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In this paper, a quantitative "black-box" model is developed for use in interpreting certain data on 
binaural-masking-level differences. The basic idea of this model is that the auditory system attempts to 
eliminate the masking components by first transforming the stimuli presented to the two ears so as to 
equalize the two masking components, and then subtracting. In order to obtain results that are quantitatively 
realistic, this processing is assumed to be corrupted by various types of errors. The model is applied to data 
in which the signal to be detected consists of a pulsed tone, the masking signal consists of loud, broad-band, 
Gaussian noise, and the only differences between the stimuli presented to the two ears are those of time delay 
or amplitude (the interaural amplitude ratios being restricted to unity or zero). The results indicate that 
the ability of the auditory system to control interaural intensity ratios and interaural time delays is limited 
to accuracies of about ! dB and 150 t•sec and that the auditory system has difficulty in compensating for 
interaural time delays greater than the time it takes for sound to travel a distance equal to the width of 
the head. 

INTRODUCTION 

A. Background 

T is well-known that, when a subject is presented 
with a binaural-masking stimulus, his ability to 

detect the "target" signal will depend on the interaural 
relations of both the target signal and the masking 
signal. For example, if the masking signals presented to 
the two ears are identical and the target signals are also 
identical, the detection threshold will be approximately 
the same as for one ear alone. Reversing the phase of 
the target signal in one ear, however, may lower the 
threshold by as much as 15 dB. Such a difference in 
thresholds is referred to as a binaural-masking-level 
difference (BMLD). 

Although the amount of research on BMLD's is still 
small compared with that on monaural masking, there 
is considerable literature on this subject (see, for 
example, Refs. 1-23). Experiments have been done with 

* Operated with support from the U.S. Army, U.S. Navy, and 
U.S. Air Force. 

x J. C. R. Licklider, "The Influence of Interaural Phase Rela- 
tions upon the Masking of Speech by White Noise," J. Acoust. 
Soc. Am. 20, 150-159 (1948). 

•' I. J. Hirsh, "The Influence of Interaural Phase on Interaural 
Summation and Inhibition," J. Acoust. Soc. Am. 20, 536-544 
(1948). 

speech signals, tone signals, and noise signals (both 
pulsed and continuous), and B MLD's have been studied 
as a function of frequency, duration, bandwidth, over- 
all sound level, interaural time delay, interaural phase 
shift, interaural amplitude ratio, and interaural corre- 
lation. In some of these experiments, the signals have 

* I. J. Hirsh, "Binaural Summation and Interaural Inhibition 
as a Function of the Level of Masking Noise," Am. J. Psychol. 56, 
205-213 (1948). 

4 I. J. Hirsh and F. A. Webster, "Some Determinants of Inter- 
aural Phase Effects," J. Acoust. Soc. Am. 21, 496-501 (1949). 

5 W. Koenig, "Subjective Effects in Binaural Hearing," J. 
Acoust. Soc. Am. 22, 61 (1950). 

0 I. J. Hirsh, "The Relation between Localization and Intelligi- 
bility," J. Acoust. Soc. Am. 22, 196-200 (1950). 

7 W. E. Kock, "Binaural Localization and Masking," J. Acoust. 
Soc. Am. 22, 801-804 (1950). 

8 F. A. Webster, "The Influence of Interaural Phase on Masked 
Thresholds. I. The Role of Interaural Time Deviation," J. Acoust. 
Soc. Am. 23, 452-462 (1951). 

9 L. A. Jeffress, H. C. Blodgett, and B. H. Deatherage, "The 
Masking of Tones by White Noise as a Function of the Interaural 
Phases of Both Components. I. 500 Cycles," J. Acoust. Soc. Am. 
24, 523-527 (1952). 

•0 L. A. Jeffress, H. C. Blodgett, and B. H. Deatherage, "The 
Masking of Tones by White Noise as a Function of Interaural 
Time or Phase Displacements. 11.167 cps," J. Acoust. Soc. Am. 
25, 190 (1953). 

n L. A. Jeffress, H. C. Blodgett, T. T. Sandel, and C. L. Wood, 
III, "Masking of Tonal Signals," J. Acoust. Soc. Am. 28, 416-426 
(1956). 

•' E. D. Schubert, "Some Preliminary Experiments on Binaural 
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been presented to the listener by means of loudspeakers 
and the interaural relations have been determined by 
the actual paths in space traveled to each ear. In others, 
the signals have been presented by means of earphones 
and the interaural relations have been controlled by 
means of electronic circuitry. In still others, a dummy 
head with microphones in place of ears has been inserted 
between the loudspeakers and the earphones. In general, 
it has been found that, in order for a binaural masking 
stimulus to result in a threshold that is lower than the 

corresponding monaural thresholds, not only must the 
total stimuli presented to the two ears be different, but, 
more than that, the interaural relations of the target- 
signal components must differ from the interaural rela- 
tions of the masking-signal components. Thus, continu- 
ing with the above illustration, if, in addition to revers- 
ing the phase of the target signal in one ear, one also 
reverses the phase of the masking signal in that ear, 
the threshold will return to the same level as in the 
monaural condition. 

Despite the wealth of data on BMLD's, however, so 
far as the writer knows, there is no theory available 
(even on the level of a functional model) that (a) 
specifies the operations performed by the auditory 
system on the received signals in order to achieve these 
BMLD's and (b) is capable of predicting these BMLD's 
in quantitative detail. The theoretical work by Webster 8 
and by Jeffress, Blodgett, Sandel, and Wood, n although 
certainly constituting an important step towards such 
a theory, requires still further development with 
respect to the specification of the processes involved, 
the quantification of the basic concepts, and the ability 
to predict in detail the experimental results. The 
theoretical work by Kaiser and David, •6 on the other 
hand, is oriented specifically towards the speech- 
Time Delay and Intelligibility," J. Acoust. Soc. Am. 28, 895-901 
(1956). 

•a I. Pollack and J. M. Pickett, "Stereophonic Listening and 
Speech !ntelligibility against Voice Babble," J. Acoust. Soc. Am. 
30, 131-133 (1958). 

•4 H. C. Blodgett, L. A. Jeffress, and R. W. Taylor, "Relation 
of Masked Thresholds to Signal-Duration for Various Interaural 
Phases-Combinations," Am. J. Psychol. 66, 283-290 (1958). 

•5 I. J. Hirsh and M. Burgeat, "Binaural Effects in Remote 
Masking," J. Acoust. Soc. Am. 30, 827-832 (1958). 

•0 j. F. Kaiser and E. E. David, Jr., "Reproducing the Cocktail 
Party Effect," J. Acoust. Soc. Am. 32, 918 (1960). 

•7 j. V. Tobias and L. A. Jeffress, "Binaural Studies of Ampli- 
tude Modulated Signals," J. Acoust. Soc. Am. 32, 1506 (1960). 

•8 H. C. Blodgett, R. H. Whitworth, and L. A. Jeffress, "Effect 
of Noise in One Ear on the Masked Threshold in the Other," 
J. AcOUst. Soc. Am. 32, 1505-1506 (1960). 

•9 D. E. Robinson and L. A. Jeffress, "Effect of Noise Correla- 
tion on the Masked Threshold for Tone," J. Acoust. Soc. Am. 33, 
1655 (1961). 

s0 E. D. Schubert and M. C. Schultz, "Some Aspects of Binaural 
Signal Detection," J. Acoust. Soc. Am. 34, 844-849 (1962). 

• H. C. Blodgett, L. A. Jeffress, and R. H. Whitworth, "Effect 
of Noise at One Ear on the Masked Threshold for Tone at the 
Other," J. Acoust. Soc. Am. 34, 979-981 (1962). 

