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Comparing loudspeaker array reproduction techniques using a phased

combination of the image source method and acoustical radiosity

Gerd Marbjerg, Jonas Brunskog,a) and Cheol-Ho Jeong
Acoustic Technology, Department of Electrical Engineering, Technical University of Denmark, 2800 Kgs. Lyngby,
Denmark

Valentina Zapata-Rodriguez
Interacoustics Research Unit, 2800 Kgs. Lyngby, Denmark.

For hearing and audiological research, auralisations from room acoustic simulations of small rooms can be
useful. Small rooms can be simulated with phased geometrical acoustic methods. This can, e.g., be with
the tool PARISM (Phased Acoustical Radiosity and the Image Source Method). To reproduce the sound field
simulated by PARISM with a loudspeaker array, three widely used reproduction methods have been compared
numerically: higher order Ambisonics, vector-base amplitude panning and nearest loudspeaker panning. The
implementation of these methods are described. For simulations of a small rectangular room, conventional
objective room acoustic parameters are used as performance indicators. For the studied parameters, the method
of panning to the nearest loudspeaker seems most robust with a dense array of 64 loudspeakers.

PACS numbers:

I. INTRODUCTION

With recent technological advances in computational
acoustics and 3D sound reproduction techniques, sound field
reproduction has become more physically accurate and per-
ceptually authentic with many engineering applications, e.g.
audiological research, hearing research and building design.
Many current listening tests in audiological and hearing re-
search are however still conducted with simplified sound en-
vironments that cannot represent realistic situations. Creat-
ing sound environments with room acoustical simulations is a
flexible method to create more ecologically valid tests, while
still maintaining a high level of control of the conditions. For
such experiments, it is often of interest to include hearing de-
vices, which is most conveniently done with loudspeaker au-
ralisations.

When choosing a method for simulating room acoustics, it
is important to consider the room type that is to be modelled,
because some methods rely on assumptions that are only valid
for certain room types. Currently there are methods such as
ODEON1 with the LoRA toolbox2 and MCRoomSim3 avail-
able for creating loudspeaker-based auralisations with higher
order Ambisonics. They belong to the family of geometrical
acoustic methods. In this family there are methods which in-
clude phase information, but ODEON and MCRoomSim do
not fully do so. ODEON is fully energy-based and is there-
fore best suited for simulating the acoustics of larger spaces
with high sound scattering. MCRoomSim includes the prop-
agation phase in specular reflections, but cannot model phase
shifts on reflections. It is furthermore limited to only mod-
elling shoebox-shaped rooms. Phased geometrical acoustical
methods include phased beam tracing4,5, phased image source
method6,7 and PARISM (Phased Acoustical Radiosity and the
Image Source Method).8 PARISM is so far different from the
other methods4–7 in that it can include scattering. PARISM

a)Electronic address: jbr@elektro.dtu.dk

is a method that is especially developed for simulating the
acoustics of small rooms with absorbing surfaces,9 e.g. class-
rooms and clinic rooms. It includes a phased implementation
of the image source method and the ability to include sound
scattering with acoustical radiosity. The present work con-
cerns which reproduction technique performs best together
with PARISM for a small room with absorbing surfaces in
terms of acoustical parameters. Three different reproduction
techniques are tested: panning with nearest loudspeaker (NL),
vector-base amplitude panning (VBAP) and higher order Am-
bisonics (HOA).

Early decay time EDT, reverberation time T20 and sound
strength G are used to check that the overall acoustic proper-
ties of the simulated room are maintained after the processing
with the reproduction techniques. Speech intelligibility is of-
ten of high interest in hearing research, so the metrics deut-
lichkeit D50 and speech transmission index STI are also re-
garded. Finally, interaural cross correlation IACC is regarded,
because the spatial impression is of interest for auralisations.
This set of investigated parameters is assumed to cover the
most important aspect of the sound field for hearing research.

The parameters for the reproduced sound field are deter-
mined numerically, so no measurements are included. This
is done to isolate possible errors of the reproduction that will
be transferred to the proceeding steps. The errors here are
thus conservative and do not include measurement errors, e.g.
due to loudspeaker responses and reflections from the physi-
cal setup of a loudspeaker array, and reflections from the room
in which the loudspeakers are placed.

The outline of this paper is that a general introduction to the
implementation of loudspeaker auralisation reproduction with
PARISM is given, then the implementations of three repro-
duction methods with PARISM are outlined, and lastly these
reproduction techniques are compared in terms of the men-
tioned parameters for a small rectangular room with absorbing
surfaces.
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II. LOUDSPEAKER AURALISATIONS FROM PARISM

PARISM combines the image source method (ISM) with
acoustical radiosity (AR) with the phase information included
in the image source method,8 and it is an extension of the un-
phased CARISM.10 The ISM models the specular reflections
and AR models the scattered reflections. Image sources are
terminated adaptively by comparing the acoustic energy in the
specularly reflected sound field and the scattered sound field.
To create loudspeaker auralisations, the impulse responses for
the two parts of PARISM, ISM and AR, are found separately
and then summed. The response, S i(t), for loudspeaker chan-
nel i is thus found as

S i(t) = S i,IS M(t) + S i,AR(t). (1)

A. The image source method (ISM)

The basic assumption of the image source method (ISM) is
that a reflection of a source by a surface can be described by
mirroring the source in the surface.11 In PARISM, the ISM is
implemented in the frequency domain, so a contribution Pq( f )
is added to the frequency response for each image source q.
This contribution is panned to a loudspeaker array with gain
factor, gq,i for each loudspeaker i in the array that can be de-
termined by HOA, VBAP or NL. The resulting frequency re-
sponse for loudspeaker i is thus found as the sum of the contri-
butions from the Nq image sources, and the impulse response
for each loudspeaker, S i,IS M(t), is found by inverse Fourier
transform.

