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ABSTRACT

Both the quality and immersion of binaural auralization benefit from head movements and individual measurements.
However, measurements of binaural room impulse responses (BRIRs) for various head rotations are both time
consuming and costly. Hence for efficient BRIR synthesis, a separate measurement of the listener-dependent part
(head-related impulse responses, HRIR) and the room-dependent part (RIR) is desirable. The room-dependent
part can be measured with compact first-order microphone arrays, however the inherent spatial resolution is
often not satisfying. Our contribution presents an approach to enhance the spatial resolution using the spatial
decomposition method in order to synthesize high-resolution BRIRs that facilitate easy application of arbitrary
HRIRs and incorporation of head movements. Finally, the synthesized BRIRs are compared to measured BRIRs.

1 Introduction

The binaural auralization of acoustic environments
or the virtualization of an acoustic scene is typically
achieved by convolving a source signal with measured
binaural room impulse responses (BRIRs) (individual
or using an artificial head) and a subsequent playback
over headphones [1, 2]. Typically, the BRIR measure-
ments are both time consuming and costly as the arti-
ficial head or each future listener has to be carried to
the room to be measured. Moreover, BRIRs have to be
measured for various head-rotations in order to allow
for dynamic binaural rendering.
Dynamic binaural rendering of object-based audio with
BRIRs typically requires a switching of the IRs [3],
while rendering using a BRIR represented in Ambison-
ics (scene-based audio) allows for simple rotation by
a frequency-independent matrix multiplication [4, 5]

while keeping the IRs of the binaural renderer static.
An efficient and versatile method for BRIR synthe-
sis requires a separation in a listener-dependent and
a room-dependent part [6, 7]. The listener-dependent
part is typically described by high-resolution far-field
head-related impulse responses (HRIRs), and the room-
dependent part contains the spatio-temporal informa-
tion at the listening position. The most efficient way
(little hardware effort) to capture the room-dependent
part employs a first-order microphone array. However,
it has been shown in [8] that the first-order representa-
tion of RIRs is not sufficient to preserve decorrelation
in the reverberation and results in decreased perceived
spatial depth for loudspeaker playback.
Higher directional resolution can be achieved by higher-
order microphone arrays (e.g. mh acoustics eigenmike)
or by directional sharpening of the first-order RIRs us-
ing the spatial decomposition method (SDM) [9].
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In this method, directional sharpening is achieved by as-
signing a discrete direction to each sample of the omni-
directional RIR, where the directions are estimated us-
ing e.g. the pseudo-intensity vector (PIV) method [10].
SDM allows for a re-encoding of the measured RIR to
any desired Ambisonics order. However, directional
sharpening of the RIRs leads to an unnatural increase
of the reverberation time at high frequencies, especially
when using high encoding orders and thus, an order-
dependent spectral correction is necessary [8, 11].
In this paper we present an efficient method for syn-
thesizing BRIRs using measured first-order/4-channel
(tetrahedral microphone array, see Fig. 1(b)) RIRs fol-
lowed by directional sharpening and a convolution with
pre-measured high-resolution HRIRs of an artificial
head [12]. In a listening experiment, the synthesized
BRIRs are compared to BRIRs, which were measured
with the same artificial head (KU 100, see Fig. 1(a)).
Experiments are conducted for different rooms (dif-
ferent reverberation times), various source positions,
and evaluate the perceptual attributes of source width,
source distance and diffuseness. The tested BRIR syn-
thesis methods include measured first-order RIRs, and
directionally sharpened RIRs using different Ambison-
ics orders, as well as mapping to the nearest direction
available in the HRIR grid.

(a) Neumann KU 100
artificial head.

(b) TSL ST450 4-channel
Ambisonic B-format micro-
phone array.

Fig. 1: Measurement equipment used.

2 Measurement-Based BRIR Synthesis

There are various approaches for obtaining BRIRs from
measured RIRs of a compact, first-order spherical mi-
crophone array, see Fig. 2. The two-staged process
consists of (i) extraction of directional information and
recombination in the Directional RIR stage followed
by a (ii) combination of the room-dependent and the
listener-dependent part (HRIRs) in the Rendering stage.