"• L. A. Jeffress, H. C. Blodgett, and B. H. Deatherage, "Mask- 
ing and Interaural Phase. II. 167 cps," J. Acoust. Soc. Am. 34, 
1124-1126 (1962). 

s0 M. B. Gardner, "Binaural Detection of Single-Frequency 
Signals in the Presence of Noise," J. Acoust. Soc. Am. 34, 1824- 
1830 (1962). 

masking-speech situation (the "cocktail-party prob- 
lem") and does not appear to be relevant to the 
results on continuous signals. The equalization-and- 
cancellation (EC) model, suggested originally by Kock 7 
and introduced in quantitative terms in a previous note 
by the writer, 24 is the subject of this paper. For a more 
complete discussion of the material covered in this 
paper and for a comparison between the EC model and 
Webster's model, the reader is referred to the writer's 
forthcoming technical report. 2• For an interpretation 
of the Huggins creation-of-pitch phenomenon in terms 
of the EC model, the reader is referred to the writer's 
recent paper on this topic. 26 

B. Basic Idea of Equalization and Cancellation 

According to the EC model, when the subject is 
presented with a binaural-masking stimulus, the 
auditory system attempts to eliminate the masking 
components by transforming the total signal in one 
ear relative to the total signal in the other ear until the 
masking components are exactly the same in both ears 
(the E process), and then subtracting the total signal 
in one ear from the total signal in the other ear (the C 
process). If this operation is performed with complete 
precision, the masking signal will be completely 
eliminated. What happens to the target signal as a 
result of this operation will depend on how the inter- 
aural relations for the target signal compare with the 
interaural relations for the masking signal. If these 
relations are identical, then the E process will also 
equalize the two target-signal components and the C 
process will eliminate not only the maskiog sig•al but 
the target signal as well. If these relations are not 
identical, then some of the target signal will be left over 
after the C process and, assuming perfect precision, 
the target-signal/masking-signal ratio will have been 
improved an infinite amount. (Those who are accus- 
tomed to thinking in terms of antenna-sensitivity 
patterns will observe that this process is nothing more 
than a generalized version of a variable "null-pointing" 
antenna: the function of the C process is to create an 
antenna pattern with a null in it; the function of the E 
process is to "point" the null in the "direction" of the 
masking signal.) 

Although the EC process is applied in this paper only 
to the binaural unmasking phenomenon_, it can 
equally well be used to explain the ability of the binaural 
auditory system to measure interaural differences. For 
example, assuming that the target signal is turned off 
and that the subject's task is to measure the interaural 
differences of the masking signal, the subject need only 

•4 N. I. Durlach, "Note on the Equalization and Cancellation 
Theory of Binaural Masking Level Differences," J. Acoust. Soc. 
Am. 32, 1075-1076 (1960). 

25 This report will appear as a Mass. Inst. Technol. Lincoln 
Lab. Tech. Rept. and will bear the same title as this paper. 

s0 N. I. Durlach, "Note on the Creation of Pitch through 
Binaural Interaction," J. Acoust. Soc. Am. 34, 1096-1099 (1962). 
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record the E transformation required to eliminate the 
masking signal and compute its inverse. By definition, 
this inverse transformation constitutes a complete 
description of the interaural relations of the masking 
signal. It is also worth noting that, under certain 
conditions, it can be shown that the EC process con- 
stitutes the main component in the mathematically 
ideal receiver for a two-channel system that does not 
occur in the ideal receiver for a one-channel system (the 
receiver being ideal both with respect to the task of 
detecting the target signal and with respect to the task 
of estimating the interaural relations of the target and 
masking signals)? 

I. INCORPORATION OF THE EC IDEA INTO 
A MODEL 

The EC idea can be incorporated into a model of 
BMLD's in a variety of ways. A brief description will 
now be given of the model used in the present paper. 

According to the above description of the EC process, 
so long as the amplitude of the target signal is greater 
than zero in at least one ear and the interaural relations 

of the target signal are distinct from those of the mask- 
ing signal, this process will provide an infinite improve- 
ment in the target-signal/masking-signal ratio. In order 
to obtain an improvement that is finite, it will be as- 
sumed that the EC process is performed imperfectly 
and, therefore, that a certain amount of masking signal 
is left over at the output of the EC mechanism. These 
imperfections will be assumed to be representable in 
the form of E errors observable at the input to the C 
mechanism and will be of two basic types: those result- 
ing from random "jitter" in the processing mechanism 
and those resulting from presentations of atypical 
stimuli that require atypical E transformations in re- 
sponse. Despite the fact that these errors will be repre- 
sented in the form of E errors, the imperfections due to 
jitter will be assumed to occur even if no E transforma- 
tion is required. In other words, even if the two masking 
signals are assumed to be identical at the inputs to the 
two ears, it will be assumed that the jitter causes them 
to be slightly different by the time they reach the input 
to the C mechanism. Two examples of atypical stimuli 
that require atypical E transformations are (a) broad- 
band masking signals that differ by an interaural phase 
shift rather than by an interaural time shift and (b) 
masking signals that differ by an interaural time shift 
greater than the time it takes sound to travel a distance 
equal to the width of the head. In general, the inter- 
ference caused by the masking signal will be assumed 
to be so intense as compared with the interference 
caused by noise that is generated internally that this 
latter source of interference can be ignored. 

In addition to postulating the existence of the error- 
•7 The relation of the EC process to the ideal receiver is discussed 

in N. I. Durlach, "Some Notes on the Ideal Receiver for a Two- 
Eared Animal in an Environment Consisting of One Target, One 
Jammer, and Receiver Noise," Mass. Inst. Technol. Lincoln Lab. 
Group Rept. 45-41-C-1 (1960). 

corrupted EC process, it will be assumed that there 
exists a bank of bandpass filters in each ear. These 
filters are intended to play the role of the "critical 
bands" and will be assumed to be the same in both ears. 

The spectrum of the target signal will be assumed to be 
contained well within the bandpass of a single member 
of this filter bank and all subsequent processing proce- 
dures will be assumed to operate on the output of this 
filter alone. 

It will also be assumed that the detection process is 
of such a nature that the subject's detection perform- 
ance is determined by the target-signal/masking-signal 
ratio at the input to the detection mechanism (hereafter 
referred to as the "signal-to-noise" ratio), and that 
when two stimulus conditions produce the same detec- 
tion performance, this ratio must be the same for the 
two conditions. The points in the system at which the 
detection mechanism will be assumed to operate and at 
which this ratio will be assumed to have significance 
are the output of the filter in the ear (the monaural 
mode) and the output of the EC mechanism (the 
binaural mode). The quantity to be used in interpreting 
the data on BMLD's will be the ratio of the signal-to- 
noise ratio at the output of the EC mechanism to the 
signal-to-noise ratio at the output of the filter in the 
ear. This ratio of ratios describes the change in the 
signal-to-noise ratio resulting from the EC processing 
and is referred to as the "EC factor." In computing 
this factor, it will be assumed that the auditory system's 
processing is of such a nature that one can average over 
the errors in the EC process before dividing the signal 
component by the noise component in forming the 
signal-to-noise ratio at the output of the EC mechanism. 
(This assumption is discussed further in Sec. V-A.) 
Finally, it will also be assumed that the auditory system 
contains a "selector mechanism" which allows it to 

choose which of various modes it will use for a particular 
type of stimulus. In general, it will be assumed that the 
selector chooses to operate in that mode which produces 
the best signal-to-noise ratio. In particular, in the event 
that the EC factor is less than unity--i.e., that the EC 
process degrades rather than improves this ratio--it 
will be assumed that the auditory system does not use 
the EC mechanism but functions monaurally. 

Aside from ignoring many important statistical 
questions, the model used in this paper ignores the fact 
that the auditory system is a biological structure. In 
other words, the auditory system is treated as a "black 
box" without regard to what is known about the 
contents of this box biologically. In particular, the 
peripheral transformations from the acoustical-input 
signals to the appropriate nerve-impulse signals are 
ignored and the computation of the EC factor is 
performed as though the signals inside the head were 
isomorphic with the acoustical-input signals. In order 
to ensure that this procedure is a meaningful one, one 
must make the additional (very strong) assumption 
that the EC process can be transformed into an image 
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process in terms of nerve-impulse signals and that the 
EC factor is left invariant under this transformation. 

In general, it is clear that, even if this model proves 
to be consistent with a large portion of psychoacoustic 
data, before it can be regarded as a serious theory (as 
opposed to a functional model), it will have to (a) be 
made more sophisticated statistically and (b) be related 
in a realistic way to the biological structure referred to 
as the "auditory system." 