Pi,IS M( f ) =

Nq
!

q=1

gq,i Pq( f ), S i,IS M(t) = F
−1 "Pi,IS M( f )

#

. (2)

The gain factors are normalised such that
$

i gq,i = 1.

B. Acoustical radiosity (AR)

AR is an energy-based method in which surface elements
exchange acoustic energy.8,12 These energy contributions are
collected at the receiver, which results in energy impulse re-
sponses in octave bands. For implementation of the reproduc-
tion techniques, an energy impulse response at the receiver
due to each AR surface element is determined in each octave
band. For element j and octave band k this is denoted wk, j(t).
A pressure impulse response at the receiver due to each ele-
ment j is reconstructed by

p j(t) =

Nk
!

k=1

%&

ρ c2 wk, j(t) q j(t) ∗ hk(t)
'

, (3)

where Nk is the number of octave bands, hk(t) is the impulse
response of the octave band filter k, ρ is the density of air,
and q j(t) is a Gaussian noise signal for element j with zero
mean and unit variance. Uncorrelated noise signals for each
element are used. Due to the randomness in q j(t), repeating
the realisation of Eq. (3) will give slightly different results
each time. The impulse response from AR of loudspeaker i is

found by

S i,AR(t) =

Nelem
!

j=1

g j,i p j(t), (4)

where Nelem is the number of surface elements, g j,i is the gain
factor for element j and loudspeaker channel i. The gain fac-
tors are normalised such that

$

i g j,i = 1.

III. REPRODUCTION TECHNIQUES

A. Higher order Ambisonics

The procedure described here is heavily inspired by the
method of the LoRA toolbox2 for auralisations from the room
acoustical simulation tool ODEON1 using higher order Am-
bisonics (HOA). Ambisonic auralisation is based on decom-
posing the sound field into spherical harmonic components.
The decomposed sound field is then encoded to obtain am-
bisonic signals for the loudspeakers in the array. The encoding
and decoding is done in a single step, and the gain factors in
Eqs. (2) and (4) are defined from the encoding and decoding.2

A known issue for HOA is that the reconstruction of the
sound field is theoretically only valid for the centre of the
array.2 Positions outside of the centre will have errors that de-
pend on the distance from the centre and on the frequency.
The error of not listening exactly in the centre increases with
frequency. A frequency limit at which the reproduction error
on the pressure is around 4 %13 can be found as2

flim = (Mc)/(2π r), (5)

where M is the ambisonic order, c is the speed of sound in air
and r is the radius from the centre within which the receiver
is assumed to be located. Therefore, another decoding called
max rE has been suggested, which is a method that attempts
to preserve the total energy within the radius r.2 Two version
of HOA are implemented here. One where basic decoding is
used for both ISM and AR in the entire frequency range, and
one where maxrE-decoding is applied to the ISM part above
the defined frequency limit. Only basic decoding is used for
AR due to the diffuseness of this part of the sound field. This
is similar to the procedure in the LoRA toolbox,2 where basic
encoding is used for the late reflections.

For ”max rE”-decoding the frequency response for loud-
speaker i must thus be determined in two parts that are high
and low pass filtered respectively. The total ISM frequency
response is thus found as

Pi,IS M =

Nq
!

q=1

Pq( f )
(

gq,i,l Hl( f ) + gq,i,h Hh( f )
)

, (6)

where Hl is a low pass filter with a cut-off frequency corre-
sponding to the limiting frequency, Hh is a high pass filter with
the same cut-off frequency, gq,i,l is the gain factor correspond-
ing to basic decoding and gq,i,h is the gain factor correspond-
ing to ”max rE”-decoding. In the rest of this note basic HOA
refers to higher order Ambisonics with basic decoding for the
full frequency range and HOA ”max rE” refers to higher or-
der Ambisonics with ”max rE”-decoding for high frequency
ISM.
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B. Vector-base amplitude panning

Pulkki14 has developed a method of panning the incom-
ing sound to the nearest loudspeakers by the method he calls
vector-base amplitude panning. When this method is applied
in 3D, the loudspeaker array is divided into bases consisting
of 3 loudspeaker. For each reflection, the base nearest to the
direction of the reflection is found and is referred to as the
active triangle. In PARISM, a reflection can be either the con-
tribution from an image source or the contribution from an AR
surface element. The reflection is panned to the 3 loudspeak-
ers in the active triangle with according gain factors. There-
fore, the gain factors in Eqs. (2) and (4) have three non-zero
values.

