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1 INTRODUCTION  
 
The scientific study of concert hall acoustics began at the turn of the XIX century with Sabine’s 
assessment of reverberation in rooms through his reverberation time (RT) metric1. Since the 1950s, 
new metrics have been proposed that measure different aspects of the sound field in a room. These 
metrics have been found to correlate well with the different subjective aspects of the perception of 
music and speech in enclosed spaces2,3,4. In concert hall acoustics, it is of importance to know the 
smallest change in any of these parameters that can be perceived. These thresholds are called 
difference limens or just noticeable differences (JNDs). Having precise JND values of different 
acoustic parameters is very useful during the design stage of a performance space, since they 
reveal if changes in materials or geometry will be perceived or not. JNDs are sometimes used to 
normalize parameter’s values that result from measurements or simulations of rooms, allowing a 
direct comparison of changes in different parameters as a percentage of their corresponding JND. 
This procedure provides a common basis for comparisons across metrics. 
 
Very few of the previous JND studies have determined specific JND values for different frequency 
ranges. The JND for reverberation time (RT) was obtained in an early effort by Seraphim5. The early 
decay time (EDT) parameter, which was introduced by Jordan6 in 1970, has a higher correlation 
with the perception of reverberance than classical RT7. Though many references assign the same 
JND to both RT and EDT, this assumption has not been formally tested. To the present day, there 
have been no studies in which the EDT JND was determined for different octave bands.  
 
The purpose of this study is to determine the EDT JND for different frequency bands. To 
accomplish this objective, impulse responses (IRs) were obtained from several North American 
concert halls using a 32-channel spherical microphone array (Eigenmike em32). A sub-set of these 
measured IRs was artificially modified to attain different values of EDT. Listening tests were 
conducted using third-order Ambisonic reproductions of the modified IRs convolved with anechoic 
music recordings and played over a 30-loudspeaker array in an anechoic chamber. 
 
2 BACKGROUND INFORMATION 
2.1 Just Noticeable Differences 

Research on JNDs of room acoustic parameters has been scattered and unsystematic. In the late 
1950s, the RT JND was determined by Seraphim using decaying band-pass noise signals with 500 
test subjects5. The JND was found to be roughly 5% of the signal’s RT, and this value is reported in 
the Annex of the ISO 3382-1:2009 standard8. Reichardt’s studies in 1960s determined the 
differential limens for the delay and level of individual reflections in an impulse response9. The 
dependence of the RT JND with frequency was studied by Plenge and his results show that the 
JND is smaller at frequencies below 1000 Hz than above this value10. JNDs of lateral energy 
fraction (LF), inter-aural cross correlation (IACC), clarity (C80) and center time (Ts) were 
determined by Cox11. A comprehensive study of different methods to determine the JND of clarity 
(C80) was undertaken by Vigeant12. In general, when the sensitivity to changes in one parameter 
was measured in these studies, changes in other parameters was relatively minimal.  
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Several recent studies have focused on finding a more precise RT JND13,14,15,16,17. Very dissimilar 
values were found by different research groups, ranging from 9% to 39% of the RT value. These 
contradictory results might be explained by the fact that the studies differ in terms of tested 
reverberation time, sound stimuli and experimental set-up. Yet, to date, no work has been proposed 
to measure the EDT JND for different frequency bands. 
 
2.2 Early Decay Time 

By the 1960s, acousticians realized that the classic RT, measured either as the decay from -5 to -35 
dB or -5 to -25 relative to the initial level, does not account well for the perception of reverberance 
during musical performances. This partial correlation between reverberance and RT is due to the 
fact that the full 60 dB decay of RT is seldom heard during a concert, and it is only the initial portion 
of the decay curve that is actually perceived. This phenomenon is currently termed running 
reverberation and several metrics have been proposed to account for it. 
 
Atal, Schroeder and Sessler conducted studies in which subjects had to match artificially 
reverberated speech and music by comparing linear and non-linear decays and found that the 
decay of the first 160 ms was more closely related with the perception of reverberance18. The early 
decay time (EDT) metric, which measures the decay rate of the first 10 dB of the decay curve, was 
proposed in 1970 by Jordan6. 
 
Contrary to RT, which is almost independent of the measuring position in a concert hall, EDT can 
change very much from one seat to the other. This situation occurs in concert halls due to the fact 
that EDT is highly dependent on the strength of early reflections, whereas RT encompasses all 
reflections, both early and late. Since our perception of reverberance is more related to EDT than to 
RT, design decisions should be based on the former. It is thus very important to know if design 
decisions that will change EDT values can be perceived or not, as indicated by the relevant JND. 
 