II. STIMULUS CLASS TO WHICH MODEL IS 
APPLIED IN THIS PAPER 

Unless stated otherwise, the data considered in this 
paper satisfy the following constraints' (a) the target 
signal is a pulsed tone of relatively long duration 
(duration >_0.1 sec); (b) the masking signal is white 
Gaussian random noise of relatively large bandwidth 
(bandwidth _>critical band); (c) the power levels of 
the signals are relatively high (noise spectrum level 
•_ 58 dB re 0.0002 dyn/cm 2 in those experiments where 
the thresholds were obtained by varying the signal 
level, and signal level _>60 dB re 0.0002 dyn/cm 2 in 
those experiments where the thresholds were obtained 
by varying the noise level); (d) the stimuli are presented 
to the subjects by means of earphones and the interaural 
relations are controlled by means of electronic circuitry; 
(e) the signal and noise are identical from ear to ear 
except possibly for amplitude or time of arrival (the 
interaural amplitude ratios being either 0 or 1). 28 For 
noise components that satisfy constraint (e), the 
required E transformation consists of (at most) an 
interaural amplitude adjustment and an interaural 
time-delay adjustment. In applying the model to these 
stimuli, it will be assumed that the errors in the EC 
process can be represented as errors in these two param- 
eters only. The data considered arise from the work of 
Hirsh, • Hirsh and Webster, 4 Hirsh and Burgeat, i5 
Webster, 8 Jeffress, Blodgett, and Deatherage, ø.• 
Jeffress, Blodgett, Sandel, and Wood, TM Blodgett, 
Jeffress, and Taylor, TM Green, •ø and Durlach? These 

2s No distinction is made in this paper between the cases where 
the tone pulses differ by a relative phase shift and the cases where 
they differ by a relative time shift. Inasmuch as the pulses con- 
sidered have durations _>0.1 sec and the longest interaural time 
delay considered is 4 msec, this identification is assumed to lead 
to only minor inaccuracies. See also Ref. 34. 

20 The data of D. M. Green included in this paper were obtained 
directly from Green and are unpublished. Green obtained MLD's 
for tones in broad-band noise at 4000 and 250 cps. At 4000 cps, 
the spectrum level was 40 dB and the tone duration was 0.1 sec. 
At 250 cps, the spectrum level was 48 dB and the tone durations 
were 0.01, 0.1, and 1.0 sec. At 4000 cps, the MLD was determined 
for the monaural condition vs the antiphasic condition (noise in 
phase, tone out of phase) and at 250 cps, MLD's were determined 
both for these conditions and for the signal-monaural condition 
(signal in one ear only). These data violate constraint (c) in that 
the noise spectrum level was somewhat less than 58 dB. 

a0 The author's own data included in this paper were obtained 
primarily to acquaint the author with the BMLD phenomenon 
and not to extend the empirical knowledge in this field. These data 
were taken quite crudely and, if anyone intends to average the 
results obtained by different experimenters, it is suggested that 
the author's points be weighted very lightly. 

sources are denoted by H, HW, HB, W, JBD, JBSW, 
BJT, G, and D, respectively. Aside from the G data, 
which were taken at somewhat lower power levels, the 
only exception to the above system of constraints occurs 
in the data shown in Fig. 10 and discussed in Sec. V-B. 
No attention is given to variations in BLMD's due to 
variations in tone duration, bandwidth of the masker. 
or over-all power level? In the event that the original 
data were presented for a number of tone durations 
>_0.1 sec or a number of masking-signal bandwidths 
>_ critical band, the results have been averaged. a2 Aside 
from the implicit loss of information in this averaging 
process, the data presented in this paper include all the 
data the writer could find that satisfy the requirements 
(a)-(e). 

III. COMPUTATION OF THE EC FACTOR 

According to previously stated assumptions, the total 
stimulus into ear j (j= 1,2) can be represented by 

yj(t) = sj(t)q-n•(t) , (1) 
where 

sj(t)=a•sx(t--rjs)=signal to ear j, 

nj(t)- aj•m(t--r•n)= noise to ear j. 

The functions x(t) and re(t) represent the signal and 
noise waveforms, the constants ajs and a•n represent the 
amplitude factors, and the constants r•s and r•n repre- 
sent the time-delay factors. The following notation is 
used throughout the remaining discussion' 

an = a2n/aln, as = a•s•/als, a = 

Tn: T2n--Tln, Ts-- T2s--Tls, T-- Tn•Ts, 

Ignoring for the moment the action of the filter in 
the ear, one can represent the output Y(t) of the EC 
mechanism, corrupted by the amplitude errors • and 
the time-delay errors •, by 

Y (t) = aln (1 -- e2)y• (t-- r in-- 
--a2n(1--el)yl(t--r•n--bl)=S(t)+N(t), (2) 

where 

S (t) = alnas• (1 -- es)x (t-- r ss-- r 
--a•nal•(1--el)x(t--r•--r2•--bl)=signal after EC, 

N (t) = a lna2n[ (1 -- e2)Wt (l-- r 2n-- r in-- 1•2) 
-- (1--•l)m(t--rln--r•n--l•l)•= noise after EC. 

Inasmuch as the EC factor is independent of the 
absolute magnitude and time delay, Y(t) can be re- 
placed by a function of the form A Y(t--to) (where A 

a• In genera], it has been found that there is a slight increase in 
BMLD's as (a) the tone duration decreases (see BJT, JBSW, G) 
and (b) the over-all power level increases (see H). The variation 
of BMLD's with the bandwidth of the masker is, in the writer's 
opinion, still somewhat unclear (see HW, W). 

a2 The points for BJT presented in this paper represent averages 
for tone durations between 0.1 and 0.5 sec; the points for G at 
250 cps represent averages for tone durations of 0.1 and 1.0 sec; 
the points for HW at 250 cps represent averages for masker 
bandwidths of 234 and 6250 cps. 
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Fro. 1. Schematic diagram of EC process. The EC factor measures 
the change in signal-to-noise ratio in going from yj' (t) to Y (t). 

and to are arbitrary constants with A ya0) without 
changing the final results. In other words, letting qj 
denote the amplitude factor used to multiply yj and 
letting Aj denote the time-delay factor used to delay yj, 
the important quantities are the interaural factors 
q=q•/q•. and A= A•--zX•.. When q=a,• and A= r•, one 
has N (t) = 0 and Y (t) = S (t). [-In the above representa- 
tion, qj=ak•(1--e•) and/X•-rk•+•, where k-1,2 and 
kya j. Thus, the conditions q--an and A= r• are equiva- 
lent to the conditions e•= •. and/5•-- •..-] If, in addition, 
one has a- 1 and r- 0 (so that q and A also equalize the 
signal components), then S(t)=0 and the signal will be 
canceled out along with the noise. To the extent that 
x(t) is periodic of period T, the condition S(t)-0 will 
also occur when a- 1 and r is a multiple of T. 

Using the same letter to denote the Fourier transform 
of a function as was used to denote the time function, aa 
one can rewrite Eqs. (1) and (2) in the frequency 
domain as 

yi(co) = s•(co) + n•(co) , (3) 
where 

sj(co)=ai•x(co) exp(--icori•)=signal to ear j, 

n•(co)=ai,•m(co) exp(--icori•) =noise to ear j, 
and 

Y (co) = a• (1-- e,.)y,. (co) expE-ico(r•+•,.)'] 
- a2• (1- e•)y• (co) exp[-- ico (r•.•+ •) ] 

= +;v ½), (4) 
where 

S(co) = x(co) { a•,•a•.• (1-- •) expE-ico (r•.•+ r i,,+ •.)'] 
- a•.•a• (1-- e•) expE-ico(ri,+r•.,•+•)']} 

= signal after EC, 

N (co)= a•,•a•.,•m(co) expE-ico(r•,•+r•.,,)] 
X E(1- •,.) exp(-icois,.)-(1-•) exp(-ico•)-] 

-noise after EC. 

Using a prime to denote the result of passing a 
stimulus through the filter in the ear, one can account 

a3 It is assumed here that all stimulus functions are defined to 
be zero outside the time interval during which the stimuli are 
observed so that the Fourier transforms of these functions are 
sure to converge. 

for the action of the filter by merely substituting 
y/, s/, n/, x', and m' for yj, sj, n•, x, and m, respectively. 
Inasmuch as x(co) has been assumed to be contained well 
within the passband of the filter, one has x'=x and 
s/=s•. Note, in addition, that, to the extent that the 
filter is narrow band and the noise function m' at the 

output of the ear is periodic of period T, the noise func- 
tion N at the output of the EC mechanism will be 
approximately zero not only when • • •2 and/5• •/5•., but 
also when e•. and /5•--•. is approximately equal to 
a small multiple of T. (Exactly how small this multiple 
must be will depend on the bandwidth or, equivalently, 
the correlation time of m'.) A schematic diagram of the 
EC process is shown in Fig. 1. 