C. Nearest loudspeaker

The simplest method of panning the impulse response to
the loudspeaker array is to choose the loudspeakers nearest
to the directions of the reflections in the impulse response.
For the image source method part of PARISM this means that
a loudspeaker is picked for each image source, and for AR
a loudspeaker is picked for each surface element. The gain
factors in Eqs. (2) and (4) are thus 1 for the active loudspeaker
and zero for all others.

IV. METHOD OF VALIDATION

The test case is a rectangular room. It is based on an exist-
ing room at the Technical University of Denmark (DTU), but
no measurements from the room are included in this work.
Two walls of the room are absorbing and two diffusers are
placed on the floor. Note that the somewhat unusual surface
arrangement of the room is due to it being designed for a lis-
tening experiment, not reported here. Fig. 1 shows a sketch
of the room, where the two grey walls are those that are ab-
sorbing and the two grey areas on the floor are where the dif-
fusers are placed. The volume of the room is 42.8 m3 and the
Schroeder frequency of the room is around 200 Hz.

The absorbing characteristics of the floor, the ceiling, the
hard walls and the diffusers are described by absorption co-
efficients, whereas complex reflection factors are used for the
two absorbing walls. The material characteristic impedance of
the absorbers is calculated using Miki’s model15 for a porous
absorber with a flow resistivity of 47.7 kPa s

m2 . The reflection
factor is then found by modelling the reflection from a porous
absorber with a thickness of 4 cm on rigid backing.16 Scatter-
ing coefficients describe the scattering characteristics of the
surfaces. The values for the absorption and scattering coeffi-
cients are chosen based on realistic values for the materials in
the physical room at DTU, and they can be found in Table I.

The sampling frequency of the simulations is 23 kHz in or-
der to include frequencies up to the octave band with 8 kHz as
centre frequency.

The impulse response of the room is simulated with
PARISM for six source-receiver combinations, see Table II.
The spatial mean and standard deviation of the monaural room
acoustical parameters reverberation time T20, early decay time
EDT, deutlichkeit D50 and sound strength G, as defined in

FIG. 1. The room (dimensions: 4.38 x 3.29 x 2.97 m) used for the
simulations. The two grey walls are the absorbing walls and the grey
areas of the floor are where the scattering is increased to represent
diffusers.

TABLE I. The input data for the simulations. α f w is the absorption
coefficient of the non-absorbing walls and the floor, αceil is the ab-
sorption coefficient of the ceiling, αdi f absorption coefficient of the
diffusers, s f wc is the scattering coefficient of the walls, sw2 is the scat-
tering coefficient of the left and right walls on Fig. 1, and sdi f is the
scattering coefficient of the diffusers.

f [Hz] 63 125 250 500 1 k 2 k 4 k 8 k

α f w 0.021 0.025 0.034 0.035 0.035 0.057 0.068 0.070
αceil 0.23 0.18 0.11 0.071 0.070 0.070 0.070 0.070
αdi f 0.090 0.17 0.21 0.64 0.81 0.70 0.46 0.44
s f wc 0.021 0.030 0.039 0.040 0.050 0.077 0.080 0.080
sw2 0.031 0.041 0.040 0.040 0.060 0.080 0.090 0.110
sdi f 0.025 0.089 0.31 0.78 0.99 0.94 0.76 0.74

ISO 3382-1,17 are shown in Fig. 2. The speech transmis-
sion index18 (STI) was also calculated. It is a single-number
rating of the speech intelligibility, calculated from modula-
tion transfer functions (MTFs) with different modulation and
carrier frequencies. The carrier signals used here are octave
bandpass filtered noise signals, and the weights applied to the
octave bands are those defined by Houtgast and Steeneken19

that are not gender specific. The mean STI is 0.728 with a
standard deviation of 0.0096.

The binaural parameter interaural cross correlation17

(IACC) is used to evaluate the spatial characteristics of the
reproduced sound field. IACC calculated from the first 80 ms
of an impulse response is believed to be related to the appar-

TABLE II. The source and receiver positions

Source Receiver

x [m] y [m] z [m] x [m] y [m] z [m]

Pair 1 2.8 1.5 1.5 1.8 1.5 1.2
Pair 2 3.4 1.3 1.5 1.4 2.4 1.2
Pair 3 2.6 1.1 1.5 3.3 2.3 1.2
Pair 4 1.5 2.1 1.5 2.7 1.1 1.2
Pair 5 1.5 2.1 1.5 1.1 1.0 1.2
Pair 6 2.6 1.1 1.5 1.2 1.1 1.2
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FIG. 2. The mean and standard deviation of T20, EDT, D50, G,
IACCE and IACCL of the single-point PARISM simulations in the
six source-receiver combinations.

ent source width and IACC calculated from the part of the
impulse response after 80 ms is believed to be related to the
listener envelopment.20 They will hereafter be referred to as
early IACC (IACCE) and late IACC (IACCL), respectively.
The head related impulse responses (HRIRs) used in the IACC
calculations are taken from the CIPIC HRTF database.21

Via three reproduction methods, the impulse responses at
the center of the array are simulated by summing the 64 chan-
nel loudspeaker impulse responses, and the same acoustic pa-
rameters are calculated. Taking the sum of the loudspeaker
impulse responses is an idealised representation of a measure-
ment with an omnidirectional microphone placed exactly in
the centre of the array, assuming that the array is placed in an
anechoic room, and that the loudspeakers and the microphone
have flat frequency responses. Two further receiver positions
in the loudspeaker array are considered, and all three are il-
lustrated in Fig. 3, where it is seen that position 2 roughly
corresponds to the location of the right ear of a listener with
their head in the centre of the array. To obtain the impulse re-
sponses that correspond to measuring in positions 2 and 3, de-
lays and attenuation factors are calculated with the loudspeak-
ers modelled as point sources to take into account that the dis-
tances to the receiver from the loudspeakers are no longer the
same as they are for the center of the loudspeaker array. These
delays are applied to their corresponding loudspeaker impulse
responses before the summation.

