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1 INTRODUCTION 
 
Research into the subjective attributes that contribute to the perceived spatial impression of concert 
hall acoustics and the objective measurements that may relate to these has been in progress for a 
large number of years. From this, it has been broadly agreed that spatial impression consists of 
apparent source width (ASW) and listener envelopment (LEV)1. However, despite the research that 
has been conducted into objective measurements that relate to these attributes, a consensus has 
not yet been reached about the most suitable measurement technique to employ. This is indicated 
by the fact that they are included as an appendix and are not contained in the main body of the 
current International Organization for Standardization (ISO) document2. In addition, the reader is 
given a number of options to choose from, with no indication of the relative merits of each. 
 
The main measurement types that are suggested are based on either lateral fraction or cross-
correlation metrics. Whilst both of these have their uses, the authors believe that the cross-
correlation measurements are more universally applicable due to the fact that they quantify the 
properties of the signals that arrive at the ears3. Therefore this paper focuses primarily on 
measurements that are based on the interaural cross-correlation coefficient.  
 
Although a great deal of research has been undertaken into the interaural cross-correlation 
coefficient as a predictor of the perceived spatial impression of concert halls, it is apparent that 
there are still a number of limitations to its application. Firstly, it has been shown that the results of 
the interaural cross-correlation coefficient vary greatly across the width of a concert hall, as shown 
by de Vries et al4 and Okano et al5. It was found that for frequencies above 500 Hz, measurements 
that were made within 1 metre of the centre line were very different to the measurements that were 
made in the rest of the hall and that, for frequencies down to 125 Hz, the area of anomalous results 
extended to 5 metres from the centre line. It has also been shown that the interaural cross-
correlation coefficient does not always accurately follow the perceived spatial impression in all 
cases, especially at low frequencies5.  
 
It is possible that these limitations of the interaural cross-correlation coefficient are not due to 
inherent problems with the cross-correlation calculation itself, but that they are caused by the 
manner in which the measurements are applied. The most common methods that are employed for 
making measurements of the interaural cross-correlation coefficient in concert halls are based on 
quantifying the properties of a measured impulse response. These are then subdivided into the 
segments of the impulse response that are thought to affect the apparent source width, and the 
segments of the impulse response that are thought to affect the listener envelopment. 
 
However, recent research has indicated that this might not be the most appropriate method of 
applying these measurements. This paper examines this topic in more detail, and gives preliminary 
results from a subjective experiment to investigate one particular topic. 
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2 QUANTIFICATION OF THE PROPERTIES OF AN IMPULSE 
RESPONSE 

 
Objective measurements that relate to the perceived spatial impression of concert hall acoustics are 
commonly conducted by analysing the properties of measured impulse responses, as 
recommended by ISO 33822. This is a logical method of making such measurements, as a large 
number of factors can be derived from such an impulse response. 
 
However, whilst this is an established method, it may not necessarily be relevant for relating 
objective measurements to a perceivable effect. The reason for this is the dissimilarity between an 
impulsive signal and the majority of the types of programme material that will be produced in a 
concert hall during performances. 
 
The differences in the durations of a transient, wide-band impulse and a relatively continuous tonal 
musical signal cause the reverberant space to be excited differently. The effect of the duration of 
source signals on the measured interaural cross-correlation was investigated by Yanagawa, 
Yamasaki and Itow6, who found that continuous steady-state signals caused the measured 
interaural cross-correlation to vary rapidly at first, before reaching a steady state. In contrast, 
measurements of transient signals never reached a steady state.  
 
The difference in the frequency spectrum between wide-band impulsive signals and tonal musical 
signals also causes the reverberant space to be excited differently. This means that the direct 
sound of the musical signal will interact with the reflections in a manner that depends on the precise 
frequency content of the signal, as well as the reflection pattern of the acoustical environment. 
Small variations in either of these parameters may cause a significant change in the measured 
result, as was found by the authors in an investigation of the fluctuations in interaural time 
difference that were created by the interaction of a direct sound and a single reflection7. In this case, 
the sound source signal was found to have a large effect on the measured results, and as the 
fluctuations in interaural time difference influence the resulting interaural cross-correlation 
coefficient3, it is apparent that the sound source signal also affects the measured cross-correlation.  
 
These differences between transient and musical signals mean that measurements of the interaural 
cross-correlation coefficient in concert halls give different results if musical or impulsive signals are 
employed, as found by Griesinger8. He observed that the interaural cross-correlation that was 
measured by using a musical signal usually gave lower values than if the corresponding impulse 
response was measured. 
 