Making use of the assumption that the appropriate 
signal-to-noise ratio at the output of the EC mechanism 
is obtained by averaging over the errors • and/Sj before 
dividing the signal component by the noise component, 
one can write the EC factor f• as 

- EC factor for ear j, (5) 

where Av denotes the average over the errors and ( • 
denotes the average over the noise ensemble m'. Assume 
now that (a) e•, e•., •, /5•. are statistically independent 
random variables of mean zero and variances v•'=vq•' 
=•,•' and •'=•'=•'; (b) /5• and /5•. are Gaussian; 
(c) the change in cos(cot)exp(--co•'• •') across the fre- 
quency span of I m½)l" is srnn; (d) the change in 
exp (--co•,•') across the frequency span of {I m' (co) l •'> is 
small. a• Letting coo denote the center frequency of x(co) 
and letting v-2j--3, one can then show that, approxi- 
mately, 

(1 +a TM) (1 + •,•')-- 2a • cos (co0r) exp (-- co0• •') 
fj= . (6) 

2E t + •,'.- exp (-co 0"•,")• 

Thus, f• is seen to be a function of the relative interaural 
time delay r, the relative interaural amplitude ratio a, 
the center frequency coo, and the error variances •," and 
•,..a•.ae If, instead of assuming that /5• has the mean 

a• The quantity cos(o•r) exp (--o•¾• •) occurs in the expression for 
Av S(o•) • and the quantity exp(-o•¾• •) occurs in the expression 
for Av(N(o•) •). Assumptions (c) and (d) permit one to make the 
approximations Av S(o•)l• x(o•) • andAv( N(o0 •)• (m'(o,) I •) 
and lead to the cancellation of the factors J' x(o•)•do• and 
f(Im'C,o)l•>d,o when the ratio f• is formed. Assumption ,(c) is 
equivalent to the assumption that one can ignore the edges in 
S (t) resulting from the incomplete overlap of the two tone pulses 
and that one can confine one's attention to the central region 
where the amplitude of S(t) is affected by the relative phase of 
the pulses. 

• Although Eq. (5) defines fi as a ratio of energy ratios, to the 
extent that the envelope of x(t) is rectangular and the edges of 
S (t) can be ignored (see Ref. 34), fj can be equally well regarded 
as a ratio of peak-square-signal/mean-square-noise-power ratios. 

a• The representation of the EC output Y given by Eqs. (2) 

 Redistribution subject to ASA license or copyright; see http://acousticalsociety.org/content/terms. Download to IP:  18.62.11.34 On: Fri, 30 Sep 2016 16:25:46



T HEORY OF B INAURAL MASKING 1211 

value zero, it is assumed that/•j has the mean value •,j (and that •d' is the variance of/•i around •'i), one obtains 

(1-+-a sv) (1-+-•?)- 2a v cos[-w0 (r-+-•)-] exp (- w0sv, s) 

2[-1-+-,?- exp (-w0s•d ') cos (w0•) sin (B•/2)/(B•/2)-]' 
(7) 

where •'=•-•2 and B= bandwidth of m'(w). For this 
last equation to be valid, one must replace cos(wr) by 
cos[-w(r+•)• in assumption (c) and augment assump- 
tion (d) by the assumption that (I m' (w) l s) is a rectangle 
centered on coo. The bandwidth B is then defined as the 
over-all extent of this rectangle. Whereas Eq. (6) gives 
the EC factor for the case where the errors are regarded 
as being caused solely by the jitter, Eq. (7) includes the 
possibility of a bias error •, in the interaural delay 
factor A. The latter equation is used in Sec. V-B in 
discussing data in which r, exceeds the timewidth of 
the head. 

IV. APPLICATIONS 

A. Relation of the EC Factor to BMLD's 

In all the experiments considered here, the procedure 
was essentially the following' 

(a) A set of experimental conditions E was defined. 
(b) A particular value p of detection performance 

was chosen. 

(c) For each of the conditions E, both the input- 
signal levels and the input-noise levels were the same 
in both ears, or the input-noise levels were the same in 
both ears and the signal level was zero in one ear, or 
both the signal level and the noise level were zero in 
one ear. Thus, aside from specifying which of these 
conditions occurred, the input signal-to-noise ratio 
could be specified by a single positive number r. 

(d) For each condition E, the input signal-to-noise 
ratio r was adjusted until a value r(E) (the masked 
threshold) was determined that produced the chosen 
value p of detection performance. 

(e) Two conditions, E and E', were then compared 
by considering the ratio r(E)/r(E') (referred to as the 

masking-level difference' for the conditions E and 

Making use of the assumptions that the detection 
procedure is of such a nature that the detection per- 
formance is determined by the signal-to-noise ratio at 
the input to the detection mechanism and that the 

and (4) and the corresponding formula for the EC factor f•- given 
by Eq. (6) differ from those presented in the writer's previous 
notes. These differences result from the fact that in the previous 
notes the E transformation was pictured as operating on only one 
of the two ear channels and the errors were associated with that 
channel only. For the stimuli considered in these papers (and for 
the values of •' and •a •' that are obtained by fitting the data), 
these differences are negligible provided one relates the old values 
a,, •' and •,•' of the error variances to the new values ,,= and •= by 
the formulas •,,== 2• = and •,==2• =. The only exception to this 
statement occurs in the comparison of the variance of the ampli- 
tude errors with the results on just-noticeable differences in 
interaural intensity (see Sec. V-C and Ref. 47). 

auditory system only makes use of the EC process 
provided that by doing so it improves the signal-to- 
noise ratio, one has 

r (E)/r (E') = fj (E')/f• (œ) 

r(E)/r(E') = f i(E') 

r(E)/r(E')= 1/f i(E) 

r (E)/r (E') = 1 

for fi(E)_> 1 
and fi(E') >_ 1; (8a) 

for f i(E')_> l 
and fi(E)<l; (8b) 

for f •(E') < 1 
and fj(E)_> 1; (8c) 

for f i(E') < 1 
and fj(E) < 1. (8d) 

In these equations, fi(E) and fi(E') are the EC factors 
for the conditions E and E', with j being chosen as the 
ear in which both signal and noise are present. [-If signal 
and noise are present in both ears, then the subscript j 
can be omitted since f•= fs by (c) above.• 

One particular pair of conditions for which no com- 
parison data are given here is (a) signal and noise 
presented to one ear only and (b) identical signal 
components and identical noise components presented 
to both ears. It is well-known that these two conditions 

produce the same masked threshold unless the noise 
level is very low? That this should be the case is 
predicted by the theory [Eq. (6) with a= 1 and r=0•, 
but would also be predicted by almost any other theory. 
In considering the G data, the results obtained for 
condition (a) are spoken of as though they had been 
obtained for condition (b). 

B. Antiphasic vs Homophasic as a Function of 
Frequency (Identical Noise in Both Ears) 

The two stimulus conditions compared in this appli- 
cation are defined as follows: 

Eu: an=a•=l, r•=r•=0 
(referred to as Homophasic); (9) 

E•t : a•= a•= 1, r•= O, r•= ,r/coo 
(referred to as Antiphasic). (10) 

The results of experiments comparing Eu and Ea are 
shown in Fig. 2. Defining Z(wo,•,,•) by 

z= 2 exp(-wo•s)/[-l+•S-exp(--woS•s) -] (11) 

and applying Eqs. (9) and (10) to Eq. (6), one obtains 

f(E•) = l+z. (13) 

a7 For data comparing these two conditions at high noise levels, 
see, for example, BJT and HB. 
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EMPIRICAL CURVE A h 

THEORETICAL CURVE V HB 

+ w 

[Eq. (14) with o-• = 0.?_5 end o8= 1051•sec] X HW 
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Fro. 2. Masking-level difference r(E•)/r(E.O as a function of coo. 
Data obtained from H, HB, W, HW, JBD, BJT, JBSW, G, D. 