The regarded loudspeaker array corresponds to a physical
setup at the Technical University of Denmark and is known as
AVIL (Audio Visual Immersion Lab), see Fig. 4. It consists
of 64 loudspeakers placed on a sphere with a radius of 2.4

1 2

3

6.75 cm

19.1 cm

FIG. 3. Illustration of the simulated receiver positions, relative to a
head placed in the center of the loudspeaker array. Position 1 is thus
the centre of the array.

FIG. 4. The array of 64 loudspeakers

m. It has been chosen not to use mixed order for the present
investigation, and the highest single Ambisonics order for the
setup is five. This is used in Eq. (6) along with a radius of r =
0.1 m, which roughly corresponds to the radius of a human
head. The cut-off frequency between basic HOA decoding
and max − rE-decoding is then chosen to be 2828 Hz, which
corresponds to the upper cut-off frequency of the 2 kHz octave
band.2

V. RESULTS

The errors of EDT, T20, D50 and G of the processed loud-
speaker array responses with reference to the single-point
PARISM response are calculated for the six simulated source-
receiver combinations, and the spatial mean and standard de-
viations are shown in Figs. 5 to 7 for the four different repro-
duction methods; HOA max rE , basic HOA, VBAP and NLS.
For EDT and T20 the relative errors are given, whereas the
absolute errors are given for D50 and G due to how their just
noticeable differences (JNDs) are defined. An absolute error

Reproduction methods 4



is defined as

∆X = XLS − XPARIS M , (7)

where XLS refers to a parameter calculated from the loud-
speaker array response and XPARIS M refers to a parameter cal-
culated from the single-point PARISM response. A relative
error is defined as

δX =
XLS − XPARIS M

XPARIS M

100%, (8)

where the definitions are the same as for Eq. (7). The grey
areas indicate the JNDs as defined in ISO 3382-1.17

HOA ”max rE” has large errors at high frequencies in the
centre position of the array, see Fig. 5. G is overestimated
and T20 and EDT are underestimated. ∆G is similar to what
was seen for the validation of LoRA toolbox2 and is due to the
”max rE”-decoding. The large errors in the reverberation time
are possibly due to the fact that the ”max rE”-decoding is only
applied to the ISM part of the impulse response, which is dom-
inant in the early part of the response. The ”max rE”-decoding
increases the high frequency energy, but in the present imple-
mentation it does so only for the early part of the impulse
response where ISM is dominant. This will increase the slope
of the total decay, thus decreasing the reverberation time. The
errors for the basic HOA, VBAP and NLS are close to zero
in the centre position. In positions 2 and 3, see Figs. 6 and
7, there are negative errors on G at high frequencies for basic
HOA and VBAP. In position 2, there are errors on the ”max
rE” HOA parameters, so for this position the error introduced
by the ”max rE”-decoding is larger than the error of HOA. For
position 3, the error on G is smaller for HOA ”max rE” than
basic HOA, and ”max rE”-decoding must be said to improve
the reproduction for this off-centre position in the array. Over-
all, the errors on these monaural parameters are smallest for
the NL reproduction.

The means and standard deviations of the errors of the STI
of the reproductions are shown in Fig. 8, where all errors are
within one JND. Generally, the HOA reproductions overesti-
mate the STI slightly for positions 1 and 2.

STI is a single-number parameter that is derived from mod-
ulation transfer functions (MTFs). For speech, the MTFs for
the 500 Hz and 2 kHz octave bands are of particular impor-
tance, so these are regarded. The means and standard devi-
ations of the errors of the MFTs as a functions of the mod-
ulation frequencies 0.63, 1, 1.16, 2.5, 4, 6.3 and 10 Hz are
shown in Figs. 9 and 10. A positive error means that the mod-
ulation of the reproduction is higher than that of the PARISM
response. A higher modulation occurs when the energy ratio
of the early to the late part of the impulse response is higher.
It is seen that the errors using the HOA ”max rE” are largest
at 2 kHz, which is probably ascribed to the fact that the ”max
rE”-decoding is applied only to the ISM. This again indicates
that applying the ”max rE”-decoding only on ISM changes
the ratio between early and late energy. The errors for HOA,
VBAP, NL are similar.