The purpose of the measurement is usually to predict the perceived effect that will be caused by 
musical stimuli that are produced in the concert hall. If the measurement result of a musical stimulus 
was similar or could be derived directly from the measurement of the impulsive stimulus (i.e. without 
convolving a musical signal with the impulse response), then a measurement of the impulse 
response may be sufficient to predict the perceived spatial effect of musical stimuli. However, the 
differences between wide-band transient impulsive signals and the more continuous tonal musical 
signals mean that the measurements made of each of these signals can give different results when 
all other conditions are identical. In view of this, in order to predict the subjective effect of a musical 
signal in a specific concert hall under measurement, it appears that it would be preferable to use a 
musical signal for the measurement (or to use specifically created test signals whose salient 
characteristics are similar to those of a musical signal). 
 
 
3 DIVISION OF THE SOURCE-RELATED AND ENVIRONMENT-

RELATED ASPECTS OF A SOUND 
 
In order to generate objective measurement results that match the established subjective attributes 
of ASW (which is related to the source) and LEV (which is related to the perceived acoustical 
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environment or reverberation), a value is required for each of these factors. This is usually obtained 
by dividing the impulse response at 80 ms after the direct sound. From this, the characteristics of 
the impulse response before 80 ms are related to the perceived attributes of the sound source, and 
the characteristics of the impulse response after 80 ms are related to the perceived attributes of the 
reverberant environment. 
 
This cut-off at 80 ms for measurements that relate to spatial impression was proposed by Barron 
and Marshall, and resulted from their investigation of the spatial impression that was caused by a 
direct sound and a single reflection9. They found that the perceived spatial impression was almost 
invariant with a delay time of 8 to 90 ms. They hypothesised that a reflection beyond 80 ms may be 
perceived to be a disturbing echo with a musical stimulus, and therefore they used this value as the 
maximum limit of the lateral fraction measurement that was later specifically related to the ASW. As 
a continuation of this research, the work that was conducted by Bradley and Soulodre indicated that 
the LEV was affected by the later arriving reflections10. From this, it was concluded that the late 
lateral fraction measurement should quantify the properties of the reflections that arrive beyond the 
80 ms cut-off that was used for the early lateral fraction measurements. 
 
A similar division was also developed to separate the source and environment related aspects of 
interaural cross-correlation measurements. Hidaka, Beranek and Okano found that measurements 
of the interaural cross-correlation coefficient in concert halls gave similar results when measured 
from the arrival of the direct sound to between 50 and 200 ms later11. Therefore, based on these 
results, they selected a cut-off at 80 ms in order to match the lateral fraction measurements. This 
resulted in the following two metrics: IACCE3 calculated the interaural cross-correlation coefficient of 
a binaural impulse response from the arrival of the direct sound to 80 ms later and was specifically 
related to the apparent source width; IACCL3 calculated the interaural cross-correlation coefficient of 
a binaural impulse response from 80 ms after the arrival of the direct sound to 750 ms after the 
arrival of the direct sound and was related to the diffusivity or envelopment of the reverberation 
(which may be interpreted as being similar to listener envelopment). 
 
It is apparent from this that the specific value of 80 ms after the direct sound for the division 
between the source-related and environment-related segments of the impulse response was based 
on this being the threshold of the perception of disturbing echoes with musical stimuli. However, it 
must be questioned whether this is actually the case for a wide range of auditory stimuli.  
 
Firstly, it must be considered whether the reflection that arrives beyond 80 ms after the arrival of the 
direct sound is the first reflection. If the first reflection arrives at the listener 100 ms after the arrival 
of the direct sound, then it may be perceived to be an echo. However, if there were other earlier 
reflections, then the particular reflection after 100 ms is unlikely to be perceived to be an echo, 
unless it has a particularly high amplitude12.  
 
Secondly, the probability of a reflection being perceived as an echo is dependent on the 
characteristics of the direct sound13. This is mainly a factor of the temporal characteristics of the 
signal, with reflections being perceivable as echoes as early as 3 ms after the direct sound for 
clicks14, and as late as 175 ms for music15. These examples relate to a reflection of equal level to 
the direct sound, whereas in real acoustical environments the reflection will usually be at a lower 
level than the direct sound16. In this case, the delay time of the threshold of the perception of an 
echo will be longer. 
 