2.1 Directional RIR

For efficient and low-effort measurements we suggest
using a compact first-order tetrahedral spherical micro-
phone array, albeit any 3D array configuration can be
used. We define the discrete-time single-input-multiple-
output (SIMO) RIRs h(t), x(t), y(t), z(t) as the re-
sponses of the four-channel output of the ST450 array
(see Fig. 1(b)) after deconvolution by the measurement
signal. The four channels (B-format) correspond to
a RIR measurement with four independent directivity
patterns: omnidirectional for h(t), figure-of-eight in x
for x(t), y for y(t), and z-direction for z(t). Similar to
the SDM approach [9], we assign a DOA θθθ(t) to each
discrete-time sample t of the RIR h(t).

For the DOA estimation, we suggest using the pseudo-
intensity vector (PIV) approach in the frequency range
from 200Hz and 3kHz where the directivity patterns
of the microphone can be regarded as coincident and
clean [10]. We perform a zero-phase band limitation
(e.g. by MATLAB’s filtfilt) denoted by F200−3k and
a zero-phase smoothing FL of the resulting PIV us-
ing a moving-average time window on the interval
[−L/2;L/2] for L = 16 around each sample and get
the DOA estimate

θθθ(t) =
θ̃θθ(t)
‖θ̃θθ(t)‖

, with (1)

θ̃θθ(t) = FL

F200−3k
{

h(t)
}

F200−3k


x(t)

y(t)
z(t)




θθθ(t) as Cartesian unit vector.

2.2 Rendering Methods

In order to obtain the synthesized BRIRs, the direc-
tional RIR is combined with the listener-dependent part,
the HRIRs. Now let us consider an arbitrary HRIR set

AAA(t) = [aaa1(t), · · · ,aaap(t), · · · ,aaaP(t)], (2)

aaap(t) = [al
p(t),a

r
p(t)]

T , (3)

where (·)l,r indicates the left and right ear, (·)T is the
transpose operator, the index p indicates the p−th di-
rection defined by the normalized Cartesian direction
vector θθθ p = [xp,yp,zp]

T of the HRIR sampling grid,
and P is the total number of HRIRs.

AES 144th Convention, Milan, Italy, 2018 May 23 – 26
Page 2 of 10



Zaunschirm, Frank, and Zotter BRIR synthesis using 1st-order array

Measuring of
SIMO RIR

1× 4

DOA estimation

Omnidirectional

denoising

4

4 θ

h(t)

DOAs and
Omnidirectional RIR

Combination of

Direcitonal RIR

using PIV

RIR 1

4

Ambisonics
Encoding

4

N = 1

HRIRs

Select Nearest
4

P

P

Binaural Renderer

Ambisonics
Encoding

N

(N + 1)2

HRIR

S
y
n
th
es
iz
ed

B
R
IR

s

4
for order N

Directional RIR Rendering

θ(t)θθ

θ(t)

Fig. 2: Block diagram of BRIR synthesis. The measured SIMO RIRs are used for extracting an omnidirectional
RIR and corresponding DOA estimates at the receiver location. In the rendering stage the directional RIR is
either represented in the Ambisonics domain (see Eq. (8)) and rendered via a state-of-the-art Ambisonics
renderer or directly rendered by selecting a HRIR from a pre-measured data set, see Eq. (4).

The synthesized BRIRs are either obtained by (i) time-
variant selection of the HRIR direction nearest to the
estimated DOA θθθ(t), or (ii) binaural rendering of the
directional RIR represented in Ambisonics.

2.2.1 Nearest Neighbor Selection

With the unit vector θθθ(t), the BRIR synthesis by selec-
tion of the nearest-neighbor HRIR pair al,r

p (t) is

BRIRl,r
NNP

(t) =
T−1

∑
τ=0

h(τ)al,r
p̃(τ)(t− τ), (4)

p̃(t) = argmax
p

θθθ
T
p θθθ(t), (5)

where p̃(t) corresponds to the HRIR sampling grid
index that is closest to the DOA estimation at discrete
time index t, and T is the length of h(t).

2.2.2 Ambisonics

The omnidirectional impulse response h(t) is mixed
using the time-dependent direction-of-arrival vector
θθθ(t) to get a first version of a higher-order Ambisonics
room impulse response

h̃nm(t) = Y m
n [θθθ(t)]h(t), (6)

where Y m
n (θθθ) are the N3D-normalized, real-valued

spherical harmonics of order n and degree m eval-
uated at the direction θθθ , and N is the maximum order.
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Fig. 3: Energy decay relief (EDR) in a third-octave
band with center frequency of 2 kHz. Solid
and dashed lines indicate the order partitioned
EDR before and after equalization as defined in
Eqs. (6) and (7), respectively.