Lastly, the errors of early IACC and late IACC are com-
pared. Position 2 in the array is not used because the HRIRs in
themselves introduce a shifts from the centre that will roughly
correspond to the distance to this positions. Position 3 is in-
cluded to see the potential influence on IACC for a listener
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FIG. 5. The errors of the room acoustical parameters calculated for
receiver position 1. The grey area indicates the JNDs of the param-
eters.
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FIG. 6. The errors of the room acoustical parameters calculated for
receiver position 2. The grey area indicates the JNDs of the param-
eters.

that is not positioned in the centre of the array. In Fig. 11, it is
seen that the reproduction errors on the early IACC are nearly
within one JND if the listener is positioned in the centre of
the array. But for the late IACC, there are large reproduction
errors with HOA ”max rE”, HOA and VBAP at high frequen-
cies. Positive errors mean that the reproduced sound field is
less diffuse than the original simulation. The NL reproduc-
tions produced the smallest errors for the monaural parame-
ters, and Fig. 12 shows that this method is also robust when
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FIG. 7. The errors of the room acoustical parameters calculated for
receiver position 3. The grey area indicates the JNDs of the param-
eters.
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regarding IACC in positions outside of the centre of the array.

VI. CONCLUDING REMARKS

Three reproduction methods have been applied to be able
to create loudspeaker auralisations from the phased geometri-
cal room acoustical simulation method PARISM. With respect
to the objective room acoustical parameters regarded here, it
was shown that by choosing the best reproduction technique
most reproduction errors are below one JND. Panning with
the nearest loudspeaker method seems to be most robust for
the regarded parameters and receiver positions. It should be
noted that the loudspeaker array used for the present investi-
gation is a relatively dense array. An array with fewer loud-
speakers might behave differently. This would also mean that
the order of the HOA auralisations must be reduced because
the maximum order depends on the number of loudspeakers.

To complete the validation of the PARISM auralisations,

FIG. 9. The errors of the MTFs calculated for receiver position 1.
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FIG. 10. The errors of the MTFs calculated for receiver position 2.
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FIG. 11. The error of the IACC for position 1 in the array. Left:
early (first 80 ms). Right: late (after the first 80 ms).

63 125 250 500 1k 2k 4k 8k

Octave bands [Hz]

0.4

0.2

0.0

0.2

0.4

∆
IA
C
C
E

63 125 250 500 1k 2k 4k 8k

Octave bands [Hz]

0.4

0.2

0.0

0.2

0.4

∆
IA
C
C
L

HOAmax rE HOA VBAP NLS

FIG. 12. The error of the IACC for position 3 in the array. Left:
early (first 80 ms). Right: late (after the first 80 ms).
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perceptual studies should be carried out. It is of interest to de-
termine whether the colouration that seems to occur for HOA
with ”max rE”-decoding will be perceived, and whether this
is more perceivable than the colouration that can occur for ba-
sic HOA by listening off-centre positions in the array. Since
NL seemed to be the most robust method, it is furthermore
relevant to investigate whether there are errors in the spatial
perception that are not captured by this objective study. This
could for instance be localisation errors for sources that do
not coincide with a loudspeaker position or the perception of
a moving source.
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ABSTRACT 
Sound-field auditory steady-state response (sound-field ASSR) measurement is an objective alternative for 
hearing aid fitting validation in infants. For including the hearing aid in the signal path, the stimulus is 
presented via a loudspeaker. In this case, ASSR can be affected by the head orientation of the participants 
and the measurement room resulting from the change in degree of modulation of the stimulus in the 
measurement room. Eleven normal hearing participants were tested for three static head-orientations relative 
to the loudspeaker in two different rooms. A speech modified NB CE-Chirps stimulus was used to eventually 
force the hearing aid under test to provide the correct gain. The rooms chosen for measurement were an IEC 
listening room (T30 of about 0.5 s) and an anechoic chamber (reference condition). A dynamic head-
orientation condition comparable to a real head-movement was simulated by randomly combining the 
responses from the three static head-orientation measurements. The results show a limited influence of head 
orientation on ASSR level. However, at 4 kHz, a significant reduction in ASSR level was observed when the 
test ear was oriented away from the loudspeaker. The overall mean ASSR level in the IEC room was reduced 
by 2.5 dB with reference to the anechoic condition. 
Keywords: auditory steady-state response (ASSR), hearing-aid validation, head-movement 

1. INTRODUCTION 
The improvement in newborn hearing screening has resulted in infants being prescribed with 

hearing aids at a tender age down to two months. The standard validation tools like aided audiometry 
or questionnaires are ineffective in these circumstances. Hence, an objective electrophysiological 
method called steady-state auditory response (ASSR) measurement is considered (1). In sound-field 
ASSR, the stimulus is presented through a loudspeaker to include the hearing aid in the signal path. 
This approach comes with several challenges. The reverberation time and background noise of the 
measurement room can affect the modulation depth of the signal resulting in a reduced ASSR level 
(2). The head-orientation of the infant during the recording may also affect the ASSR level. These two 
challenges associated with the sound field ASSR were investigated in this study. 

The effect of the room on the ASSR was first examined using simulated room environments (2). 
This study instead measured sound-field ASSR in two real rooms to investigate the effect of the room. 
The two rooms were an anechoic chamber and an IEC standard listening room (T30~0.5 s) The ASSR 
was recorded at three pre-defined static head-orientations to investigate the effect of head-movement. 
The static head-orientations were considered as the analysis blocks (“epochs”) will be rejected during 
the actual head-movement due to increase in EEG noise floor resulting from the muscle activity and 
strain during the movement. Hence, the resultant ASSR in this condition would be an average across 
the different static head orientations over the whole measurement period. A dynamic head-orientation 
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condition was simulated from the static head-orientation responses for mimicking the response of 
natural head-movement during the measurement.  