3 CONCERT HALL MEASUREMENTS AND AURALIZATIONS 
Previous studies of JNDs of acoustic parameters used anechoic music fed through various delay 
and artificial reverberation units11,12. The amplitudes and arrival times of a few early reflections, as 
well as the decay rate of the reverberation, could be controlled during presentation to subjects. 
While the authors of these prior investigations stated that the stimuli were natural sounding, it is 
debatable if these sound fields could actually exist in a real room. This study aims to conduct JND 
research using a physically based simulation technique and spatially accurate sound field 
reproductions using Higher Order Ambisonics (HOA). 
 
3.1 Room Impulse Response Measurements in Concert Halls 

A 32-element spherical microphone array (Eigenmike em32) was used to capture spatial room 
impulse responses (SRIR) from three North American concert halls19. A three-way omnidirectional 
sound source composed of a subwoofer, a mid-frequency dodecahedron and a high-frequency 
compact dodecahedron was used to excite the rooms. When combined, the three sources exhibit 
omnidirectional behaviour up to 5 kHz. An exponential sine sweep with several averages was used 
as the excitation signal.  
 
The measured SRIRs from these three halls represent three base cases in terms of reverberance: a 
dry hall (hall A), a hall with a typical mid-frequency RT (hall B) and a live hall (hall C). Acoustical 
and physical data of the three halls is shown in Table 1. 
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Table 1: Approximate acoustical and physical data of the measured halls (Averages performed 
according to ISO 3382-1:2009E Annex A Table A.1) 

Hall Shape Seat count Mid-frequency RT Mid-frequency 
C80 

A Fan 1900 – 2100 1.4 – 1.8 sec -0.4 – 0.1 dB 
B Shoebox Classical 2400 – 2700 2.3 – 2.5 sec -5 – -3 dB 

C Shoebox Modern 2300 – 2600 2.4 – 2.6 sec 0.5 – 0.9 dB 
 
3.2 Auralization and Reproduction of Acoustic Sound Fields Facility 

The reproduction of the stimuli and the subjective testing was performed in the AUralization and 
Reproduction of Acoustic Sound fields (AURAS) facility, using 3rd order Ambisonics reproduction. 
The facility is located at the Penn State campus (Fig. 1a), and is composed of 30 two-way 
loudspeakers placed inside an anechoic chamber. The two-way loudspeakers are distributed evenly 
around the listening position in the center of the chamber. As seen in Fig. 1b, 8 loudspeakers are 
placed at -30°elevation (measured from the horizontal plane), 12 at 0° elevation, 8 at +30° 
elevation, and 2 loudspeakers at +60° elevation to the left and right of the listener. 
 

           
(a)                                                                               (b) 

Figure 1: (a) AUralization and Reproduction of Acoustic Sound fields (AURAS) facility at Penn State 
University. (b) The 30 loudspeakers were installed at four different elevations as labeled. 
 
The dimensions of the room are 3.4 m wide, 4.3 m deep and 2.6 m tall. The foam wedges are 0.46 
m deep. Measurements in the room show that it exhibits free-field behavior down to the 200 Hz 
one-third octave band. The positions of the loudspeakers are not perfectly spherical around the 
listening position. To compensate for this situation, level adjustments and delays are applied to the 
signals of each loudspeaker and proper compensation is also included in the Ambisonics decoding. 
To compensate for the non-flat frequency response of the loudspeakers, an IR measurement of 
them was performed in a larger chamber, which exhibits a free-field cut-off at 100 Hz. With these 
data, FIR filters were developed by inverting the measured IRs. A low-frequency cut-off at 60 Hz 
was also implemented in these filters. The listener is placed in the center of the room, sitting on a 
height-adjustable chair. The ears of the subject are precisely located in the center position by 
adjusting the height of the chair. 
 
3.3 Higher Order Ambisonics (HOA) 

Ambisonics is a sound spatialization technique developed by Gerzon in 197320,21,12. At the core of 
this method is the spherical harmonics decomposition. As described below, the spatial sound field 
can be reproduced by sampling the spherical harmonics basis functions in space with 
loudspeakers. 
 
A bounded spatial pressure function can be described through its spherical harmonics 
decomposition. Spherical harmonics are solutions of the wave equation in spherical coordinates. 
The following equation describes the decomposition: 
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are the spherical harmonics. 
 