A fast variation of the direction of arrival θθθ(t) causes
strong amplitude modulation and destroys narrow-band
spectral content in h̃nm(t) by spectral whitening; typi-
cally, the longer low-frequency reverberation tails are
hereby mixed towards higher frequencies, causing un-
naturally long reverberation there [8, 11], cf. solid
lines in Fig. 3. Therefore, the response h̃nm(t) needs
spectral correction. To this end, third-octave filtering
h̃nm(t)=∑b Fb{h̃nm(t)} is useful, where the b-th sub-
band signal with center frequency fb is obtained
by perfectly reconstructing zero-phase filters Fb.
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The time-variant envelope wb
n(t) accomplishes spectral

correction of the sub-band response

Fb{hnm(t)}= Fb{h̃nm(t)} wb
n(t), (7)

with wb
n(t) =

√
2n+1

4π

√
FT
{
Fb{h(t)}2

}
∑m FT

{
Fb{hnm(t)}2

} ,
and an averaging time T (e.g. 10 ms), as derived in
appendix A. Dashed lines in Fig. 3 show corrected
energy decays of higher-order Ambisonic RIRs for the
third octave fb = 2 kHz and the orders n = {1,3,5,7}.

From hnm(t) = ∑b Fb{hnm(t)} the BRIRs for an order
N are synthesized by

BRIRl,r
AN
(t) =

T−1

∑
τ=0

N

∑
n=0

n

∑
m=−n

bl,r
nm(τ)hnm(t− τ), (8)

where bl,r
nm(t) is any state-of-the-art FIR binaural Am-

bisonic renderer (e.g. [13]) of the length T , or the one
favored here that was defined in [14]. Its frequency-
dependent time-alignment of the HRIR set and a
diffuse-field constraint can significantly improve both
the coloration as well as localization accuracy of binau-
rally rendered Ambisonic signals represented by practi-
cal orders N < 7.

3 Evaluation

The proposed BRIR synthesis methods are compared
and evaluated via both technical measures including
the reverberation time (T30), early decay time (EDR),
clarity index (C80), apparent source width (ASW) de-
fined as 1− IACCE , and a listening experiment against
a reference BRIR.
The reference BRIRs are recorded in real rooms be-
tween a single Genelec 8020 loudspeaker and the KU
100 artificial head using the exponentially swept sine
method [15]. All SIMO RIRs of the ST450, which are
the basis of the synthesized BRIRs (see Fig. 2), are
measured with the same source, at the same position,
and using the same excitation signal.
Overall the test conditions include (i) three different
rooms at the IEM Graz, and (ii) two different directions
or source and receiver distances at a fixed source- and
ear-height of 1.3m. In all measurements the source is
directed towards the artificial head/microphone array.
The measured rooms, directions φ (azimuth angle with
origin in center of the artificial head, and positive x-axis
through the nose) and source-receiver distance r are

• Production studio (PS): volume 127m3, base area
42m2, T60 ≈ 0.4s. Directions: φ = 0◦, and φ =
90◦. Source distance r = 2.3m.

• CUBE (CU): volume 620m3, base area 130m2,
T60 ≈ 0.7s. Directions: φ = 0◦, and φ = 90◦.
Source distances r = 2.3m, and r = 4m.

• Corridor (CO): volume 210m3, base area 64m2,
T60 ≈ 1.4s. Direction φ = 0◦. Source distance
r = 10m.

For synthesis we used the omni-directional (W-channel)
of the ST450 output and for rendering a far-field HRIR
data set of the KU 100 measured at overall P = 2702
sampling points [12]. The tested synthesis methods
include

• Direct rendering (DR) of the measured B-format
RIRs, see Eq. (8).

• Nearest neighbor rendering with the entire HRIR
set (NN2k), with a subset consisting of 6 HRIRs at
the front, left, back, right, top, and bottom (NN6),
and a subset of 6 HRIRs at front-left, back-left,
back-right, front-right, top, and bottom (NN6̃),
see Eq. (4).