The recorded responses were post-processed and statistically analyzed for comparing the ASSR 
level, detection time, EEG-noise levels, and detection rate for the defined measurement conditions. 
For choosing a favorable position for the ASSR measurement in the room, modulation power analysis, 
a useful tool in characterizing the efficacy of the stimuli for ASSR measurement (3), was performed.  

2. METHODS AND MATERIAL 
The measurements were carried out on 11 normal hearing test subjects (6 males and 5 females) 

with a mean age of 25 years. All the participants gave written informed consent and were compensated 
for their participation. The study was conducted under the approval of the Science-Ethics Committee 
for the capital region of Denmark. 

  The stimulus used for the measurement was an ISTS-modified NB CE-Chirp (3). This stimulus 
has speech like properties, which is critical in the validation of hearing aids in their normal mode of 
operation, to ensure that correct gain and signal processing features are activated. Each one-octave 
band CE-chirp (4) was modified by applying the frequency-specific envelope of the International 
Speech Test Signal (5). The response evoked by each octave-band is identified by the repetition rate 
at which it was presented. Four-octave band CE-chirps were used, centered at 0.5, 1, 2, and 4 kHz 
with repetition rates of 90.8, 94.7, 102.5 and 96.7 Hz, respectively. The basic NB-CE chirp was 
created with a 32-kHz sampling frequency and 65536 samples per epoch, corresponding to a period 
of 2.048 seconds. 

The participants were lying down comfortably on a bed, and the room was darkened during the 
measurement. Only one ear was stimulated at a time, while the other ear was blocked using an earplug. 
Standard 4-electrode montage (high forehead reference, ipsi- and contra-lateral mastoids active, and 
cheek ground) were used for the ASSR recording. A custom-made MATLAB software loaded to a 
laptop controlled the playback and recording. The stimulus was routed to an in-house built two-way 
coaxial loudspeaker, placed 1 meter above the test subject’s head, through an audio chain comprising 
of an RME Fireface UC soundcard, a graphic equalizer, a custom-made crossover filter, two 
attenuators, and an audio power amplifier. The Interacoustics Eclipse unit was used as the front-end 
to deliver the line-level EEG signal to the RME Fireface UC soundcard. 

To evaluate the effect of head-movement, three static head-orientation conditions were defined, 
namely, No Head-Movement (NHM), Towards the Speaker (TS) and Away from the Speaker (AS). 
These head-orientation conditions were characterized concerning the position of the test ear in relation 
to the loudspeaker. In the NHM condition, the participants were instructed to not to move their head 
and look straight at the speaker for the entire duration of the measurement. Then, the participants were 
asked to move the test ear towards the speaker and hold that position for the TS condition. For AS, 
the participants moved the test ear away from the speaker. This is illustrated in Figure 1. The head-
orientation of the participants for the TS and AS conditions were not constrained to a specific angle 
but were left to the test subject’s comfort and convenience, to keep muscle artifacts in the EEG signals 
to a minimum. 

 
Figure 1: Static head-orientation conditions with reference to left ear (stimulated ear): (a) No Head-

Movement (NHM), (b) Towards the Speaker (TS), and (c) Away from the speaker (AS) 
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Two room conditions were identified to understand the effect of the room on the ASSR 
measurement. The first one was an anechoic chamber of dimension 4.8m x 4.1 m x 2.9 m (L x W x 
H). This chamber is considered anechoic from 100 Hz to 10 kHz. The second one was IEC 60268-13 
standard listening room henceforth referred to as the IEC room. The IEC room (7.52 m x 4.74 m x 
2.76 m) with a T30 of about 0.5 seconds is comparable to a clinical room, albeit somewhat larger than 
a typical clinic. The anechoic chamber was considered the reference condition. The results from the 
IEC room were compared with those from the anechoic chamber to understand the effect of the room. 

Before conducting the actual ASSR measurement, an un-normalized modulation power analysis of 
the stimulus was performed. This analysis intends to predict the ASSR efficacy of the stimulus (3) in 
a given room and head-orientation condition. The stimulus was convolved with the impulse responses 
recorded using a HATS and a DIRAC system for every defined room and head-movement condition. 
This convolved stimulus was then passed through a gammatone filter bank having 24 filters 1/24th 
octave spaced apart representing the auditory filter with respect to the octave bands of interest (0.5 
through 4 kHz). Edge effects were removed for the aperiodic speech-modified stimulus by multiplying 
the sample epochs of each Hilbert envelope by a raised cosine window. Then a discrete Fourier 
transform was applied on the gated envelopes, and the resulting modulation power was averaged 
across the epochs and the 24 gammtone filter bands. The modulation power at each octave frequency 
band was evaluated at the fundamental corresponding repetition rate (ignoring the higher harmonics). 
The modulation power analysis was used to screen out un-favorable measurement positions.  