When only the spatial behaviour in the unit sphere is required, the formula simplifies to: 
 

𝑝(𝜙, 𝜃, 𝜔) = K K 𝐴12(𝜔)
1

2341

M

136

𝑌12(𝜙, 𝜃). (3) 

A sound field can be sampled with a microphone array (such as the Eigenmike), with “Q” 
microphones and encoded into spherical harmonics: 
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By performing an inverse (or a pseudo inverse) of the matrix of spherical harmonics, the vector of 
weights (“A”s) can be obtained. 
 
Once in the spherical harmonics domain, the sound field can be reproduced using “L” loudspeakers 
(such as in the AURAS facility) by sampling the spherical harmonics components at loudspeaker 
positions: 
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Once again, by performing an inverse (or pseudo-inverse) of the sampled spherical harmonics 
matrix, the vector of loudspeakers driving signals (“g”s) can be obtained. 
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4 EXPERIMENTAL METHOD 
4.1 Stimuli Generation 

When performing studies on JNDs, it is of prime importance to have sets of stimuli in which only the 
relevant acoustic parameter, in this case EDT is changed, while all other parameters remain 
constant. To change EDT, the amplitude of the early reflections of the IR must either be increased 
to shorten EDT or reduced to increase EDT. Manipulation of the early energy of the IR has an 
impact on other parameters, such as clarity. Since it is not possible to change EDT without 
modifying the early reflections, compromises must be made and changes in parameters that 
depend on the early energy have to be accepted.  
 
The SRIRs of the three selected halls were used as base cases. Changes in EDT were performed 
first on the omnidirectional or monopole spherical harmonic component, and later appropriately 
applied to all other components. To attain the specified values of EDT, the IRs were modified using 
an indirect approach. This method aims at finding a window function, which when applied to the 
original IR will make it achieve a target EDT value. This window function is then applied to all 
spherical harmonics components. 
 
The decay curve of a room can be derived through the backwards integration of the IR, as proved 
by Schroeder21. Changes could have been made by operating on the first 10 dB of the decay curve 
and then a “reverse backwards integration” could be done to obtain the modified IR. Then, the 
appropriate window function could be obtained by the division of the modified IR and the original 
one. The obtained window function is such that, when multiplied sample by sample with the IR, it 
modifies the amplitudes of individual reflections to attain the specified value of EDT. Finding the 
window function through this procedure proved to be problematic because the obtained function 
showed clipping artifacts, due to the fact that real IRs have zero-crossings. Therefore, a least-
squares fitted exponential function, which doesn’t include zero-crossings, was applied to the base 
case IRs and then backwards integrated the exponential. Modifications to the first 10 dB decay of 
this exponential were performed in this “backwards integrated domain”. The modified exponential 
was then reverse backwards integrated and divided by the original exponential, thus rendering the 
correct window function. By iteratively applying this window function to the IR and recalculating 
EDT, convergence to the target values was reached with reasonable computational effort. 
 
4.2 Changes in EDT Between Stimuli 

The results of the pilot tests indicated that the JND of EDT could be a percentage, as opposed to a 
fixed value, of the EDT, which is consistent with Seraphim’s5 findings. Working with this hypothesis, 
the base cases were processed (as explained in the previous section) introducing percentage-
based changes in EDT. 
 
Changes in EDT were performed in different octave bands. The frequency ranges are shown in 
Table 2, along with the percentage increments in EDT from the base, unmodified case in each 
condition. In the “All bands” condition, changes in EDT were made in the octave bands from 63 to 
8000 Hz. Changes in the 63, 125 and 250 Hz octave bands were introduced for the “Low bands” 
condition, and in the 500 and 1000 Hz octave bands for the “Mid bands” condition. The “High 
bands” condition had changes in the 2000, 4000 and 8000 Hz octave bands. Hall C had changes in 
all four conditions. Halls A and B had changes only the “All bands” condition.  
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Table 2: EDT changes in base case impulse responses 

Condition Octave bands 
changed (Hz) Halls Percentage changes 

All bands 63-8000  
(broadband) A, B & C 5, 15, 25, 35, 45, 60, 75 & 90 

Low bands 63, 125 & 250 C 15, 25, 35, 50, 65, 85, 100 & 120 

Mid bands 500 and 1000 C 5, 15, 25, 35, 45, 60, 75 & 90 
High bands 2000, 4000 & 8000 C 5, 15, 25, 35, 45, 60, 75 & 90 
 
When a specific frequency range was modified, no changes in EDT were introduced in other 
frequency ranges. During the pilot test, the sensitivity of listeners to changes in EDT in the “Low 
bands” condition was found to be lower. Thus, higher percentages were used for testing this 
condition. 
 
