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Introduction
Most research on basic auditory function has been con-
ducted in anechoic or almost anechoic environments. The 
knowledge derived from these experiments cannot directly 
be transferred to reverberant environments. In order to 
investigate the auditory signal processing of reverberant 
sounds, a loudspeaker-based room auralisation (LoRA) 
system is proposed here. The LoRA system efficiently 
combines modern room acoustic modelling techniques 
with high-order Ambisonic auralisation. Thereby, aspects 
of the auditory precedence effect are utilized to realise 
highly authentic room reverberation. This system provides 
a flexible research platform for conducting auditory ex-
periments with normal-hearing, hearing-impaired, and 
aided hearing-impaired listeners in a fully controlled and 
realistic environment. Moreover, the LoRA system can be 
applied for holistically studying the impact of its individ-
ual components on overall perception (or authenticity), 
considering aspects such as the limitations of Ambisonics 
auralisation or the details of the employed room impulse 
response.  

In the present manuscript, first the LoRA system is intro-
duced. Afterwards an objective evaluation of the LoRA 
processing is performed considering different objective 
monaural and binaural room acoustic measures. The appli-
cability of high-order Ambisonics in the LoRA system for 
perception research is tested by performing a speech intel-
ligibility experiment.  

Loudspeaker-based room auralisation
Within the loudspeaker-based room auralisation (LoRA) 
system a room acoustic model is provided by the ODEON 
software [1]. The ODEON output provides a room impulse 
response (RIR) in eight octave bands, containing detailed 
information (i.e., intensity, direction of arrival, delay) of 
the direct sound and the discrete early reflections. The late 
reverberation is described by energy and vectorial intensity 
envelopes.  

Figure 1: Illustration of the principle signal processing of 
the LoRA toolbox. 

A multi-channel RIR (mRIR) is derived from the ODEON 
RIR using different auralisation techniques. The discrete RIR 
elements are either auralised by (high-order) Ambisonics or 
discrete loudspeakers located in the direction of the elements. 
The late reverberation envelopes are interpreted as first-order 
Ambisonics envelopes, which are multiplied with noise that is 
uncorrelated across loudspeakers. The mRIR is convolved 
with an anechoic sound signal and played via an array of loud-
speakers. The principle LoRA processing is summarized in 
Figure 1 and further details can be found in [2]. 

Figure 2: Illustration of the objective evaluation method used 
to verifying the applicability of the LoRA processing. Differ-
ent room acoustic parameters are determined at the input and 
output of the LoRA system, the difference quantifying the in-
troduced error. 

Objective evaluation 
An objective evaluation is performed to verify that the com-
plex signal processing of the LoRA system does not introduce 
any significant changes to the original room response provided 
by ODEON. The principle evaluation method is illustrated in 
Figure 2. 

Figure 3: Setup of the 29 loudspeakers exemplarily used in 
the evaluation of the LoRA system and available in the 
CAHR laboratories. 

Different room acoustic parameters are calculated from: (i) the 
ODEON room acoustic model at the input of the LoRA system 
and (ii) the mRIR at the output of the LoRA system. The pa-
rameters at the LoRA input are directly calculated by the 
ODEON software and serve as reference parameter values. 
The difference between these reference values and the corre-
sponding parameter values at the LoRA output determines the 
error that may be introduced by the complex LoRA process-
ing. The error is calculated here for eight different source-
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receiver configurations in a classroom (see Figure 4) and 
an exemplary auralisation set-up using 29 loudspeakers as 
shown in Figure 3.  

The median and interquartile range of the error introduced 
by the LoRA processing is shown in Figures 4 and 5. In 
Figure 4 the errors for the considered monaural parameters 
are shown: the early decay time (EDT), reverberation time 
(T30), and clarity (C80). In Figure 5 the errors for the 
considered binaural parameters are shown: the interaural 
correlation coefficient for the first 80 ms of the RIR 
(IACC0,80) and the later part of the RIR (IACC80,+).

Figure 4: Median and interquartile range of the monaural 
room parameter errors calculated over eight source-
receiver positions in a classroom. The acceptable error 
range is indicated by the grey shaded areas.

The binaural signals used in the IACC are calculated from 
the LoRA output mRIR by convolving each of the 29 
loudspeaker signals with an ODEON head-related transfer-
function that corresponds to the direction of the considered 
loudspeaker. The final signal is derived by adding all bin-
aural signals from all loudspeakers. A detailed description 
of the room parameter calculations can be found in the ISO 
3382 standard [3]. In order to interpret the error introduced 
by the LoRA system, an acceptable error range is defined 
for each room parameter as indicated in Figures 4 and 5 by 
the grey shaded areas. This acceptable error-range is de-
termined with ODEON by calculating the room parameter 
variation produced by moving the receiver around an arbi-
trarily-chosen area of 27x27 cm. Hence, it is assumed that 
small head movements (within a 27x27 cm area) do not 
significantly affect the listener’s perception of the room.  