Noting that f(E•)>_ 1 and f(E•)>_ 1 for all •, •,, and 
coo, and applying Eq. (8a), one concludes that 

r(E•)/r(E.•)= f(E.4)f f(E•)= l+z. (14) 

Choosing v• =0.25 and v,= 105/•sec leads to the best-fit 
curve (obtained by eye) shown by the solid curve in 
Fig. 2? 8 If the scatter in the data is ignored, this curve 
provides an adequate representation of the data up to 
about w0/2•r= 1200 cps. Above 1200 cps, whereas the 
theoretical curve goes asymptotically to 0 dB, the 
empirical curve (represented by the dashed line) appears 
to flatten out at about 3 dB? This divergence between 
the theoretical curve and the data at frequencies above 
1200 cps and the result that v•=0.25 and v,= 105/•sec 
are discussed in Secs. V-A and V-C. 

C. Antiphasic vs Signal-Monaural and Homophasic 
vs Signal-Monaural as Functions of Frequency 

(Identical Noise in Both Ears) 

The conditions E• and E• considered above are now 

compared to the condition 

Esau: a•=l, a•=0, r•=0 

(referred to as Signal-Monaural). (15) 

The results of comparing E• and E• with Es• are 
shown in Fig. 3. The difference between the open and 
solid points gives the quantity r(E•)/r(E•), considered 
in Fig. 2. What is new here is the relation of these points 
to the threshold r(Es•), represented by the line at 0 dB. 
According to the model •Eqs. (15) and (6)•, the EC 
factor f2(Es•u) is given by 

f2(Es•u) = (l+•2)/2•l+•--exp(--w0•')•. (16) 

s8 The values 0.25 and 105 usec for v• and v0 correspond to the 
values 0.36 and 150 usec used in the writer's previous notes; i.e., 
V2(0.25)•0.36 and V2(105)• 150 (see Ref. 36). 

s• This statement ignores the slight periodicity evident above 
1200 cps. Whether this periodicity is "real" or whether it is due 
merely to "experimental scatter" remains to be seen. (Note also 
the periodicity at high frequencies in Fig. 10.) 

r (EsM)/r (E A) (open data points) •,,• H 
V,• HB 

r (Esl •) / r (E N) (solid data points) O,e BJT 
THEORETICAL CURVE O,e G 

[Eqs. (19) - (22) with o-• = 0.:>5 and %= 105psec] 
• • THEORETICAL CURVE 

_[Eqs. (19} and (20) with •= 0.25 and %= 105psec] 

• • o 

ioo iooo lO, OOO 

•o/2. (cps) 

FIG. 3. Masking-level differences r(Es•u)/r(E.4) and r(Es•u)/r(En) 
as functions of coo. Data obtained from H, HB, BJT, G. 

Unlike f(E•) and f(E•), the factor f2(Es•u) can assume 
values less than unity' 

f2(Es•u)<l if and only if w0>w00(•,•), (17) 

where 

w0e(v,va) = solution of the equation 
1+o-• -ø= 2[-1 +•2-- exp (-- w0•)•. (18) 

Combining Eqs. (11), (12), (13), (16), (8a), and (8b) 
with relation (17), one obtains 

r(Es•)/r(E•) = f(E•)/f•(Es•u) 
= 2•1+•--exp(--w0•ø-)•/(1+•), (19) 

r(Es•u)/r(E.•) = f (E•t)/f 2(Es•) 
=2[-l+•,S+exp(--co0s•,s)• (1+•,2), (20) 

provided w0_<w00(•,,•,); 

r(Es•u)/r(E,) = f(E,)= 1, (21) 

r(Es•u)/r(E.•)= f(E•) = l+z, (22) 

provided w0> w00(•,•,). 

THEORETICAL CURVE /• H 

8 [ Eq. (26) with o•-- 0.25 end %= 105 psec ] 

.--- 0 

i.. _ 

o 0.4 o.s 

r s (msec] 

o 3o 60 90 izo 15o i8o 

coo rs (deg) 

Fro. 4. Masking-level difference r(Es•u)/r(E•) as a function of 
with r, =0 and •o0/2•r= 200 cps. Data obtained from H. 
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THEORETICAL CURVE 

[ Eq. (25) with I+ z fitted to points 
16 

-75.0 -2 4 -I 8 -I 2 -0 6 0 

THEORETICAL CURVE 

[Eq. {25) with o'œ= 0.25 and o•-- 105 p,ec] 

-180 -144 -108 -72 -36 

at •0• = ñ 180ø] 

// 
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•o•rs (deg) 

Fro. 5. Masking-level difference r(E•)/r(EI) as a function of r• 
with r,=0 and co0/2•r= 167 cps. Data obtained from JBD. 

Using the same values •=0.25 and •,= 105/•sec that 
were used to produce the solid curve in Fig. 2 leads to 
the value w00/2r• 1200 cps ['Eq. (18)• and to the solid 
curves shown in Fig. 3 ['Eqs. (19)-(22)-]. Had it not 
been assumed that the auditory system switches to the 
monaural mode when the EC process degrades the 
signal-to-noise ratio [-so that Eq. (8a) would be valid 
independently of the values of fy and Eqs. (19) and (20) 
would be valid for all coo-], the theoretical curves would 
be given by the solid curves up to 1200 cps and by the 
dashed curves above 1200 cps. The fact that the pairs 
of theoretical curves tend to converge at the higher 
frequencies whereas the data points do not is merely a 
restatement of the problem considered in connection 
with Fig. 2; however, the values to which they converge 
and the relation of these values to the values at which 

the open and solid data points converge is new. 

D. Variation in the Interaural Time 

Delays of the Signal and Noise 

In the data considered in Sec. IV-B, the interaural 
time delay r• of the noise was zero and the interaural 

I I-I=D I THEORETICAL CURVE 

I = I 
I ------ THEORETICAL CURVE [ 
I [Eq. (25) with I+ z fitted to point I 

3 J at Oo rs = leOO ] I 

I I 
0 72 

2.0 3.0 4.0 5.0 

-r s (msec) 

144 216 288 $60 

•ors (deg) 

Fro. 6. Masking-level difference r(E•)/r(EI) as a function of 
with r,-0 and co0/2•r = 200 cps. Data obtained from D. 

o JBD 

THEORETICAL CURVE 

[ Eq. (25) with o•= 0.25 and (•= 105 psec ] 
...... THEORETICAL CURVE 

[Eq. (25)with I+z f,tted to points at •o r =- 180 ø] 

[ (a) L (b) 
16[- 'r'n = 0 --o o-o.• .o i rn= -0.2 msec 

• j (c) 
Z 16 F 'rn=-0.4 msec 

oI I • • , • 

I (d) 
rn=-0.6 msec 

(e) rn= -0.8 msec 

:'•• 
-08 0 0.8 

(f) 'rn=-1.0 msec 

J/•• 

-0.8 0 0.8 

r s (msec) 

-,80 0 ,80 -,80 0 

mots (deg) 

7. Masking-level difference r(EH)/r(EI) as a function of r• 
and r,• with w0/2•r= 500 cps. Data obtained from JBD. 

time delay r• of the signal was either zero or half a 
period of the signal tone. In this section, data are 
considered for the more general condition 

Ez(r•,r,•)' a•=a•= 1, r• and r• arbitrary. (23) 

The conditions considered in Sec. IV-B are related to 

this condition by E•=Ez(0,0) and E•=Ez(,r/w0,0). 
The experimental results comparing Ez to Eu and to 
Es:u are shown in Figs. 4-9. Figure 4 gives the quantity 
r(E•:u)/r(Ez) as a function of r• for r•=0 and 
w0/2•r= 200 cps. Figures 5 and 6 give r(E•)/r(Ez) as a 
function of r• for r,0 and w0/2•r= 167 and 200 cps. 
Figures 7 (a) through 7 (f) give r(E•)/r(t?z) as a function 
of r• for w0/2,r=500 cps and various values of r•. 4ø 
Figures 8 and 9 give r(E•)/r(Ez) as a function of r• for 
r•=0 and w0/2•r=500 and 167 cps. J]The points at 
r•= =t=,r/wo in Figs. 5, 6, and 7 (a) constitute the same 
sort of data as that shown in Fig. 2, and the points at 
r•= 0 and r•= r/coo in Fig. 4 constitute the same sort of 
data as that shown in Fig. 3.-] Applying Eq. (23) to 

40 In Figs. 7 (a)-(f), the shifts in the noise were actually accom- 
plished by means of an R-C phase-shift network. Although, in 
general, one cannot identify shifts of this type with time shifts 
(because of the nonzero width of the critical band), in the present 
paper, these particular data are treated as though the R-C phase 
shifts were actually time shifts. A justification of this treatment 
will be presented in a later paper where the writer will consider in 
detail the results of applying the EC model to phase-shifted noise. 
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I THEORETICAL CURVE 0 JBD 
[Eq. (25) with o-( = 0.25 end o'8= 105 psec] 

) .......... THEORETICAL CURVE 
) (o•= 0.25, o-8= 105psec, h-O.9msec end •)/2w'-IOOcps 

• m - see text and footnote 43) 

_411 I I I 1• I 
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Fro. 8. Masking-level difference r (E•i) /r (E i) as a function of r• 
with rs=0 and coo/27r= 500 cps. Data obtained from JBD. 