Changes in other parameters were monitored while processing the stimuli. The average change in 
C80, across all conditions and octave bands, was -1.08 dB with a standard deviation of 1.31 dB. 
Changes in reverberation time, measured as T30, were less prominent with an average change 
across all octave bands and conditions of 0.08 ± 0.11 seconds. 
 
The original and modified SRIRs were convolved with a single musical excerpt. The anechoic motif 
was a 20 second passage of Bizet’s L’Arlesienne, which is a full orchestration with strings, winds 
and timpani. The fragment is part of DENON’s Anechoic Orchestral Music Recording CD22 
 
 
4.3 Subject Selection Criteria 

Since it has been shown that the standard deviation of subject’s rating of stimuli increases when 
their hearing thresholds rise, subject’s hearing was tested for this study23. Only subjects with a 
hearing threshold of 15 dB hearing level (HL) or lower in the octave bands comprising 250-8000 Hz, 
were accepted. Subjects hearing thresholds were measured in an anechoic chamber (AURAS 
facility), with a Welch Allyn manual audiometer, type AM 232, prior to the subjective test. 
 
All participants were required to have a minimum of 5 years of formal musical training (i.e. private 
music lessons, a combination of ensemble and private lessons, etc.) and be currently musically 
active (i.e. taking private lessons and/or participating in a formal ensemble). Musically trained 
subjects have been shown to learn listening tests procedures more quickly than non-musicians24,25, 
rate stimuli more consistently26,27,28,29 and better distinguish between stimuli with small 
differences27,29,30. 
 
4.4 Listening Test Procedure 

Historically, three methods have been proposed to measure JNDs: the method of limits, the method 
of adjustment and the method of constant stimuli31. The first two methods, though simpler to 
conduct, are prone to habituation and expectation errors. The method of constant stimuli was 
selected because it can provide the most accurate estimate of the threshold when fitted with a 
suitable psychometric function32. However, this method requires taking many samples in which 
subjects compare an “anchor” stimulus and a “comparison” stimulus.  
 
Subjects were presented with the signals pairs, referred to as “signal A” and “signal B”, using a 
tablet PC with the interface shown in Figure 2. The task was to find which signal was more 
reverberant, or if they found no difference in reverberance between them. Before the test, the 
subjects were instructed to think of reverberance as “the lingering of sound in the room when the 
instruments have stopped playing”. Subjects had the option of pausing and restarting the playback, 
as well as changing from one signal to another before the excerpt finished.  
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The subjects were first introduced to the purpose of the test and an overview of the procedure 
through an informed consent form. Subjects were then presented with a set of slides, which defined 
the test procedure, and how to use the testing interface. 
 
The listening test started with one 5-question training set, in which subjects rated stimuli with 
changes in different frequency ranges and magnitudes from hall C. This initial set was followed by a 
“hidden” 9-question practice set, which was selected from a randomization of the three hall’s, 
wherein the EDT was changed for all octave bands (the “All bands” condition). This set was meant 
to provide the subjects with more practice. Only the remaining six, 9-question sets, were used to 
calculate results and were randomized from all halls and conditions. 
 

 
Figure 2: EDT JND testing interface. Anchor and comparison stimuli can be played by selecting 
“Play A” or “Play B” (order of A and B was randomized). The subject’s task is to rate the whether 
one stimuli is more reverberant than the other, or if they are equally reverberant.  
 
5 STATISTICAL ANALYSIS METHOD 
5.1 Psychophysics of the JND 

From the psychophysical standpoint, the value of the stimulus which makes 50% of the population 
of subjects consider it more reverberant than the control case is called the point of subjective 
equality or PSE. The difference limen or JND, is defined as how different the two signals must be 
for a subject to detect the difference. The method of constant stimuli aims at constructing a 
psychometric function from which the PSE and the JND can be calculated. 
 
5.2 Statistical Analysis Method 

When calculating the probability of the occurrence of an event, such as a sound being judged more 
reverberant than another, under a given set of conditions (predictor variables), the probability 
should be limited to the range of 0 to 1. Ordinary linear regression is not suitable for this constraint 
since the dependant variable values can extend from -∞ to +∞. Furthermore, linear regression 
assumes linearity and homoscedasticity, which means that the variance of the error terms is equal 
at all levels of the predictor variables. 
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Given these difficulties, a different type of regression method must be implemented. Logistic 
regression, in which the outcomes are limited to the range of 0 to 1, is better suited for this task. 
The aim of this method is to construct a sigmoid function that allows the calculation of the interval of 
uncertainty. This interval contains the region where subjects are equally likely to choose that the 
comparison stimulus is more, equally or less reverberant than the anchor stimulus. The interval of 
uncertainty can then be calculated as the distance in the predictor variable axis (percentage EDT 
change in this case) from the points corresponding to 75% and 25% probability on the regression 
curve. Finally, the JND can be obtained by dividing this interval into two. 
 
