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ABSTRACT

For the synthesis of virtual acoustics it is common practiceto sim-
ulate early reflections and late reverberation by differentrendering
models, e.g., an image source model for the early reflectionsand
a statistical model for the late reverberation. A binaural room im-
pulse response synthesized by the late reverberation modelcan be
smoothly combined with the early reflections by applying a fade-in
function. In this paper we present a new algorithm for “shoebox”
room geometries which derives such a fade-in function directly
from the parameters of the image source model.

1. INTRODUCTION

Real-time modeling of room acoustics is used in diverse fields
of applications, e.g., for pure entertainment purposes in computer
games or for predicting room acoustics in the field of architectural
acoustics. While a perceptual approach [1, 2, 3] is appropriate for
the former example, the latter requires a physical approach[4].
Ray-tracing techniques [5] or variants like beam-tracing [6] or
cone-tracing [7] allow for an efficient simulation of high-order re-
flections. Such techniques are frequently used in physically-based
auralization software [8, 9, 10, 11, 12]. They can be furtherex-
tended to also incorporate portions of diffuse reflections [13, 14].
Hybrid models distinguish between early and late reflections, e.g.
by using an image source method [15] to yield deterministic early
reflections [16].

Due to the diffuse character of the late reverberation, artificial
reverberators are used in perceptual approaches for modeling late
reverberation [17, 18]. Artificial reverberators constructed from
all-pass filters and comb filters [19, 20, 21, 22] or feedback-delay
networks [23] are frequently combined with the early reflection
rendering module by a serial connection [1, 2, 21, 22]. Sincethe
computational load of a convolution with a room impulse response
is no longer a restriction for a real-time implementation ona cur-
rent PC [24], convolution-based reverberators can be a goodalter-
native for a state-of-the-art auralization software. Statistical time-
frequency models which use a random noise signal and a filterbank
for the synthesis of an artificial reverberation tail [20] can com-
pletely avoid the coloration which can be observed for not properly
tuned filter networks [25].

As the determination of the propagation paths and the involved
reflections are part of the ray-/beam-/cone-tracing algorithm, it can
easily be combined in a hybrid physical approach with an im-
age source model. In a hybrid perceptual approach where an im-
age source model is used together with an artificial reverberation

model, a strategy for the combination has to be found. This can
be done by adding the late reverberation after a certain amount
of time, e.g. by using a single delay in the case of a feedback-
delay network or by using a fade-in function for a synthesized
impulse response. As 80-100 ms have been found in psycho-
acoustical investigations as the point where the late reverberation
starts [26, 27], this would be a proper choice for the delay. How-
ever, it would be desirable if the combination strategy could be
derived from the model as it is the case in the physically-based
hybrid model.

In this paper we focus on hybrid perceptual approaches which
simulate specular reflections based on physical principles. Further
details about our implemented software (“tinyAVE”) and an ex-
planation how we generate early reflections and late reverberation
with a matching timbre can be found in [3]. Examples for a proper
choice of the rendering parameters like, e.g., the frequency depen-
dent reverberation time are given in [24]. Audio examples can be
found in [28].

2. COMBINATION OF EARLY AND LATE
REVERBERATION MODELS

A shoebox room results in a regular pattern of image sources where
each image source belongs to a certainimage source room. These
image source rooms are mirrored versions of the simulated room.
If an image source model simulates early specular reflections up
to a certain order, the corresponding image source rooms form to-

Figure 1: Geometrical structure which results from all image
source rooms up to the second order for a shoebox geometry
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gether a space which is covered by the model. An example for this
joined image source space resulting from all image source rooms
up to the second order is shown in Fig. 1.

The basic idea of our algorithm is that we can yield perfectly
matched early and late reverberation rendering models if the late
reverberation model covers the space which is not covered bythe
image source model. Figure 2 shows a cross section of the image
source space shown in Fig. 1 to illustrate this idea. The crosses
in this figure mark the image sources which result from the sound
source, marked by a bold cross, in the simulated shoebox room.
The corresponding image source rooms are indicated by the white
areas. The gray area marks the space which is not covered by
the image source model and thus has to be covered by the late
reverberation model. For a receiver located in the center ofthe
room, the two circles with radiusr andr + dr indicate the spher-
ical shell which contributes to the room impulse responseh(t) in
the infinitesimal short time periodt . . . t + dr

c
, wherec denotes

the speed of sound. The volumeV (ct) = A(ct)dr of this in-
finitesimal thin spherical shell consists of two parts, the volume
Vm(ct) = Am(ct)dr which belongs to the image source model
and the volumeVl(ct) = Al(ct)dr which belongs to the late re-
verberation model.