Eq. (6) and making use of Eq. (11), one obtains 

f(Et)= l+z sin•(wor/2). (24) 

Observing that f(Et)>_ 1 for all values of e•, e,, coo, and 
r, and combining Eqs. (8a), (8b), (11), (12), (16), and 
(24) with relation (17), one concludes that 

r(Ei•)/r(Er) = f (Et)/f (Ei•)= 1-+-z sin•(wor/2), (25) 

r(Es•t)/r(Et) = f (Et)/f•.(Es•t) 
= 2[-lq-•/- cos (c00r) 

X exp (-c00•eo •) •/(1 +e?), (26) 

provided coo_<cooo(tr,tr,) ; 

r(Es•s)/r(Et)= f(Et) = 1-+-z sina(wor/2), (27) 

provided c00> c000 (e,,e,). 

Letting e,=0.25 and e,= 105 tasec as in Secs. IV-B and 
IV-C leads to the solid curves shown in Figs. 4-9. [-In 
Fig. 4, Eq. (26) has been used rather than Eq. (27), 
since 200 cps <c000(0.25, 105 tasec)/2*r.] Choosing z so 
that lq-z fits the data at the "antiphasic" points 
r= -4-*r/coo leads to the dashed curves in Figs. 5-7 and 9. 
A comparison between the data and the dashed curves 
enables one to evaluate the model's ability to inter- 
polate in r, given the value at r=-4-*r/c00. (In Fig. 8, 
the dashed and solid curves were indistinguishable.) 
Clearly, the most significant discrepancy between the 
theoretical curves and the data in Figs. 4-9 occurs in 
Fig. 9. Not only do the solid and dashed curves differ 
by over 9 dB at r•=,r/co0, but the dashed curve provides 
an extremely poor interpolation. A somewhat less 
dramatic discrepancy, but one, nevertheless, of con- 
siderable interest, occurs in Fig. 8, where it is seen that 
the amplitude of the second cycle in r• is slightly smaller 
than the amplitude of the first cycle, and the maxima 
occur slightly displaced from the values r,,=,r/coo and 
r,,= 3,r/coo. These discrepancies in Figs. 8 and 9 (and 

the dotted curves in these figures) are discussed in 
Sec. V-B. 

V. DISCUSSION 

A. Discrepancies between the Theoretical Curves 
and the Data for Large (o0 

The implications of the discrepancies between the 
theoretical curves and the data for coo/2,r> 1200 cps 
(Figs. 2 and 3) are important both for auditory theory 
in general and for the EC model in particular. 4t As far 
as general auditory theory is concerned, one is obliged 
to integrate the fact that the antiphastic condition EA 
produces a threshold 3 dB lower than the homophasic 
condition Eu at frequencies at least as high as 5000 cps 
with the commonly held notion that the auditory 
system is insensitive to interaural phase at these 
frequencies. As far as the EC model is concerned, the 
discrepancies between the theoretical curves and the 
data imply at least one of the following conclusions: (a) 
the basic idea of the EC process is inappropriate at the 
higher frequencies; (b) certain of the technical assump- 
tions employed in deriving the theoretical equations 
are inappropriate at the higher frequencies; (c) eo 
and/or e, must be allowed to vary with frequency at 
the higher frequencies. 

As far as allowing eo and/or e• to vary with frequency 
is concerned, although, in general, this is not an un- 
reasonable hypothesis, the specific variation that is 
required to eliminate the discrepancies in Figs. 2 and 3 
appears extremely unlikely. Specifically, one finds that 
even if e• is permitted to go to zero at the higher fre- 
quencies, in order to make up the 3-dB error, one must 
assume that eo decreases as coo increases. Despite the 
fact that the data indicate that the interaural phase is 

[ THEORETICAL CURVE 
[Eq. (25) with o-(= 0.25 and o-8:105 psec] 0 dBD 

/ ...... THEORETICAL CURVE 

[Eq. (25) with I+ z fitted to point at moa n = 180 ø] • 1 .......... THEORETICAL CURVE 
'" 16 •-[Eq. (25) with I+z fitted to r(EH)/r(E A ) point in Fig 2] 

0 0,4 0.8 1.2 1.6 2.0 2.4 2,8 3.2 

•n (msec) 

o 3o so • )20 )50 meo 

% •n (deg) 

Fro. 9. Masking-level difference r(E•i)/r(Ei) as a function of r• 
with rs=0 and coo/2,r= 167 cps. Data obtained from JBD. 

4z In addition to the results shown in Figs. 2 and 3, J. V. Tobias 
has also reported that r(E•i)/r(E•)•3 dB at the higher fre- 
quencies (private communication). 
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a significant parameter at the higher frequencies, the 
idea of assuming that •, actually decreases as w0 in- 
creases appears to the writer as rather absurd. 

As far as the technical assumptions used in deriving 
the equations are concerned, perhaps the leading 
candidate for a source of trouble is the assumption that 
one can average over the equalization errors before 
forming the signal-to-noise ratio at the output of the 
EC mechanism. Even if this ordering of the operations 
is correct for the processing that takes place in the 
subject's auditory system (i.e., the auditory system 
stores the received signal and runs it through the EC 
mechanism a number of times and then averages the 
results before detection), it is, at best, only an approxi- 
mation to the correct ordering for the total processing 
procedure resulting from the subject's auditory process- 
ing combined with the experimenter's handling of the 
subject's (or subjects') reports. In general, if one takes 
into account the behavior of the experimenter as well 
as the behavior of the subject's auditory system, it is 
clear that the correct ordering will be either to do (a) 
all the averaging after forming the signal-to-noise ratio 
or (b) some averaging before and some after. In this 
paper, the averaging operation was performed first 
merely for the sake of mathematical convenience: it was 
much easier to compute the quantity 

than to compute the quantity 

A preliminary analysis of the latter expression indicates 
that, if fj had been defined by using the latter expression 
instead of the former, the fit at the higher frequencies 
would have been improved; however, this work has not 
yet been carried far enough to permit any definite 
conclusions?' The fact that the high-frequency asymp- 
tote of the theoretical curve for r(Eu)/r(E•) has to be 
0 dB so long as one retains the use of the former expres- 
sion and assumes that •, is bounded away from zero 
can be understood intuitively by merely noting that, 
if w0•, is permitted to become large, the average effect 
of the subtraction on both the target-signal components 
and the masking-signal components will be to add the 
components incoherently. In other words, both the 
target signal and the masking signal will be 3 dB greater 
after the subtraction and the net gain for the antiphastic 
condition over the monaural (or homophastic) condition 
will be 0 dB. (This same line of reasoning can also be 
used to interpret the crossover frequency woo defined in 
Sec. IV-C in connection with the Es.u condition' for 

42 This preliminary analysis was performed by D. Middleton 
at the request of the writer. 

wo<woo, the quantity o•0•, is sufficiently small to make 
the cancellation beneficial; for w0>>w00, the quantity 
w0•, is so large that the cancellation is equivalent to 
incoherent addition and the result is merely to add 3 dB 
of noise; at w0=w00, the quantity w0•, is such that it 
doesn't matter whether one cancels or not.) 