Logistic regression relates the probability (P) of an event happening with the values of several 
predictor variables. For this study, the only predictor variable is the percentage change in EDT 
relative to the control case. To construct the model, the dependent variable (Pi), which in this study 
is the subject’s response to the question of which stimuli is more reverberant, is converted into a 
logit: 

𝑙𝑜𝑔𝑖𝑡(𝑃I) = 𝑙𝑛 h
𝑃I

1 − 𝑃I
i. (7) 

This transformation linearizes the relationship between the predictor variables and the outcome (the 
logit), rendering an ordinary linear regression model: 

𝑙𝑜𝑔𝑖𝑡(𝑃I) = 𝛽6 + 𝛽8𝑥8I + ⋯ . (8) 

Since each question in the test has three alternatives (comparison more reverberant, anchor more 
reverberant or anchor and comparison equally reverberant), and the logistic regression is based on 
a dichotomous dependent variable, only the correct “A more reverberant than B” or vice versa 
answer was computed as correct and set to a value of 1. Answers of “no difference” and the 
incorrect “more reverberant” answer were counted as incorrect and set to a value of 0. 
 
The goodness of fit of the logistic regression to the measured data can be assessed by the area 
under the receiver operating characteristics (ROC) curve33. The ROC is calculated by plotting the 
sensitivity, which is a measure of the proportion of positive responses that were correctly identified, 
versus one minus the specificity, which measures the proportion of negative responses that were 
correctly identified. An area under the ROC curve of 0.5 indicates that the model doesn’t classify 
data any better than random classification does. An area of 0.7 is the minimum for considering the 
model to have an acceptable discrimination capability. 
 
6 RESULTS AND DISCUSSION 
 The data from the six test sets were analysed using logistic regression to best fit the data to a 
psychometric s-shaped function. Using this curve, the JND was obtained by taking the average of 
the values at the 25% and 75% points on the curve and the results are shown in Table 3. The 
goodness of fit of each of the fits was also assessed by calculating the area under the ROC curve, 
where 0.7 is the minimum value to indicate that the calculated curve is a good fit for the data. The 
cases where the area under the ROC exceeded 0.7 were for halls A and B, which had broadband 
changes in EDT. The broadband EDT JND as obtained from these 2 sets is close to the RT JND 
found in other studies17. A third case where the threshold of 0.7 was met was the set that 
considered EDT changes in the mid-frequencies of 500 Hz and 1000 Hz only for hall C. This JND is 
higher than for the broadband cases, which is not too surprising since differences between these 
stimuli were likely more difficult to detect than for the case when the changes were made 
broadband. For the cases where the area under the ROC was below 0.7 can't be considered 
statistically reliable. Further subjects will be tested to further investigate the EDT JND. 
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Table 3: Obtained JND and ROC for each condition (10 subjects).  

Hall  Octave bands  JND Area under the ROC 
curve 

Hall A Broadband 19 % 0.825 
Hall B Broadband 25 % 0.721 

Hall C Broadband (23 %) 0.657 
Hall C 63, 125 & 250 Hz (53 %) 0.607 

Hall C 500 and 1000 Hz 32 % 0.702 

Hall C 2000, 4000 & 8000 Hz (35 %) 0.639 
 
7 SUMMARY AND CONCLUSIONS 
The JND for EDT was studied using three measured spatial room impulse responses from three 
different concert halls. Changes in EDT were made broadband to the original SRIRs from 5% to 
90%. Changes were also applied to only the low frequencies, mid frequencies, and high frequencies 
respectively for one of the three halls evaluated in terms of broadband changes in EDT. 
The method of constant stimuli was selected to investigate the EDT JND since it has been shown to 
be the most reliable JND test method. 10 participants completed a series of training sets and then 
six actual test sets wherein they were presented pairs of signals, where the task was to identify 
which of the two stimuli was more reverberant or if there were no differences in reverberance. 
Logistic regression was used to analyse the data and preliminary results indicate that the 
broadband EDT JND is approximately 20%, but additional participants will be recruited to 
investigate the validity of these results. 
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