The ratio Vl(ct)
V (ct)

= Al(ct)
A(ct)

contains the information about the
optimally matched contribution of the late reverberation model to
the room impulse responseh(t) in the infinitesimal short time pe-
riod t . . . t + dr

c
. We therefore propose to match the rendering

models by using the ratioAl(ct)
A(ct)

= 1 − Am(ct)
A(ct)

. This can be im-
plemented by adjusting

a) the intensity profile or

b) the echo density profile

of the late reverberation tail. Figure 3 shows an example forthe
areaAm(ct) of the intersection surface which may remind the
reader of afootball1. This figure results from the intersection of

1soccer ball (Amer.)

Figure 2:Cross section of the image source space shown in Fig. 1
(white area) with discrete image sources (crosses) and space which
should be covered by the late reverberation model (gray area)

Figure 3:AreaAm(ct) which results from the intersection of the
surface of a sphere with the radiusct = 10 m and all image source
rooms with an order of 3 or less for a room geometry of 4.7 x 4.2
x 3.2m3. The ratio of the intersection surface area and the sphere

surface area yields the fade-in functionf(t) =
q

1 − Am(ct)
A(ct)

for

the late reverberation tailh(t).

the surface of a sphere with the radiusct = 10 m and all image
source rooms with an order of 3 or less for a room with the geom-
etry 4.7 x 4.2 x 3.2m3.

2.1. Adjustment of the Intensity Profile

The intensity profile of the late reverberation tail can be adjusted
to match the image source model based on the following consid-
eration. Let us assume that the rendering model for the late rever-
beration is capable of generating a diffuse room impulse response
eh(t) containing ideally diffuse late reverberation. An ideallydif-
fuse sound field can be be represented by a superposition of trav-
elling plane waves where the phases and propagation directions
are a stochastic process [29]. The diffuse room impulse response
eh(t) can also be regarded as a superposition of sparse impulse re-
sponsesehi(t) containing the contributions of the plane waves that
propagate with directions within a small solid angle. If an audio
signal s(t) is convolved witheh(t), this can be represented by a
superposition of all convolutions ofs(t) with ehi(t),

ey(t) = s(t) ∗
X

i

ehi(t) (1)

=
X

i

s(t) ∗ ehi(t) (2)

=
X

i

eyi(t) . (3)

For a diffuse sound field, we can assume that the sparse impulse re-
sponsesehi(t) for disjunct directions are uncorrelated. A convolu-
tion of a mono signal with uncorrelated impulse responses decor-
relates the signal, and a sum of uncorrelated signals with equal
power spectral densities results in a power spectral density which
is proportional to the number of signals. By attenuatingey(t) or
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eh(t) with a gain factor
√

α we yield the same power spectral den-
sity that can be expected for the case that we take only a portion
α ∈ [0, 1] of all possible propagation directions into account. In
our case, the portion of propagation directions that are taken into
account for the late reverberation rendering model is a function of
time, quantified by the ratioAl(ct)

A(ct)
,

α(t) =
Al(ct)

A(ct)
= 1 − Am(ct)

A(ct)
. (4)

Thus, our fade-in function which adjusts the intensity profile can
be specified as follows:

f(t) =

s
1 − Am(ct)

A(ct)
. (5)

The reflection densityD(t) in a shoebox room,

D(t) = 4π
c3t2

V
, (6)

is proportional to the volumeV (ct) of the infinitesimal thin spher-
ical shell [29]. The same applies to the sphere surfaceA(ct).
Hence, the ratioAm(ct)/A(ct) which results in our fade-in func-
tion f(t) is equal to the ratio of the reflection densityDm(t) of the
image source model and the theoretical reflection densityD(t) in
a shoebox room,

Am(ct)

A(ct)
=

Dm(t)

D(t)
. (7)

Consequently,f(t) can also be determined by estimating the re-
flection densityDm(t) of the image source model, e.g., by means
of a kernel-based smoothing method [30].