• Rendering using the directionally sharpened RIR
with orders N = {1,3,5,7}. The corresponding
synthesized BRIRs are abbreviated as A1, A3, A5,
A7, respectively.

3.1 Technical Measures

In the following section, the measured reference and
synthesized BRIRs are analyzed in terms of technical
measures as defined in [16]. For all measures which
require a single channel input, the BRIRs of the left and
right ear are averaged and parameters are calculated
with the Lundeby method [17] which is employed in
the AcMus toolbox [18]. As the RIRs are measured for
multiple directions and source distances, the parameters
are averaged to give a single value per room.

3.1.1 Reverberation Time

The typical measure for the energy decay rate in a
room is the reverberation time, which is typically calcu-
lated via the Schroeder backwards integration in octave
bands between 250 Hz and 8 kHz [16]. The resulting
T30 values for all synthesis methods and for each of the
measured rooms are depicted in Fig. 4. As expected,
little variation is observed across the rendering meth-
ods as the processing not alters the energy decay of the
measured omnidirectional response.
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Fig. 4: Reverberation time T30 in octave bands between 250 Hz and 8 kHz for the three evaluated rooms.
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Fig. 5: Early decay time (EDT) in octave bands between 250 Hz and 8 kHz for the three evaluated rooms.

3.1.2 Early Decay Time

According to [16] the early decay time (EDT) is con-
sidered to be a more appropriate technical measure for
the reverberance of a room than the reverberation time.
As the EDT is based on the slope of the 10dB drop in
the normalized energy decay curve (EDC), early reflec-
tions contribute more significantly to the EDT when
compared to the reverberation time. While the EDTs
for PS and CO are well aligned with the reference (AH),
a deviation can be observed for CU at the lower octave
bands, see Fig. 5. In [16] the JND for EDT is quantified
as 5%, however it is pointed out in [19] that the JND is
highly dependent on the source signal and that JNDs
between 25% can be expected.

3.1.3 Clarity and Definition

The technical measures of speech intelligibility and
transparency of music as defined in [16] are the def-
inition (D50) and clarity (C80), respectively. Results
for the reference and synthesized BRIRs are shown in
Fig. 6. For most conditions and rooms the results show
little deviation to the reference (2dB clarity change in
CU, and 5% definition change in CO). As expected,
clarity and definition are higher in rooms with lower
T30, cf.. Fig. 4. According to the JNDs given in [16]
(1dB for clarity, and 5% for definition) the worst case
deviations lie between 1-3 JNDs (NN6̃ in CU).
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Fig. 6: Single number clarity C80 and definition D50
for all rooms (averaged between 500 Hz and
1 kHz octave band).

3.1.4 Apparent Source Width

In [20] the apparent source width ASW is defined as
apparent auditory width of the sound field created by
a performing entity as perceived by a listener and
modeled via a measure related to the interaural cross-
correlation coefficient (IACC). Here the IACC is cal-
culated in the integration interval between [0,80]ms
and (1− IACC[0,80]ms) is depicted in Fig. 7. It can be
seen that DR, NN6, and NN6̃ show significant devi-
ations from the reference (JND for IACC is defined
frequency-independent as 0.075 in [16], although it has
been shown in [21] that the JNDs strongly depend on
the reference condition and range from 0.08−0.35).

PS CU CO

rooms

0

0.2

0.4

0.6

0.8

1

Fig. 7: (1− IACC[0,80]ms) for all rooms and BRIR syn-
thesis methods.

3.2 Listening Experiment

For the common technical measures, which are based
on energy decay or ratios, no clear difference is ob-
served between the reference (AH) and synthesized
BRIRs, see Sec. 3.1. In order to evaluate audible dif-
ferences, a listening experiment was conducted. The
experiment compared the above-mentioned synthe-
sis/rendering methods (DR, A1, A3, A5, A7, NN2k,
NN6, and NN6̃) in a MUSHRA-like [22] procedure
against the artificial head AH as a reference.
Note that global timbral deviations between the refer-
ence and the synthesized BRIRs, which occur due to
spatial aliasing [23], array imperfections (encoding)
and microphone frequency responses, are equalized
with a single global minimum-phase equalization filter
for all synthesis methods and both ears.
The comparison evaluated 3 attributes that seemed rea-
sonable from informal listening by the authors:
• Width: how wide is the source spread and how

blurry is the localization of the direct sound?
• Diffuseness: how evenly is the reverberation dis-

tributed, are distinct spatial areas audible?
• Distance: how far is the source perceived?