Therefore, it can be seen that the use of the value of 80 ms after the arrival of the direct sound as a 
division between reflections that may cause a perception of an echo is somewhat arbitrary, as it is 
dependent on a number of factors. 
 
It has also been shown that the two time segments do not affect the perceived source width and 
envelopment independently. Bradley and Soulodre found that the apparent source width was also 
affected by the properties of reflections that arrived beyond 80 ms after the direct sound10. The 
research of Morimoto and his colleagues has also indicated that the reflections that arrive before 
the 80 ms cut-off can affect the listener envelopment, and those that arrive after the 80 ms cut-off 
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can affect the apparent source width1. Therefore it is apparent that a single time-based division of 
an impulse response at 80 ms after the arrival of the direct sound may not accurately separate the 
source-related and environment-related aspects of a sound. 
 
 
4 SUBJECTIVE EXPERIMENT 
 
The research discussed so far indicated that a measurement of the properties of an impulse 
response and a single time-based division of the source-related and environment-related aspects 
may not accurately predict the perceived spatial impression of a wide range of musical signals. In 
order to investigate this further, the authors conducted a controlled subjective experiment. This is 
summarised here, and more detailed information will be contained in future publications. 
 
For this experiment, it was important to be able to accurately control the signals that reached the 
ears of the listeners in order to limit extraneous variables as much as possible. For this reason, the 
most practical method for conducting this experiment was to use headphone-based binaural 
reproduction. The use of this approach meant that the binaural signals that were measured and the 
signals that were judged by the listeners were as similar as possible. However, this method of 
reproduction did not allow for the recreation of cues that may be available by the use of head 
movement in a real concert hall.  
 
The purpose of the experiment was to judge whether measurements of the properties of the 
different time segments of an impulse response were highly correlated with the perceived effect of 
various sound source signals. This required a number of different binaural impulse responses, 
whose properties varied independently either before or after the 80 ms cut-off. The experiment was 
also used to investigate problems with cross-correlation measurements that are made on the centre 
line of an acoustical environment. This required impulse responses from a source to several 
different receiver positions that were positioned either on or off the centre line of the acoustical 
environment.  
 
In order to control extraneous variables as much as possible, the concert hall impulse responses 
were simulated in CATT-Acoustic. This allowed for greater control over the experimental variables, 
and minimised the risk of problems that could be caused by the impulse response measurement 
technique17. It was found that the objective and subjective results of the impulse responses that 
were created by this method were strongly dependent on the diffusion coefficient of the surfaces. In 
view of this, a relatively complex hall model was employed that included detailed estimates of the 
salient parameters. Using this model, binaural impulse responses were calculated from a single 
central source position to a number of receiver positions, as shown in Figure 1. In order to limit 
other variables, all the receiver positions were the same distance from the sound source, and in 
each case the binaural receiver was oriented to point at the source. 
 
In addition to the factors that were affected by the lateral position of the receivers, the resulting 
calculated impulse responses were processed to precisely and independently vary the properties of 
the reflections that arrive up to 80 ms after the direct sound and those that arrive beyond this. For 
this, either the early or the late segment of the impulse response was manipulated to have an 
interaural cross-correlation coefficient of 1, by the use of a simple MS (mid / side) process18. This 
meant that the perceived spatial attributes that were affected by the cross-correlation of each of 
these time segments could be evaluated in a controlled manner. 
 
The result of this processing meant that there was a total of 7 binaural impulse responses. These 
consisted of the raw impulse responses that were calculated by the CATT-Acoustic model for the 
three receiver positions, and then processed versions of the impulse responses for the central and 
furthest off-centre receiver positions that had a high cross-correlation either up to 80 ms or from 80 
ms onwards. These are summarised in Table 1, together with the terms by which they are 
referenced later in the paper. In addition, the values of IACCE3 and IACCL3 that were measured 
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according to the research of Hidaka, Beranek and Okano11 are shown as a verification of the 
processing that was employed. 
 
 

01
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Figure 1: Three-dimensional view of the concert hall model that was used in the simulation, showing 
the positions of the omnidirectional sound source (labelled A0 and marked with ×) and the binaural 

receivers (labelled 01, 03 and 05 and marked with +). 