Figure 5: As Figure 4, except that here the binaural room 
parameter errors are shown.

With reference to Figures 4 and 5, the error introduced by 
the LoRA processing lies roughly within the acceptable 

error range for all monaural and binaural room parameters. 
Similar results were observed for a concert hall in [2], where 
also a more detailed description of the involved procedures 
can be found. In synopsis, the objective evaluation encourages 
the applicability of the LoRA system as a research tool for 
studying auditory perception in realistic environments. 

Subjective evaluation – impact of Ambi-
sonics auralisation on speech intelligibility
The best method of auralising early discrete elements of a RIR 
is probably by discrete loudspeakers placed in the direction of 
the individual elements. However, such method requires de-
tailed information on these discrete early elements and more-
over, requires a very large number of loudspeakers. Hence, 
discrete loudspeaker auralisation can not be applied for mov-
ing sound sources, complex (arbitrary) acoustic scenes, or 
when real acoustic scenes are recorded with an array of micro-
phones. In such cases, an alternative auralisation method needs 
to be applied, such as high-order Ambisonics [4].

In the following subjective evaluation, the limitation of (high-
order) Ambisonics auralisation on speech intelligibility meas-
ures is investigated with reference to discrete loudspeaker 
auralisation. Thereby the phenomenon of speech intelligibility 
enhancement by early reflections [5] is utilized, inspired by the 
methods proposed by [6]. 

Methods
Speech intelligibility (word) scores were measured in diffuse 
background noise as a function of signal-to-noise ratio (SNR). 
The employed speech signal was either realized by the direct 
sound alone or the direct sound plus a number of early reflec-
tions. The signal level (i.e., the SNR) was varied in two ways: 
(i) by modifying the direct sound level or (ii) by keeping the 
direct sound level constant and varying the level of the early 
reflections. The background noise was realized by diffuse 
speech-shaped noise with a constant sound pressure level of 
60 dB-SPL. The early reflections were calculated for an arbi-
trary source-receiver (teacher-student) configuration (3.5m 
distance) in a classroom (see Figure 4). The temporal and 
directional plots of the employed RIR are shown in Figure 6.  

Figure 6: Temporal and directional plots of the RIR consid-
ered in the speech intelligibility measurements.  

The RIR had an overall duration of 55 ms and the (original) 
early reflections added 4 dB to the direct sound level. The 
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direct sound was always presented from the front direc-
tion. The directions of the discrete RIR elements were 
modified to fit the discrete loudspeaker directions of the 
loudspeaker array shown in Figure 3. Three different 
methods were used for auralising the (reverberant) speech 
signals: (i) discrete loudspeakers for the individual RIR 
elements, (ii) 4th order Ambisonics, which is the highest 
order achievable with the loudspeaker setup shown in 
Figure 3, and (iii) 1st order Ambisonics, representing the 
most common Ambisonics realization (in order to mini-
mize coloration artefacts in this case only the eight loud-
speakers indicated by the circles in Figure 3 were used).  

The experiments took place in an acoustically damped 
room (T30 < 100 ms for frequencies f > 200 Hz) where a 
3D array of 29 loudspeakers was installed (see Figure 3). 
Nine normal hearing listeners participated in the experi-
ment. The speech corpus consisted of the Dantale II Dan-
ish Hagerman sentences [7]. The diffuse background noise 
started 1000 ms before each sentence with a 600-ms long 
onset-ramp and stopped 500 ms after the sentence with a 
300-ms long offset-ramp. The listener responded via a 
MATLAB user-interface (see Figure 7) on a hand-held 
touch-screen, indicating the different words they heard.  

Figure 7: MATLAB user-interface employed in the 
speech intelligibility experiments and presented via a 
hand-held touch-screen. Listeners had to indicate the per-
ceived words by pressing the corresponding buttons.  

In a first experiment the sensitivity of the individual listen-
ers was determined by measuring the speech reception 
threshold (SRT). An adaptive procedure according to [8] 
was applied using the original RIR (see Figure 6) and 
discrete loudspeaker auralisation. Afterwards, in the main 
experiment, speech intelligibility scores were measured as 
a function of SNR relative to the individual SRT, i.e. 
SNRs were considered of SRT-2, +0, +2, and +4 dB. The 
listeners had about 30 minutes of training, lists of 20 sen-
tences were used in the SRT measurements, and lists of 10 
sentences were used to determine the main intelligibility 
scores. For further details on the applied methods [9] 
should be consulted. 