As the localization of the direct sound was only altered
by the NN6̃ renderer, this attribute was omitted.
The experiment included all 7 room conditions (PS
(r = 2.3m) and CU (r = {2.3,4.0}m) for source direc-
tions of φ = 0◦,90◦ and CO (r = 10m) for φ = 0◦). It
was divided into 3 parts, one for each attribute. The
parts were performed in random order and within each
part, room conditions and rendering methods were also
randomized. The source signal were the first 5 sec-
onds of the EBU female German speech recording [24].
Playback employed equalized AKG K702 headphones
powered by an RME Multiface.
6 listeners with experience in spatial audio (all male,
average age 33 years) participated in the experiment
and it took them on average 56 minutes.

3.2.1 Results

For each attribute, room condition, and listener, the
answers were normalized to a maximum absolute dif-
ference of 1 to the reference. The results for width
and diffuseness could be summarized over all 7 room
conditions. However for distance, their was a clear sep-
aration into two groups: one with frontal direct sound
(4 conditions) and one with direction sound from the
side (3 conditions).
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Fig. 8: Median values and corresponding 95% confi-
dence intervals for perceived width, summariz-
ing all 6 listeners and 7 room conditions.
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Fig. 9: Median values and corresponding 95% confi-
dence intervals for perceived distance, summa-
rizing all 6 listeners and 4 room conditions
with frontal direct sound (PS (r = 2.3m), CU
(r = {2.3,4.0}m), and CO (r = 10.0m) for
φ = 0◦).

Direct rendering of the 1st-order RIR (DR) was per-
ceived significantly wider (p ≤ 0.018) than all other
rendering methods and the reference AH, cf. Fig. 8.
Width decreases with the Ambisonics order, so that A5
and A7 (p > 0.11) are not distinguishable from AH.
Although from the NN renderers only NN2k is signifi-
cantly wider than the reference AH (p = 0.026), NN6
and NN6̃ exhibit an undesirable large spread.

NN6 and NN6̃ yield significantly less even diffuse-
ness than all other renderers and the reference AH
(p≤ 0.015), whereas both are not significantly differ-
ent, see Fig. 10. All remaining renderers are not distin-
guishable from AH (p > 0.12) and among themselves
(p > 0.065).
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Fig. 10: Median values and corresponding 95% con-
fidence intervals for perceived diffusity, sum-
marizing all 6 listeners and 7 room conditions.
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Fig. 11: Median values and corresponding 95% con-
fidence intervals for perceived distance, sum-
marizing all 6 listeners and 3 room conditions
with lateral direct sound (PS (r = 2.3m), CU
(r = {2.3,4.0}m) for φ = 90◦).

As Fig. 9 shows, NN6̃ yields the smallest distance of
all renderers (p << 0.001) for frontal direct sound. N6
yields farther results (p≤ 0.016) than most renderers,
except for DR and A1 (p > 0.067). DR, all Ambisonic
renderers, and NN2k are indistinguishable from the
reference AH (p > 0.15).

For direct sound from the side, cf. Fig. 11, the perceived
distance significantly increases from DR to A1 to A3
to A5 (p≤ 0.01). Further increasing of the order to 7
does not significantly increase the distance (p = 0.071),
however A7 is the only Ambisonic renderer that is
indistinguishable from the reference AH (p = 0.093).
Moreover, all NN renderers are not distinguishable
from the reference AH (p > 0.33), however NN6̃ again
exhibits an undesirable large spread.
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3.3 Discussion

While from the technical measures only the IACC in-
dicates differences between the tested renderers, the
listening experiment revealed significant differences
for all evaluated attributes. Except for diffuseness and
distance of frontal sources, the direct binaural render-
ing of the 1st-order RIR (DR) significantly deviates
from the measured BRIR (AH). Unsurprisingly, the
deviation decreases with the Ambisonic order of the
directionally sharpened RIRs. With an order of 7, the
synthesized BRIR is indistinguishable from the mea-
sured BRIR. Similarly good results are obtained for
NN2k. In most cases, the BRIRs synthesized by the
nearest neighbor renderers with only 6 directions (NN6
and NN6̃) largely differ from the measured BRIR and
their results have a large spread. Their results also
strongly depend on whether the direction of the direct
sound coincides with the directions of the selectable
HRIRs. Moreover, the sparse mapping to 6 directions
also impairs the evenness of the reverberation, resulting
in reduced diffuseness.