Assuming that the EC process is found to be in- 
appropriate at the higher frequencies, in the writer's 
opinion, the process that is most reasonable to assume 
for its replacement is the process of observing interaural 
intensity differences. Speaking qualitatively, the results 
in Figs. 2 and 3 for c00/2rr> 1200 cps can be explained 
in terms of this process as follows. When noise alone is 
present, the intensities in the two ears will fluctuate, 
but they will fluctuate together and the instantaneous 
interaural intensity ratio will always be unity. When 
a homophasic signal is added, this condition will remain 
unchanged. The only effect of adding the signal will be 
to change the over-all level. Thus, the intensity con- 
figuration in the homophasic case will be the same as in 
the monaural case. In the antiphasic case, however, 
although the interaural ratio of average intensities will 
still be unity (since the addition is incoherent), the 
instantaneous interaural intensity ratio will, in most 
cases, be different from unity. If the relative phase of 
the signal and noise are such that they add in the left 
ear, they will subtract in the right ear, and vice versa. 
In general, the interaural-intensity ratio will fluctuate 
around unity, the magnitude of the fluctuation depend- 
ing upon the signal-to-noise ratio and the rate of fluctua- 
tion depending upon the effective bandwidth of the 
noise. Assuming that the response time of the auditory 
system is sufficiently fast with respect to the fluctuation 
rate to enable the auditory system to observe these 
deviations from unity, the auditory system will have 
the opportunity of observing instantaneous changes in 
level from one ear to the other, in addition to observing 
changes in levels in each ear alone (as in the homophasic 
and monaural conditions). Moreover, the interaural 
change in level caused by the addition of the signal in 
the antiphasic case will frequently be greater than the 
monaural change in level caused by the addition of the 
signal in the homophasic and monaural conditions. In 
the signal-monaural condition, the situation is similar 
to the homophasic and monaural conditions in that the 
change in level caused by the addition of the signal will 
be of the same magnitude as in these conditions, but it 
is similar to the antiphasic condition in that the com- 
parison of levels can be made from ear to ear as well as 
from time to time. If one assumes that the crucial 

factor is the magnitude of the change in level rather 
than the continuous presence of the reference level, 
then the signal-monaural condition should produce the 
same results as the homophasic and monaural 
conditions. 

One important virtue of this process is that it resolves 
the apparent contradiction between the fact that the 
auditory system is insensitive to interaural phase at 
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the higher frequencies and the fact that changing the 
interaural phase of the target signal by 180 ø changes 
the detection threshold by 3 dB at the higher fre- 
quencies. Although the difference between the homo- 
phasic stimulus EH and the antiphasic stimulus EA is 
certainly one of interaural phase, the variable to which 
the auditory system responds, according to this process, 
is the resultant interaural-intensity difference. (Those 
readers who are familiar with Webster's model 8,n,25 will 
observe that the process being discussed here is nothing 
more than the amplitude-domain counterpart of that 
model.) 

A detailed analysis of this intensity-difference model, 
as well as a report on the results of redefining fy in the 
EC model in the manner discussed above, will be pre- 
sented in a subsequent paper. 

B. Discrepancies between the Theoretical Curves 
and the Data for Large • 

Restricting attention for the moment to the 167-cps 
data in Fig. 9, one can increase the model's consistency 
with this data by assuming that the errors in the EC 
process increase with increasing r• for r•>0.6 msec. 
The choice of 0.6 msec as the point at which the errors 
begin to increase over their "normal" values is suggested 
by the following observations' (a) 0.6 msec is the point 
at which the BMLD stops increasing with r• and takes 
on the approximately constant value of about 4 dB; 
(b) 0.6 msec is the point at which the data and the 
theoretical curve obtained by fitting lq-z to the 167-cps 
point in Fig. 2 (shown by the dotted curve in Fig. 9) 
begin to diverge; (c) 0.6 msec is approximately equal to 
the timewidth h of the head. Inasmuch as the difference 
between the solid and dotted curves represents nothing 
more than an elaboration (in r•) of the difference 
between the theoretical curve and the 167-cps point 
in Fig. 2 (assumed to be due to "experimental scatter"), 
the fact that the dotted curve goes through the points 
at 0.3 and 0.6 msec indicates that there is no need for 
varying the error characteristics as a function of r• for 
r•_<0.6 msec. (It is assumed, for simplicity, that the 
ears are labeled in such a way that one always has 
r•>_0.) The notion that the auditory system should 
perform the EC process less precisely when the com- 
pensating delay/x is required to be greater than h does 
not appear to the writer as particularly surprising. In 
a natural environment, the greatest r• error encountered 
(discounting reflections from the external environment) 
is r•= h; presenting the subject with a stimulus in which 
r•> h makes extraordinary demands on his processing 
system. (A test stimulus in which rs> h is also atypical, 
but it makes no atypical demands on the processing 
system.) What is perhaps more surprising, and what 
now needs to be reconsidered in the light of the 167-cps 
data, is the fact that the 500-cps data are fitted as well 
as they are by the solid curve in Fig. 8. If one assumes 
that the errors in the EC process increase with in- 

creasing r• for r•> h in the same way at 500 as at 167 
cps, then the BMLD's in Fig. 8 should be substantially 
different than they actually are at the larger values 
of Tn. 

One possible procedure for interpreting the 500-cps 
data within the constraint _< h is to make use of the 
fact that the bandwidth • of the noise (after the filter 
in the ear) is relatively small and to assume that the 
auditory system attempts to compensate with delays 
of the form /x= r•--2•rK/wo (K a positive integer). If 
r•>h, but - I •-2rK/w01 <h has an integral 
solution K, then (ignoring the errors due to jitter) the 
auditory system can compensate for r• with 
--2rK/wo without ]/x I exceeding h. The degradation in 
the EC factor caused by the "modulo error" •,= 2•rK/wo 
will depend on the correlation time of the noise and be 
determined by the factor •K/wo. If no such K exists, 
then the best the auditory system can do within the 
constraint I/x[_<h is to make use of a bias error of the 
form '•=2•rK/wo+'•', where the integer K is chosen 
such that the "residue error" •,' is as small as possible. 
The results of applying these ideas to the data in Fig. 8 
are shown by the dotted curve. This curve has been 
computed by use of Eq. (7), supplemented by the 
postulate that the system functions monaurally when 
the EC factor is less than unity. The values of • and 
used are the same as those used for the solid curve, i.e., 
0.25 and 105 usec, and the values of h and • (obtained 
as best fits) are h=0.9 msec and •/2•r= 100 cps. 4a The 
value/•/2•r= 100 cps appears to be in good agreement 
with the results of experiments measuring the width of 
the critical band directly. 44 

Aside from the exaggerated value of h obtained from 
the 500-cps data (a value that is too large by about 
25%), the chief remaining problem presented by the 
data in Figs. 8 and 9 consists in the model's inability 
to explain the 4-dB plateau in Fig. 9. Inasmuch as the 
maximum value of r• considered in Fig. 9 is only 
r/wo, if one assumes that the constraint Il_< h applies 
to the 167-cps stimulus in the same way as to the 
500-cps stimulus, then the BMLD should decrease very 
rapidly to 0 dB beyond r•= h and remain there through- 
out the remaining interval of r•. One can, of course, 

43 The solid and dotted curves in Fig. 8 coincide for r•_<0.9 msec 
because there is no bias error for r•_<h--0.9 msec. The portions 
of the dotted curve in the intervals 1.1 msec_<r•_<2.9 msec and 
3.1 msec<_r•<_4.0 msec are obtained by inserting the modulo 
errors •,=2•r/co0 and •,=4•r/co0 into Eq. (7) and applying the 
postulate that the system functions monaurally when fi < 1 in the 
intervals 1.9 msec_<r•_<2.1 msec and 3.8 msec_<r•_<4.0 msec. 
The portions of the dotted curve in the intervals 0.9 msec_< rn_< 1.1 
msec and 2.9 msec_<r•_<3.1 msec involve the use of residue 
errors •,'. 

