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ABSTRACT 

For the characterization of the acoustic quality of concert halls spaciousness is an important 
term. In the last years the quantities ASW and LEV have been established in modern room 
acoustics for the judgement of the spatial component of sound fields.  

In addition to the spatial information, which could be only binaurally evaluated, monaural 
attributes like level, spectral composition and temporal composition have an influence on the 
spatial perception of sound sources. This presentation focuses on the evaluation of ASW in 
relation to monaural signal attributes with the help of binaural models including a peripheral unit. 

INTRODUCTION 

Factor analysis on room acoustics showed that spaciousness is one of three important terms for 
characterizing the acoustic quality of a concert hall. For that reason it is of great interest to find 
the physical reasons for the amount of spaciousness which a sound field evokes. With regard to 
human perception the attribute spaciousness can be divided into two parts. On part is directly 
related to the direct sound and the early reflections and one part is associated with the total 
sound field or at least with the reverberation part of the sound field. For the judgement of 
spaciousness connected with the direct sound the quantity auditory source width (ASW) has 
been established. For the second part which lead to a feeling of being surrounded by the sound 
the description of listener envelopment (LEV) has been created.  A good definition of these 
quantities can be found at [1]. 

In order to predict the quantities ASW and LEV several high correlating objective measures 
have been developed. The search for physically measurable quantities which highly correlate 
with subjective perceptions bears on the one hand the danger of not noticing all parameters 
which are responsible for the perception and on the other hand that the sufficiency of the test 
signals is not obvious and highly correlation quantities may correlate less for another set of test 
signals. In recent publications a discussion arises about IACC as an objective measure for 
spaciousness especially for small rooms, although the human sense of hearing uses a system 



comparable to the analysis of correlation for localization. Models for this correlation processing 
already exist for a long time [2]. These models have been developed and modified in order to 
explain phenomenons in binaural hearing like trading experiments [3], or to distinguish between 

complex stimuli like NoSπ and NoS0 signals [4]. This progress offers the possibility to use these 
models as an objective measure for spaciousness. Due to the fact that interaural time delay 
fluctuations, which can be calculated with these models, are said to be responsible for the 
perception of ASW [1] good results become more likely. 

Several publications showed the influence of different signals on the perception of ASW 
[5],[6],[7],[8],[9]. In these publications the spectral contribution to the perception of ASW is 
discussed. Even one of the most basic quantities the SPL of a signal has an influence on the 
perception of ASW [10]. This presentation focuses on the explanation of spectral, temporal 
contributions with the help of binaural hearing models. Therefore the influence of the 
preprocessing in the peripheral unit on the output of correlation mechanisms is discussed and 
related to the outcome of listening tests made with a virtual acoustic pointer. 

BINAURAL HEARING MODEL 

For this research a model consisting of 4 main units was applied. All recordings have been 
made with an artificial head so that no additional head related transfer function had to be 
modulated. The first unit of the binaural model was the middle ear transfer function. This time 
invariant transfer function was modulated as a 3rd Order Bessel low pass with a border 
Frequency of 1200 Hz. This transfer function fits well to the results of [11].  

The spectral resolution of the model is given by a filter bank which mirrors the processing of the 
inner ear. For this purpose 36 Roex filters are calculated with a spacing of 1 filter / ERB [12]. In 
order to get the filter in the time domain to the magnitude a minimal phase was added and the 
filters were transformed into time domain. Gammatone filters or even Gammachirp filters are 
adapted to the waveform of the human middle ear but it seems to be unlikely that in this case 
the output of a hearing model with these filters would differs to the output of the applied model.  
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Fig. 1: Output level (firing probability) of the Meddis auditory nerve model [13] for static and 
dynamic excitation with sinus signal. 

For transition of mechanical waves to neural pulses a model of auditory nerves was chosen 
[13]. The limitation of the dynamic ranges of this model makes it not always applicable. Figure 1 



shows the response level of the auditory nerve model on a sinus signal of different levels for the 
static excitation and an excitation with a hard switched sinus signal (dynamic). 

Figure 2 shows the output of the complete hearing model on a hard switched noise signal of 
70 dB which was binaurally recorded in the test room. Subplot a) shows the signal after filtering 
with a Roex filter bank for one filter at 6 ERB (210 Hz). The nonlinear processing of the auditory 
nerve leads to high amplitudes in the beginning of the signal (Subplot b). This behaviour is 
essential for the modelling of the temporal processing of the sense of hearing and it is 
responsible or several masking phenomenons. Regarding to the limitation of human sense of 
hearing noise at threshold level is added. The output of the auditory nerve processor is coupled 
with two different algorithms for the determination of the interaural latencies. The first algorithm 
contains an extended correlation method [3] and the second one a subtraction method of the 
monaural signals [4].  

The interaural time delay at the extreme values is plotted in Subplot c. Because of the limited 
integration in the end of the correlation mechanisms the extreme values of the correlation 
functions show a fluctuation of interaural latencies. The distribution density function of these 
extreme values is calculated with the mean value and its standard deviation. Figure 3 shows the 
distribution density function for the 36 channels of the ERB filter bank. While the mean value 
indicates the position of the sound source in the horizontal plane the standard deviation could 
be transformed in an incident angle as a measure for the extension of the sound source. The 
average of all critical bands was calculated for the evaluation of the incident angle of sound 
source [14].  
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Fig. 2: Output of the different steps of the binaural hearing model on a noise burst of  2 s 
recorded in a enclosure (Reverberation time 1s). a): signal after band filtering; b): output of the 
auditory nerve module; c): result of correlation unit.  