The ASSR was recorded for all the participants at first in the anechoic chamber and then in the 
IEC room for the three defined static head-orientation conditions and for both ears. Special care was 
taken to measure with low EEG noise levels (henceforth referred to as noise level), meeting the 
rejection ratio of 40 µV. A simple F-detector (6) comparing the power at the repetition rate to the 
average power across 10 frequency bins on either side of the repetition rate was used to evaluate the 
detection of the first harmonic at the repetition rate in question. A Bonferroni corrected 1% error rate 
was used for this test. The measurement was concluded once the F-statistics for all four octave-bands 
were above the F-critical value, or after a maximum of 20 minutes of recording time. Continuous 
averaging of response and noise frequency bins improved the signal to noise ratio. 

A simulated dynamic head-orientation condition comparable to real head-movement was 
constructed by combining one-third of each static head-orientation recording for each participant. 
Initially, the responses were truncated to the length of the recording with the least number of epochs, 
and these responses were divided into three parts. Then, one of the three parts of each static head-
orientation condition was chosen randomly and combined in a random order to simulate the dynamic 
head-orientation condition. This is illustrated in Figure 2. 

 

 
Figure 2: Illustration of simulated dynamic head-orientation condition. 

Subsequently, the recorded responses were post-processed along with the simulated dynamic head-
movement response. Three primary outcomes: noise-corrected ASSR level, detection time, and noise 
level were considered. In addition, detection rates were calculated. The noise corrected ASSR level 
(referred as ASSR level hereafter) was calculated as the difference between the estimated power at 
the response harmonic and the noise power (6) converted to dB for a better assessment of relative 
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changes across conditions. The detection time was determined as the first time a response was detected 
with an F-detector using a 5% error rate in the successive weighted average. Any corrections for the 
repeated measure was thus ignored. A log10 transformation (relative to 1 s) of the determined detection 
time was performed, and this log-transformed detection time is termed Tlog. The log transformation 
was found to yield a more even distribution of residuals in the statistical analysis (3). The noise level 
was estimated by averaging the noise power in the 10 bands on either side of the response harmonic 
with respect to a specific repetition rate. The frequency bins close to 50 Hz line-noise, other know 
interferences, and any other repetition rate harmonics were excluded. The noise level thus determined 
was later adjusted to the level that would have been found at a testing time of 100 s. This was achieved 
by adding 10 x log10 (t/100) to the noise level (in dB) of the whole recording, where t is the full 
recording time. This level is termed L100. This adjustment was necessary as the noise is expected to 
be lower with longer measurement time. As explained above, some measurements were concluded 
after reaching the F-critical value, which means that the recording time of each measurement need not 
be 20 minutes.  

The three outcomes of the post-processing: ASSR level, Tlog, and L100 were analyzed using a linear 
mixed model, whereas the detection rate was analyzed using non-parametric statistical tests. In the 
mixed effects model, the participants (TP: 1, 2, 3..., 11) were considered a random effect. The fixed 
effects considered were: test ear (TE: Left and Right), room conditions (RC: Anechoic and IEC), head-
orientation condition (HOC: NHM, TS, AS, DHM), and stimulus frequency (FREQ: 0.5, 1, 2, and 
4 kHz). Estimated marginal means (7) were determined for the best-fit model, and a post-hoc analysis 
comparing the means was performed using the Tukey method (8).  

3. Results 
The mixed model ANOVA results for the three primary outcomes are shown in Table 1. For the 

ASSR level and L100 models, the test subject was found to be significant (p<0.001***).  
 

Table 1: Summarized mixed model ANOVA results. Only the significant main effects and interactions are 

presented. ***p<0.001, **p<0.01, *p<0.05 
 ASSR level  Detection Time (Tlog)  Noise Level (L100) 

Factor F statistics Pr(>F)  F statistics Pr(>F)  F statistics Pr(>F) 
FREQ F(3,612)=35 <0.001***  F(3,662)=6 <0.001***    

RC F(1,612)=83 <0.001***  F(1,662)=4 0.011**  F(1,678)=41 <0.001*** 
HOC F(3,612)=11 <0.001***       

HOC:FREQ F(9,612)=6 <0.001***       
HOC:RC       F(3,678)=9 <0.001*** 
HOC:TE       F(3,678)=4 0.006** 

RC:HOC:TE       F(3,678)=5 0.002** 
 

3.1 ASSR Level 
The plot concerning the effect of stimulus frequency, head-orientation, and room conditions is 

shown in Figure 3. Even though the third order interaction is not significant, it helps to visualize all 
the significant effects in a single plot, in combination with post-hoc testing (Tukey HSD). Regarding 
the main effect of FREQ, the post-hoc analysis showed that levels at 0.5 and 1 kHz were significantly 
smaller than those at 2 and 4 kHz (all p<0.001). The significant main effect of room (RC) indicates 
lower levels in the IEC room. The overall mean reduction in ASSR level in the IEC room was 
approximately 2.5dB. For the main effect of head orientation (HOC), the post-hoc analysis shows that 
only the AS condition is significantly different from the other three (all p<0.05). Finally, regarding 
the significant HOC:FREQ interaction, the post-hoc results show a significant difference only for the 
AS condition at 4 kHz (p<0.001). 
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Figure 3: Estimated marginal mean ASSR level plotted across stimulus frequency, room condition, and 

head-orientation. Error bar indicates 95% confidence interval.    