44 See, for example, D. D. Greenwood, "Auditory Masking and 
the Critical Band," J. Acoust. Soc. Am. 33, 484-502 (1961); J. A. 
Swets, D. M. Green, and W. P. Tanner, Jr., "On the Width of 
Critical Bands," ibid. 34, 108-113 (1962). Note, in particular, the 
result in the latter paper that, if the critical-band filter is assumed 
to be rectangular [-as was assumed in the derivation of Eq. (7)•, 
the width at 1000 cps is approximately 100 cps. (In general, it has 
been found that the width of the critical band is essentially con- 
stant between 500 and 1000 cps.) 
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Fro. 10. Masking-level difference r(E•l •)/r(E•l) as a function of w0. 
Data obtained from H, HB, HW, JBD, BJT. 

throw out this constraint for both sets of data and 

assume that when r•> h, zX still follows r•, but that the 
jitter factors •, and •a increase with r•. In this case, 
however, one must make the additional assumption 
that the functions •,(r•) and •a(r•) depend on the 
frequency w0. 

One further point concerning the 167-cps data that 
may be highly significant is that the difference between 
the data and the dotted theoretical curve in Fig. 9 can 
be used to predict certain results for out-of-phase noise. 
For example, letting EA,, denote the condition where 
the signal tone and masking noise are presented 
identically to both ears except for an interaural phase 
shift of ,r in the noise (a second antiphasic condition), 
this difference can be used to predict the BMLD 
r(EA,•)/r(E•) as a function of frequency coo. Specific- 
ally, the value of r(En,,)/r(En) at the frequency coo is 
given by the difference between the data and the dotted 
curve in Fig. 9 at the delay r•=rr/wo. Data on the 
BMLD r(En,•)/r(EA) are shown in Fig. 10. The results 
of subtracting the empirical curve in Fig. 9 (the dotted 
curve up to 0.6 msec and the dot-dash curve from 0.6 to 
3.0 msec) from the theoretical curve (dotted) are shown 
by the solid curve in Fig. 10. Although the EC model 
has not yet been developed far enough to provide a 
detailed explanation of this rather remarkable result, 
the basic idea that these two types of BMLD's should 
be closely related can be understood in terms of the EC 
model as follows. First, noting that the out-of-phase 
noise constitutes an unnatural stimulus, assume that 
when the noise is presented out of phase, rather than 
just adding the two signals, the auditory system 
compensates for the phase shift by using an interaural 
delay of half a cycle and then subtracting. In other 
words, for any given frequency coo, assume that the 
auditory system responds to the stimulus/•t.• in the 
same way as to the stimulus Ez(O,rr/wo). With this 
assumption, the difference between the thresholds r (/•) 
and r(En,•) can be ascribed to the following two factors: 
(a) the decorrelation in the noise caused by the delay 
zX= r/coo and the nonzero bandwidth •; (b) the increase 
in the errors caused by the requirement that l/x[ be 
greater than h when r/coo>h. Assuming that it is the 

second of these factors that dominates, one can then 
interpret the behavior of the BMLD's in Fig. 9 and the 
BMLD's in Fig. 10 as being caused by the same basic 
phenomenon; namely, the degradation in the EC 
process caused by the requirement that [zX[ be greater 
than h. One final point to note here is that, even without 
a detailed theoretical explanation of the coincidence 
between the data and the curve in Fig. 10, if one is 
willing to assume that this result is not a pure accident 
and is not dependent on the fact that the data in Fig. 9 
happen to be taken at 167 cps, one can use this result 
to predict results of the type shown in Fig. 9 for fre- 
quencies other than 167 cps. In other words, at the 
frequency coo', the BMLD r[-E•(O,r•)-]/r(E•i) for 
r•_<r/coo' should be given by r(E•,•)/r(EA) at the fre- 
quency wo=rr/r•. Whether or not this prediction will 
prove to be a reliable one remains to be seen. 

An interesting experiment that might provide some 
insight into whether or not the data in Figs. 9 and 10 
can really be explained in terms of the headwidth 
limitation would be the following: (a) perform binaural- 
masking experiments of the type shown in Figs. 9 and 
10; (b) using the same subjects that were used for the 
masking experiments, determine whether or not the 
auditory system is capable of adapting to an artificially 
large value of the headwidth h by fitting out the sub- 
jects with earphones and widely separated microphones 
and requiring these to be worn continuously for a pro- 
longed period of time45; (c) assuming that the subjects 
adapt to the enlarged value of h (a condition that could 
be tested by localization experiments), repeat the 
binaural-masking experiments and observe how the 
results compare with those obtained before the adapta- 
tion period. If the adaptation part of this experiment 
proved to be successful so that the total experiment 
could be completed, the results would provide a good 
test as to the validity of the above interpretation of 
the data in Figs. 9 and 10. 

A detailed discussion of the application of the EC 
model to data in which the noise is phase-shifted rather 
than time-shifted will be presented in a later paper. 

C. Comments on the Values q•=0.25 and 
qa = 105 ttsec 

In the previous sections, the parameters • and • 
were treated primarily as "fitting constants" and no 
attention was given to whether or not the values 
obtained for these parameters were reasonable ones in 
terms of how these quantities were defined. In order to 
evaluate the credibility of the model, one must, among 
other things, evaluate the credibility of these values. 
The experiments that appear to be most relevant for 
this purpose are those that measure just-noticeable 

45 For the results of some work on the ability of the binaural 
auditory system to adapt to "artificial ear locations," see R. Held, 
"Shifts in Binaural Localization after Prolonged Exposure to 
Combinations of Atypical Stimuli," Am. J. Psychol. 68, 526-548 
(1955). 
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differences (jnd's) in interaural intensity and interaural 
time delay. Although a comprehensive discussion of the 
jnd results is beyond the scope of this paper, there are 
a few simple observations that can be made that give 
a rough indication of how these results compare with 
the values obtained for e• and e•. Remembering that e• 
and e• were defined so as to represent the rms errors in 
a single channel, the values that must be compared with 
the jnd's are lq-4e• 2 and V•e,. 46 Inserting e•--0.25 into 
the former expression leads to a value of 1 dB for 
comparison with the jnd in interaural intensity. 47 In- 
serting e•= 105 usec into the latter expression leads to 
a value of 150usec for comparison with the jnd in 
interaural time. (Inasmuch as the values e•=0.25 and 
e,= 105 usec were initially obtained by fitting the data 
in which the noise was presented identically to both 
ears, the most appropriate jnd data to consider is that 
in which the reference signal is the same in both ears.) 
Although the detailed results on the jnd in interaural 
intensity depend upon the specific characteristics of the 
experiment, the bulk of the data appears to fall in the 
region 0.5 to 2 dB. 48 The data on the jnd for time are 
even more varied, and one can find results ranging all 
the way from 5 to 100 usec (all for signals containing 
low-frequency components). In the writer's opinion, 
however, the overwhelming evidence is that the relevant 
comparison figure is of the order of 5 to 40 usec. 4ø Thus, 
whereas the value for • appears to be very closely 
related to the corresponding jnd, the value for e, appears 
to be about an order of magnitude larger than the 
corresponding jnd. One problem that should not be 

40x/•o-,={Av[(t•l--t•.o.)2•} « is the average time deviation 
between the noise components after the E process and l q-4a? 
• Av[- (1 -- e•)2/(1 -- e2)• is the average ratio of the intensities of 
the noise components after the E process. 

47 In the asymmetric formulation of the EC process used in 
Refs. 24 and 26, the average ratio of intensities was given by 
1-½a•,•'= lq-2a•=0.5 dB (see Refs. 36 and 38). 

4a See, for example, A. W. Mills, "Lateralization of High- 
F•equency Tones," J. Acoust. Soc. Am. 32, 132-134 (1960); also 
further unpublished work by Mills. 

49 See, for example, A. W. Mills, "On the Minimum Audible 
Angle," J. Acoust. Soc. Am. 30, 237-246 (1958); J. V. Tobias and 
S. Zerlin, "Lateralization Threshold as a Function of Stimulus 
Duration," ibid. 31, 1591-1594 (1959); R. G. Klumpp and H. R. 
Eady, "Some Measurements of Interaural Time Difference 
Thresholds," ibid. 28, 859 (1956). 

overlooked in considering these comparisons is the 
following' whereas the jnd values describe the ability 
of the auditory system to observe interaural differences, 
the e• and e• values describe the ability of the system 
to control interaural differences. In general, the task of 
control presents a very different problem than the task 
of observation. 

Finally, it should be noted that the value V•- 150 
usec is very close to the values obtained by Webster 
and by Jeffress, Blodgett, Sandel, and Wood for the con- 
cept of a minimum-detectable interaural time deviation 
occurring in Webster's model. This point is discussed 
further in the writer's technical report. 2' 
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