2.2. Adjustment of the Echo Density Profile

If the late reverberation rendering model synthesizes a room im-
pulse response according to a given echo density profilep(t), it
can be matched to the rendering parameters of the image source
model. A superposition of sparse impulse responses for disjunct
directions results in a superposition of their echo densityprofiles.
Thus, we can adjust the echo density profileep(t) by multiplication
with the portion of directionsα(t) that are taken into account at
time t,

p(t) =

„
1 − Am(ct)

A(ct)

«
ep(t) . (8)

This adjustment relies on the assumption that the propagation di-
rections are uniformly distributed in a truly diffuse soundfield.

2.3. Approximation of the Intersection Area

The intersection areaAm(ct) can be numerically calculated by
the sum over all intersection areasAm,k(ct) wherek denotes the
image source room. Each intersection areaAm,k(ct) is delimited
by intersection curves which result from the intersection of the
surface of the image source roomk and the sphere surface. Each
intersection areaAm,k(ct) can then be approximated by triangles
as shown in Fig. 3. The accuracy of this approximation method
depends on the number of triangles - more triangles result ina
higher accuracy but also in a higher computational complexity.

The intersection areas have to be calculated for a great num-
ber of discrete points in time to yield the fade-in functionf(t). We

have developed a fast approximation method for the calculation of
the intersection areasAm,k(ct) to reduce the computational com-
plexity. Instead of approximating the area of convex surfaces by
a multitude of triangles, we transform the geometry of the image
source rooms so that the intersection area can be approximated by
plane areas. This can be achieved by the following steps:

1. Rotate each image source room around the origin so that
the center is transformed to the z axis.

2. Replace the z coordinates of the rotated image source room
corners by the distance of the corners to the origin.

3. Determine for each distorted image source room the points
on the edges of the shoebox room which have the z co-
ordinatect. These points define a plane polygon whose
areaeAm,k(ct) is an approximation for the intersection area
Am,k(ct).

The first step allows us to approximate the area of the convex in-
tersection surface by the area of a plane polygon which is parallel
to the x-y plane. The second step ensures smooth transitionsbe-
tween adjacent image source rooms. The polygon area which is
determined in the third step can be calculated using determinants,

Apoly =
1

2

 ˛̨
˛̨ xn x1

yn y1

˛̨
˛̨+

n−1X

i=1

˛̨
˛̨ xi xi+1

yi yi+1

˛̨
˛̨
!

, (9)

where Apoly is the area of a polygon specified by the corners
[xi, yi]

′.
The proposed procedure underestimates the areaA(ct) of the

sphere surface, because the considered areas are not convex. This
deviation can be compensated in first order by an additive constant
λ. AsAm(ct) is only a part of the sphere area, we compensate our
estimateeAm(ct) by adding the compensation offsetλ weighted
with the area ratio,

Am(ct) ≈ eAm(ct) + λ
eAm(ct) + λ

A(ct)
. (10)

We determine the offsetλ by the difference of the exact value
A(ct0) = 4π(ct0)

2 and the estimated valueeAm(ct0) for the largest
radiusct0 which completely fits into the image source space,

λ = 4π(ct0)
2 − eAm(ct0) . (11)

This results inf(t) = 0 for t = t0 which is the actual “starting
point” of the fade-in function,

f(t) =


0 t ≤ t0

∈ [0, 1] else
. (12)

Usingt0 for the determination of the offset thus means fullfilling
the constraint of an exact solution forf(t) at the “starting point”
of f(t). Figure 4 shows a normalized plot of the intersection area
eAm(ct) obtained from our fast approximation procedure, a nor-
malized plot of the sphere surfaceA(ct) to illustrate the offset
λ, the resulting fade-in functionf(t), and the deviation from the
fade-in functionf∆(t) obtained from the triangle approximation
method. We observe that the difference of the resulting fade-in
functions is neglectable small.
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Figure 4: Normalized plot of the intersection areaeAm(ct) for a
6.65 x 4.90 x 3.50m3 room obtained from the fast approximation
method for image sources up to the fourth order, normalized plot of
the sphere surfaceA(ct), resulting fade-in functionf(t), and de-
viation from the fade-in functionf∆(t) obtained from the triangle
approximation method