 
 

Impulse 
response 

Receiver 
position 

Processing IACCE3 IACCL3 

raw_pos1 Central Unprocessed 0.51 0.13 
raw_pos3 2m off-centre Unprocessed 0.26 0.10 
raw_pos5 4m off-centre Unprocessed 0.18 0.12 
080_pos1 Central Correlation coefficient of 1 up to 80 ms 1.00 0.13 
080_pos5 4m off-centre Correlation coefficient of 1 up to 80 ms 1.00 0.10 
80e_pos1 Central Correlation coefficient of 1 from 80 ms on 0.52 1.00 
80e_pos5 4m off-centre Correlation coefficient of 1 from 80 ms on 0.18 1.00 

Table 1: List of the 7 binaural impulse responses that were used to create the experiment stimuli, 
including the terms by which they are referenced later in the paper, the receiver position, the 

processing that was carried out and the measured IACCE3 and IACCL3 values for each. 

 
In order to investigate how these different impulse responses affected the perceived spatial 
impression of various types of stimulus, they were convolved with a range of sound source signals. 
These were selected to comprise both transient and more continuous examples, including both 
artificial and musical signals. In order to avoid the introduction of additional spatial or reflection-
based cues, the sound source signals had to be monophonic and either recorded in an anechoic 
chamber or created without reverberation. As it has been shown that it is easier and more efficient 
to judge audio signals that are stationary and possibly repetitive19, the stimuli consisted of a single 
event (a note, a hit, or a chord) that was repeated. The transient signals that were chosen were a 
50 ms noise burst and a single snare drum hit. The relatively continuous signals were a sine tone 
chord, an acoustic guitar chord and a trumpet note. As can be seen, there was one artificial signal 
and at least one musical signal for both the transient and more continuous signal types. 
 
The sound source signals were deliberately chosen to be simple single sound sources, in order to 
limit the variables in the experiment as much as possible, and to enable the listeners to judge the 
individual source width as accurately as possible. 
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The combination of the 7 binaural impulse responses and the 5 sound source signals resulted in 35 
stimuli to be judged in total in the experiment. The listeners were asked to judge the apparent 
source width and the apparent environment width on two separate grading scales. The use of the 
subjective attribute of ‘environment width’ was different to the subjective attribute of ‘envelopment’ 
that is more commonly used in concert hall acoustics. This alternative descriptor was employed in 
this experiment as the research that has been conducted by the authors indicated that the term 
‘environment width’ is more suitable for describing the attribute that is changed by altering the 
interaural cross-correlation coefficient of a stimulus that is perceived to be reverberation3, and that 
‘envelopment’ is also affected by the perceived level of the reverberation10.  
 
Ten listeners completed the experiment, and these were all staff, postgraduate or final year 
students in the Department of Sound Recording at the University of Surrey. The experiment was 
conducted using custom listening test software, which allowed the subjects to switch between the 
stimuli at any point in time and listen to the stimuli as often as required. Each listener took 
approximately 30 minutes to complete the experiment.  
 
The initial analysis of the subjective judgements indicated that the data were not normally 
distributed, which meant that the data did not meet the assumptions of parametric methods of 
analysis. However, it has been shown that the analysis of variance (ANOVA) is robust to the 
violation of the assumptions of normal distribution and equal variance, as long as the samples are 
of equal sizes20. In view of this, the validity of applying this analysis was tested by comparing the 
results of the ANOVA with the results of a non-parametric Kruskal-Wallis test, following the method 
that was employed by Zacharov and Huopaniemi21. It was apparent from this analysis that the 
results from the ANOVA and the Kruskal-Wallis tests were very similar, and that both had very high 
levels of statistical significance in most cases. Based on this information it was concluded that the 
ANOVA could be used to further analyse the data.  
 
In order to highlight the perceived differences between the stimuli and to limit the effect of the 
different usage of the scales by the individual listeners, the data were normalised by the use of a z-
transformation, as suggested in ITU-R BS 111622. The ANOVA was then calculated using all the z-
transformed subjective data for both judgement scales, and the type of impulse response and the 
type of sound source signal were entered as the independent variables. The results showed that 
both independent variables caused a statistically significant change in the judgements of both 
source and environment width, and that there was also a statistically significant interaction. The 
statistically significant interaction indicated that the subjective judgements of the different impulse 
responses needed to be examined individually for each sound source signal. The means and 
associated 95% confidence intervals of this analysis are shown in Figure 2 and Figure 3. 
 