Results
The mean intelligibility scores for the 9 subjects are shown 
in Figure 8 for the case that only the direct speech sound is 
considered. The standard deviation is presented by the 
error bars. Discrete loudspeaker auralisation is indicated 
by blue squares (condition 0), 4th order Ambisonics by red 

circles (condition 4), and 1st order Ambisonics by black trian-
gles (condition 1). All the data points are significantly differ-
ent according to a paired t-test. With increasing SNR the intel-
ligibility scores increase, exhibiting psychometric functions 
that, in Figure 8, are approximated by sigmoid functions P(L)
given by: 

LLs
LP

55554exp1

1
 (1) 

With L the signal level,  the false alarm rate which was here 
10 %, L55 the 55 % correct threshold relative to the SRT, and 
s55 the slope at L = L55. The sigmoid function parameters fitted 
to the experimental speech data is summarized in table 1.  

Conditions 0 4 1 00 44 11 

L55 (dB) -2.4 -0.7 1.0 -1.5 0.5 2.5 

s55 (%/dB) 13.7 12.2 11.3 8.9 10.1 10.45 

Table 1: Summary of sigmoid function parameters fitted to 
the speech data shown in Figures 8 and 9. 

According to Figure 8, highest intelligibility scores can be 
observed for the discrete loudspeaker technique and lowest 
scores for 1st order Ambisonics. Hence, the spatial comb-
filtering effects as well as the limited directionality inherent in 
the (high-order) Ambisonics technique results in a deteriora-
tion of speech intelligibility. This deterioration is strongest for 
1st order Ambisonics, which provides the poorest sound field 
reconstruction. Comparing the different sigmoid function 
approximations (Table 1), it is observed that mainly the L55

threshold is changed by the auralisation technique but not 
really the shape of the psychometric function. Hence, the au-
ralisation technique seems to mainly affect the effective level 
of the speech signal (or effective SNR). The observed deterio-
ration of speech intelligibility by imperfect sound field recon-
structions is in principle agreement with the deterioration ob-
served for a stereo “phantom” source [10]. 

Figure 8: Mean speech intelligibility scores and standard de-
viations measured for the direct speech sound only. Discrete 
loudspeaker auralisation is indicated by blue squares (condi-
tion 0), 4th order Ambisonics by red circles (condition 4), and 
1st order Ambisonics by black triangles (condition 1). Solid 
lines present approximations by sigmoid functions with pa-
rameters summarized in Table 1. 

The mean intelligibility scores for the case when early reflec-
tions are added to the speech signal are shown in Figure 9. The 
results mainly indicate a L55 threshold shift of similar size as 
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observed in the direct sound only case (Figure 8). Compar-
ing the speech intelligibility scores for the case where the 
SNR was varied by modifying the direct speech sound 
level (Figure 8) and the cased where the SNR was changed 
by modifying the early reflection level (Figure 9), signifi-
cant differences can be observed. In the latter case the s55

slopes are significantly shallower and the L55 threshold is 
increased by about 1 dB (see Table 1). However, this dif-
ference is roughly independent of the auralisation tech-
nique. Hence, the auralisation technique seems to influ-
ence the absolute intelligibility scores, but does not affect 
the relative change introduced by adding reflections. 

Figure 9: As Figure 8, except that early reflections are 
added to change the SNR and the direct sound level is 
held constant.   

Although early reflections do significantly contribute to 
overall speech intelligibility, it is observed here that add-
ing energy to early reflections is significantly less effective 
than adding the energy to the direct sound. This observa-
tion is in conflict with [6], who concluded that adding 
energy to early reflections produces an equivalent speech 
intelligibility benefit as adding energy to the direct sound. 
This difference might be explained by the different speech 
material and methods used in the two studies. 

Summary and conclusions 
A loudspeaker-based room auralisation (LoRA) system 
was introduced, which aims at providing a research tool 
for investigating auditory (speech) perception in realistic 
(i.e., reverberant multi sound source) environments. The 
general applicability of the LoRA processing was verified 
by an objective evaluation considering different monaural 
and binaural room acoustic parameters. In order to test if 
the LoRA inherent Ambisonic auralisation would have an 
impact on perception research, a speech intelligibility 
experiment was conducted. In this experiment speech 
intelligibility scores for Ambisonics auralisation were 
compared to discrete loudspeaker auralisation. The ex-
periment revealed that (high-order) Ambisonics deterio-
rates absolute speech intelligibility, but does not affect the 
shape of the overall psychometric function and does main-
tain the sensitivity to changes introduced by early reflec-
tions. Hence, high-order Ambisonics might be used for 
speech intelligibility research when overall sensitivity is 
compensated. However, additional perception experiments 

are necessary to further support this conclusion. In the case 
where discrete loudspeaker auralisation can be applied this 
should be the preferred auralisation method.  
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