3.2 Detection Time 
Figure 4 shows that the higher frequencies (2 and 4 kHz) had lower detection times than the lower 
frequencies (0.5 and 1 kHz). Also, from Figure 5, it can be seen that detection times in the IEC room 
were significantly higher than those from the anechoic chamber.  

 

Figure 4: Estimated marginal mean detection time 

corresponding to stimulus frequency. Error bar 

indicates 95% confidence interval 

Figure 5: Estimated marginal mean detection time 

corresponding to room conditions. Error bar indicates 

95% confidence interval 
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3.3 Noise Level 
Figure 6 shows the plot concerning the effect of head-orientation, test ear, and room condition on 

L100. The most interesting result is the significant reduction in noise level in the IEC room. The post-
hoc results for the interaction RC:HOC showed that the major contributor to the overall decrease in 
the noise level in the IEC room was the TS condition. For the significant HOC:TE interaction, the 
post-hoc result showed a significant difference between the NHM and TS condition for the left ear. 
The post-hoc analysis on the third order RC:HOC:TE interaction revealed that the difference in noise 
level at IEC and anechoic chamber were most significant for TS condition for both left and right ears 
(both p<0.001). 

 

 
Figure 6: Estimated marginal mean noise level L100 (dB re. 1nV) plotted across head-orientation, test ear, 

and room condition. Error bar indicates 95% confidence interval. 

3.4 Detection Rate 
An overall detection rate of 91% was obtained (63 non-detections out of 703 data points). The 

results presented in Table 2 show higher detection at higher frequencies (2 and 4 kHz). The AS 
condition had the lowest detection rates in both anechoic and IEC room. A Fisher exact test revealed 
that the reduction in aggregate detection rate at IEC room (89%) compared to the anechoic chamber 
(93%) was significant (p=0.017).  

 
Table 2: Detection rate in percentage across stimulus frequency, head-orientation conditions, and room 

conditions. 

FREQ 
Anechoic Chamber IEC Room FREQ 

(Aggregate %) NHM TS AS DHM NHM TS AS DHM 

0.5 kHz 95 95 86 91 82 91 68 82 86 

1 kHz 95 91 86 91 82 95 91 82 89 

2 kHz 100 100 100 95 95 100 100 95 98 

4 kHz 100 95 77 100 100 100 64 86 90 

HOC (Aggregate %) 98 95 87 94 90 97 81 86  

RC (Aggregate %) 93 89  
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4. DISCUSSION 
 The general trend in the ASSR levels concerning the stimulus frequency is in good agreement 

with the previous study (3), with higher ASSR levels towards higher frequencies (except for the AS 
condition at 4 kHz). It is concluded that the effect of head-movement on ASSR level was limited 
because the ASSR level for DHM condition corresponding to real head-movement was not 
significantly different from NHM condition. However, if the head is oriented as in AS condition for 
the entire time of recording, this could result in a significant reduction of ASSR level at 4 kHz. The 
observed decrease in ASSR level at 4 kHz for AS condition can be attributed to the head-shadow 
effect. The mean reduction of ASSR level of 2.5 dB in the IEC room compared to the anechoic 
chamber is associated with the change in acoustics. The reflections from the surfaces and edges in the 
IEC room can alter the degree of modulation of the stimulus resulting in a reduced ASSR level. 

The detection times generally showed an inverse pattern relative to the ASSR level, in agreement 
with the previous study (3). It is expected that an increase in ASSR level is accompanied by a reduced 
detection time, as the criterion signal-to-noise ratio is reached faster with a strong signal. The 
detection rates also showed close relation to the ASSR level, with the higher detection rates at higher 
frequencies and a significantly reduced detection rate in the IEC room. 

The noise level results were peculiar; the reduction in noise level in the IEC room was unexpected. 
It could be speculated that the participants were more relaxed and comfortable in the IEC room. 
During the informal discussion after the measurement, some participant commented that the sound 
from the speaker in IEC room was more diffused and appealing than the sharp and uncomfortable 
sound in the anechoic chamber. However, a couple of participants felt the anechoic chamber to be 
more relaxing. There can also be an order effect as the measurements were first performed in the 
anechoic chamber. Also, most of the participants did not have prior experience with participating in 
electrophysiological experiments. All these could have resulted in an increased noise level in the 
anechoic chamber. 

5. CONCLUSIONS 
The aim of the study was two-fold: primarily to understand the effect of head-movement on sound-

field ASSR and secondarily to understand the influence of the measurement room. The measurements 
were carried out in an IEC standard listening room and anechoic chamber with three predefined static 
head-orientation conditions.  

 
The main findings from the study are: 
 

• The comparison of results for NHM and DHM head-orientation condition indicates a 
minimal effect of head-movement on ASSR. DHM is considered comparable to a real head-
movement. However, the AS condition at 4 kHz can influence the overall ASSR level and 
can have serious implication in a clinical setting. 

 
• The change in acoustics in the IEC room resulted in an overall mean reduction of 2.5 dB 

in the ASSR level compared to the anechoic chamber. This establishes the influence of the 
measurement room on ASSR measurements.  
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