In Figure 3 it is obvious that the distribution density function shows the most fluctuations for the 
lowest 3 bands. In the region between 200 Hz and 800 Hz (6-12 ERB) the localisation process 
of the hearing models seem to be better than in the region between 900 Hz and 2KHz (15-22 
ERB). The change of the fluctuations is a result of the phase locking process in the auditory 
nerve model. While for the low frequencies the correlation mechanism can use the phase  
 



 

Fig. 3: Distribution density function for 36 critical Bands (ERB Scale), Linear gray scale; Dark 
high values. Top: ERB-Scale; bottom corresponding frequency scale .  

information of the signal, for the higher frequencies this information is not longer available 
because the inertia of the inner ear and the signal detection has to be done on the envelope of 
the signal. This causes more fluctuations especially in the transition region between phase and 
envelope detection. 

LISTENING TEST 

For the listening test a recording was made in a room with rectangular shape (20m length, 12m 
width, 5 m height). The room has a broadband reverberation time of 0.75 s. The reverberation 
time reaches for lower frequencies a value of 1.4 s. The recordings have been made for two 
positions in this room. The broadband IACC for the first positions has a value of  0.4 and for the 
second position a value of 0.65. 

A listening study with these sound fields was made for different signals. For the examination of 
the frequency contribution a white noise signals was high passed filtered with different cut off 
frequencies (30, 100, 250, 500, 1000, 2000 Hz).  For the evaluation of the temporal structure of 
the signal the broadband noise was pulsed with different durations (0.25s, 0.5s, 1s, 2s). The 
non signal duration was the length of the signal duration with exception for the 2 s burst were 
the non signal period was 1 s . The signal level was chosen to 70dB SPL for the broadband 
noise. The power spectral density for all noises was constant which lead to a lower signal level 
for the high pass filtered signals.  

For the tests 8-10 test persons were instructed in the meaning of ASW. With the help of a virtual 
acoustic pointer the test persons had to mark the left and right edge of the sound source. The 
pointer consists of an endless repeated two tone click signal which could be moved with a DSP-
System in real time in the horizontal plane. The angle between the pointer positions was noticed 
as the incident angle of the sound sources [15]. 

RESULTS 

Figure 4 shows the results of the incident angle for the different signals in combination with the 
outcome of two hearing models with different localisation methods. For the results of the 
listening test the mean value and the standard deviation is plotted with the solid lines. The 



output of the first hearing model using an cross correlation method according to [3] is added 
with dashed line. The outcome of the second model, which uses a subtraction method for the 
calculation of the signal position [4], is displayed with the dash dotted line. Similar to the 
publications mentioned in the introduction [5]..[9] auditory source width decreases with an 
increasing cut off frequency of the high pass filter. Signals with low frequency components 
seem to be broader than signals without. The perception can also be evaluated with both 
hearing models. This behaviour could be explained with the high fluctuations especially for the 
first three bands of the models. For signals with cut off frequencies in the region between 100Hz 
and 1kHz the hearing models especially for the left measurement position (Figure 4a) seem to 
overestimate the ASW. In order to align the outcome of the models with human perception 
different weighting function as mentioned in [16] should be discussed. Even the weighting of 
different interaural time delays is discussed in literature [17] and could be applied for this 
purpose. 
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Fig. 4: a),b) Listening test result for noise signals high pass filtered with different cut off 
frequencies for two measurement positions (solid line; mean values with standard deviations.). 
Dashed line hearing model output with correlation mechanism according to [3]. Dash dotted line 
correlation mechanism according to [4]. c), d) listening test and hearing model results for 
different noise pulse durations for two measurement positions.  

Figure 4 c) and d) show the influence of different pulse durations on the perception of ASW. It 
seems that short signal durations increase the ability of localisation and in the same way it 
decreases the perception of ASW. This could also be explained with both hearing models. The 
better ability to localize a signal in the beginning is shown with the help of the binaural model in 
figure [2]. In the region of the overshoot of the auditory nerves (Figure 2: b) the correlation 
fluctuations are less (Figure 2: c). The fact that the direct sound of the signal in the onset is only 
disturbed by the early reflections and not by the reverberation is also a reason for the better 
localisation possibility. 



CONCLUSIONS 

The spectral and temporal composition of the signal has an influence on the perception of ASW. 
Like the influence of different signal levels [14] these contributions can be explained with the 
help of binaural hearing models. Especially the nonlinear processing of the mechanical to neural 
transduction in the auditory nerve seems to be responsible for the temporal an level 
dependence of ASW. Since this behavior hardly can be explained with physically measurable 
linear quantities ASW should be played back with a fixed signal at a certain level. Although it is 
unlikely that the enclosure delivers non linear contributions to the sound field for listening test it 
has to be considered that the enclosure interacts with the non linear human sense of hearing. 
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