3. SYNTHESIS OF LATE REVERBERATION

The adjustment methods for the late reverberation described in
Sec. 2.1 and Sec. 2.2 can easily be implemented with a statistical
time-frequency model. Moorer suggested to use a random noise
signal attenuated by a frequency dependent exponential decay for
the synthesis of an artificial late reverberation tail [20].The adjust-
ment of the intensity profile using a fade-in functionf(t) for such
a model is shown in Fig. 5. The echo density profile can be taken
into account for a discrete noise signal by thinning out the random
noise signalg(n) to a desired densityp(n) [3],

s(n) =


g(n) u(n) ≤ p(n)/fs

0 else
, (13)

wheres(n) is a sparse version of the noise signal at the sampling
frequencyfs using an additional random signalu(n) which is uni-
formly distributed between 0 and 1.

sl(t)

sr(t)

ei(t)

ei(t)

f(t)

f(t)

hl(t)

hr(t)filter bank

filter bank

Figure 5: Generation of an artificial binaural late reverberation
tail hl(t) andhr(t) from uncorrelated white noisesl(t) andsr(t);
the frequency-dependent reverberation time is adjusted bythe ex-
ponential decayei(t) in frequency bandi; the fade-in function
f(t) is used for a smooth combination with the early reflection
model

4. INFORMAL LISTENING TEST

In order to evaluate our proposed method, we conducted infor-
mal listening tests with audio examples which differ only bythe
used fade-in function as shown in Fig. 6. In addition to our pro-
posed fade-in function, we used a linear fade-in function asapplied
by Braasch [31], and a step function which emulates an artificial
reverberator with a pre-delay. For the pre-delaytstep, we used
the mean of the starting pointt0 and the end pointt1 of our pro-
posed fade-in function. The four selected listeners (“A”, “B”, “C”,
and “D”) play at least one musical instrument and have experi-
ence with artificial reverberators. All listeners are between 25 and
35 years old and are normally-hearing as verified recently byan
audiogram. We asked them to rate the naturalness of the stimuli
on a scale between 0 (“bad”) and 100 (“excellent”). We selected
two virtual rooms with different reverberation times (a small hall
with T60 = 1.4 s and a large hall withT60 = 1.8 s) for our test.
As stimuli, we chose two pieces of music, a soft piano improvi-
sation and a Jazz tune which also includes drums (“Cantaloupe
Island”, Herbie Hancock). The listening test was conductedusing
four Genelec 2029BL loudspeakers in 1.3 m distance at±30◦ and
±110◦. Table 1 lists the ratings of the test listeners, the mean value
µ, and the standard deviationσ.

5. DISCUSSION AND FUTURE WORK

The listeners of the informal listening test reported that they were
able to detect the acoustical defect caused by the gap in the im-
pulse response of the “pre-delay” stimulus. In three out of the
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Figure 6:Fade-in functions (dashed) used for the informal listen-
ing test; the room impulse responses (solid, gray) were synthesized
for a multi-speaker setup as described in [3, 24]; a) step function,
b) linear function, c) result of the proposed method

4



Proc. of the EAA Symposium on Auralization, Espoo, Finland,15-17 June 2009

room music fade-in function “A” “B” “C” “D” µ σ
small hall piano only pre-delay 85 50 80 50 66.25 18.87
small hall piano only linear 87 85 80 50 75.5 17.25
small hall piano only proposed method 86 70 80 90 81.5 8.70
small hall piano + drums pre-delay 86 60 70 85 75.25 12.53
small hall piano + drums linear 88 60 70 85 75.75 13.12
small hall piano + drums proposed method90 80 70 70 77.5 9.57
large hall piano only pre-delay 84 35 85 70 68.5 23.36
large hall piano only linear 87 10 90 70 64.25 37.22
large hall piano only proposed method 86 40 90 95 77.75 25.43
large hall piano + drums pre-delay 86 50 75 70 70.25 15.06
large hall piano + drums linear 86 60 80 80 76.5 11.36
large hall piano + drums proposed method86 45 80 60 67.75 18.80

Table 1:Naturalness as rated by four selected listeners (“A”, “B”, “C”, and “D”), mean µ, and standard deviationσ for two simulated
rooms of different size and two different stimuli

four selected scenarios, the stimulus based on our proposedfade-
in function got the highest mean rating. However, due to the over-
lapping confidence intervals of the test results (e.g.,2σ for a95%
confidence interval), this preference is not statistical significant.
In reverse, there is no evidence, that our proposed combination
method is significantly worse than previously used methods.As
our method relies on a solid theoretical foundation, we havegood
reasons to prefer it over the other methods.