According to the established objective measurement techniques, the segment of each impulse 
response up to 80 ms should affect the perceived spatial attributes of the source and the segment 
of each impulse response after 80 ms should affect the perceived spatial attributes of the acoustical 
environment. Based on this, it would be expected that the processed impulse responses with a high 
cross-correlation up to 80 ms (080_pos1 and 080_pos5) would give a low source width, and the 
processed impulse responses with a high cross-correlation after 80 ms (80e_pos1 and 80e_pos5) 
would give a low environment width.  
 
It can be seen from the results shown in Figure 2 that this is not the case for the source width for 
any of the sound source signals. In fact, for most of the sound source signals, it is the processed 
impulse responses with a high cross-correlation after 80 ms (80e_pos1 and 80e_pos5) that are 
perceived to have a low source width. In contrast, it can be seen that for the environment width, the 
processed impulse responses with a high cross-correlation after 80 ms (80e_pos1 and 80e_pos5) 
were perceived to have a low environment width, as expected. 
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Figure 2: Plot of the means and associated 95% confidence intervals of the z-transformed 
subjective judgements of source width for each of the experiment stimuli. 
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Figure 3: Plot of the means and associated 95% confidence intervals of the z-transformed 
subjective judgements of environment width for each of the experiment stimuli. 

Impulse 
response 

V raw_pos1 
Q raw_pos3 
P raw_pos5 
@ 080_pos1 
: 080_pos5 
d 80e_pos1 
^ 80e_pos5 

Impulse 
response 

V raw_pos1 
Q raw_pos3 
P raw_pos5 
@ 080_pos1 
: 080_pos5 
d 80e_pos1 
^ 80e_pos5 



Proceedings of the Institute of Acoustics 

It is also interesting to note the differences in the judgements of source width for the different sound 
source signals. For the more continuous sound source signals (the sine and guitar chord stimuli), 
the movement of the binaural receiver from the central position (raw_pos1) to the off-centre position 
(raw_pos5), which caused a decrease in the IACCE3 measurement, caused an increase in the 
perceived source width. However, this was not the case for the transient sound source signals (the 
noise burst and snare drum stimuli) where there was no statistically significant difference in the 
perceived source width for the different receiver positions (raw_pos1, raw_pos3 and raw_pos5). 
This indicates that objective measurements that accurately predict the perceived spatial attributes of 
one type of stimulus (either the transient or the more continuous signals) may not necessarily 
accurately predict the perceived spatial attributes of other types of stimuli. In addition, it must be 
noted that the results for the trumpet sound source signal were more similar to the transient signals 
than to the more continuous signals. This indicates that the relationship between the properties of 
the impulse response and the sound source signal that cause a certain perceived result may be 
more complex than a simple division between transient and more continuous signals. 
 
Finally, it is apparent from these results that the artificial sound source signals and the musical 
sound source signals with similar properties were judged to have similar spatial attributes. This 
means that in subjective tests and objective measurements it may be possible to employ 
synthesised signals that are representative of the type of programme material that is of interest. 
 
 
5 CONCLUSION 
 
The results of the subjective experiment that was conducted indicated the following factors. Firstly, 
the interaural cross-correlation coefficient of the segment of the impulse response from the arrival of 
the direct sound up to 80 ms later did not appear to be correlated with the perceived source width. 
Secondly, the segment of the impulse response beyond 80 ms after the direct sound did not solely 
affect the perceived environment width but also affected the perceived source width. Thirdly, the 
movement from a central receiver position to an off-centre receiver position affected the perceived 
source width of only some of the stimuli. Finally, the perceived spatial attributes for a single impulse 
response were not always the same for the different sound source signals.  
 
These results appear to support the hypothesis that measurements of the properties of impulse 
responses and the division of the source-related and environment-related aspects of the impulse 
response at 80 ms are not perceptually relevant for a range of musical sound source signals. It is 
possible that an approach based on perceptual grouping, as suggested by Griesinger, may be a 
more successful method8. This will be investigated further in due course. 
 
It must be noted that this research does not indicate that the analysis of impulse responses or the 
division of early and late segments of reflection patterns that are based on a single time constant 
are never relevant. Indeed, it may be that the 80 ms division is a practical method for implementing 
measurements that relate to spatial impression in certain types of acoustical environments, as it is 
likely that the pattern of the early reflections has a strong influence on the characteristics of the later 
reflections. However, if objective measurements are required that relate accurately to the perceived 
effect of musical stimuli in a wide range of situations, then it appears that the extant measurement 
techniques that are most commonly applied are not appropriate, and that a method is required that 
takes into account the properties of representative sound source signals.  
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