppresses the trailing or echo click and the 
listener reports hearing a single click this time at the right loudspeaker which is now the leading or 
source loudspeaker. 

The switch that occurs when the source and echo click are reversed is not a plausible change in 
the real world. That is, echoes do not suddenly become sources and sources do not suddenly 



become echoes. A plausible switch is a situation in which the source and echo both move 
suddenly. This is what happens when a sound source moves. If this sort of "switch" is introduced, 
than there is no break down in echo suppression and the listener continues to hear a single click at 
new location of the lead loudspeaker. We have also shown that these effects operate when there 
are as many as seven echoes for a single source. In general, any plausible change in the temporal 
or spatial pattern of sound sources and echoes continues to result in echo suppression, while any 
implausible switch leads to a temporary break down of echo suppression. Such a break down of 
echo suppression can occur whenever there is an inappropriate change in the delay of a sound 
relative to its source. Such circumstances could occur in the use of virtual environments in 
providing auditory simulations. 