As the fade-in functionf(t) is applied to a randomly generated
impulse response, we can assume that a deviation from the exact
solution is tolerable to some extend. Thus, we can sub-sample and
interpolate the fade-in functionf(t) between the “starting point”
t0 and the “end point”t1 to further reduce the computational com-
plexity for the determination of an approximated version off(t).
E.g., for a shoebox room of the ratio 1.9 : 1.4 : 1.0 and specular
reflections up to the fourth order, using 100 sample points provides
a sufficient accuracy and requires less than one second calculation
time on a current PC (0.16 s with our C++ implementation and
0.82 s with our Matlab implementation on a PC with a 2.1 GHz
Core2 Duo processor).

A shoebox shaped room results in a quite simple solution for
an optimal combination method due to its simple geometry. Even
though a shoebox geometry is sufficient for applications where no
specific room geometry is required, this is a clear restriction. For
those cases where a shoebox geometry is not applicable, the in-
tersection principle discussed in this paper could be applied to ar-
bitrary geometries based on a beam-tracing algorithm wherethe
visible parts of the image source rooms are constructed fromthe
beams.

The presented combination method ensures that the late re-
verberation model takes over the part which is not covered bythe
early reflection model. Even though this results in a smooth tran-
sition, this constitutes a model which simulates either specular or
diffuse reflections. A more realistic result could be achieved by
also adding portions of diffuse reverberation to specular reflec-
tions. The amount of diffuse reverberation can be determined from
the absorption coefficients as proposed by Kuttruff [32]. Bydis-
assembling the intersection areaAm(ct) into areasSn(ct) which
belong to image source rooms of a certain ordern,

Am(ct) =
NX

n=0

Sn(ct) , (14)

we have detailed information about the contributions of there-
flections of a certain order at a given timet. From a weighted
sum of the contributing portions, we can derive a fade-in function
fd(t) in addition tof(t) which adds portions of diffuse reverbera-
tion to the specular reflections. IntinyAVEwe have implemented
the approximation method described in Sec. 2.3 by a loop over
all image source roomsk and by summing up the intersection ar-
easAm,k(ct). Instead of summing upAm,k(ct) to a single vec-
tor Am(ct), we could compute a set of vectorsSn(ct) by adding
Am,k(ct) to Sn(k)(ct) in our loop. This would not even increase
the computational complexity.

6. CONCLUSIONS

We proposed a new method for matching a late reverberation model
and an image source model for shoebox shaped rooms. This al-
lows the diffuse late reverberation to be matched to the early spec-
ular reflections with regard to the parameters of the image source
model. In our approach, we also take the room extension in all
three dimensions into account. If one room dimension is signifi-
cantly larger or smaller than the others, the rendering models are
combined accordingly.

We presented two possible adjustment methods for matching
the late reverberation tail, i.e. by adjusting the intensity profile or
by adjusting the echo density profile. We showed how the adjust-
ment functions for these profiles can be derived from the intersec-
tion of the space covered by the image source model and a sphere
surface and how it can be included into a statistical time-frequency
late reverberation model.

Furthermore, we presented a computational efficient method
for the approximation of the above mentioned intersection area.
We showed that our approximation results in neglectable small de-
viations for the resulting fade-in function. We showed how the
computational complexity can be further reduced by sub-sampling
and interpolation. An interpolated version of the fade-in function
which provides sufficient accuracy can be determined in lessthan
one second calculation time on a current PC.

In an informal listening test with four expert listeners we ob-
served that our proposed combination method got the highestmean
rating in three out of four scenarios. Even thought this is not sta-
tistical significant, there is evidence that our proposed method is
in terms of naturalness at least comparable to previously applied
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methods. As our method relies on a solid theoretical foundation, it
is our preferred method.
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