4 Conclusion

In this contribution we presented an efficient two-
staged measurement-based BRIR synthesis method,
which allows for subsequent incorporation of arbitrary
HRIRs. In the first stage, the measured SIMO RIRs
of a compact tetrahedral microphone array are used
for both the extraction of the omnidirectional RIR and
time-variant DOA estimation, similar to SDM [9]. In
a rendering stage the omnidirectional RIR and DOA
estimates are either used for (i) nearest neighbor ren-
dering to directions available in the HRIR set or (ii)
Ambisonic rendering of a directionally sharpened RIR.
Listening experiments compared the synthesized
BRIRs against the measured reference BRIRs for 3
rooms with different acoustic characteristics and source
positions. Using Ambisonic rendering, an order of 7
yields results that are indistinguishable from the ref-
erence in terms of distance, width, and diffuseness.
Reduction of the Ambisonic order increases the devi-
ation from the reference. Interestingly, the sharpened
1st-order Ambisonic rendering outperforms the direct
rendering of the measured 1st-order RIRs.
The nearest neighbor rendering with P= 2702 HRIR di-
rections yields similar results to 7th-order Ambisonics;
results for using P = 6 directions show strong devia-
tions from the reference and undesirably large spread
and are therefore not recommended.

Moreover, the higher-order representation of the direc-
tional RIR allows for rotation of the acoustic scene
via a frequency-independent matrix multiplication to
account for head movements prior to rendering with a
static set of filters for BRIR synthesis.
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A Spectral Correction of Directionally
Sharpend RIRs in Ambisonics

The squared impulse response after SDM upmixing is

h̃2
nm(t) = |Y m

n [θθθ(t)]|2 h2(t), (9)

and due to the pseudo-allpass property
∑

n
m=−n |Y m

n (θθθ)|2 = 2n+1 of the orthonormal spherical
harmonics,

∫
S2 |Y m

n (θθθ)|2 dθθθ = 1, we obtain a relation
between energies in the DOA-modulated nth-order and
the 0th order impulse response h̃2

00(t) =
1

4π
h2(t),

n

∑
m=−n

h̃2
nm(t) =

2n+1
4π

h2(t). (10)

For a spectral correction, we observe that this property
remains unaffected when summing over T discrete-time
instances t =−T

2 , . . .
T
2 −1 around the time instant τ

T
2−1

∑
t=− T

2

n

∑
m=−n

h̃2
nm(t + τ) =

2n+1
4π

T
2−1

∑
t=− T

2

h2(t + τ), (11)

hence Parseval’s theorem allows to replace summation
over squared discrete-time samples by summation over
magnitude squared discrete-frequency Fourier coeffi-

cients ∑

T
2−1
t=− T

2
x2(t) = ∑

T−1
k=0 |X(k)|2. Consequently, the

above relation for the energy within the order n of the
room response also holds in the frequency domain

n

∑
m=−n

T−1

∑
k=0
|̃H̃nm,τ(k)|2 =

2n+1
4π

T−1

∑
k=0
|Hτ(k)|2, (12)

which finally permits to undertake spectral corrections.
To correct the spectrally whitened response H̃nm,τ(k),
we introduce an equalizer Wn,τ(k) and define the spec-
trally corrected response for a time-offset τ as

Hnm,τ(k) =Wn,τ(k) H̃nm,τ(k). (13)

While the equalizer must retain the above equation for
the summed energies over k and m, the equalizer should
restore the spectral decay of the response Hτ(k) for all
time shifts τ at all discrete frequencies k

n

∑
m=−n

|Wn,τ(k) H̃nm,τ(k)|2 = 2n+1
4π
|Hτ(k)|2, (14)

|Wn,τ(k)|2
n

∑
m=−n

|H̃nm,τ(k)|2 = 2n+1
4π
|Hτ(k)|2.

Thus the spectral decay correction

|Wn,τ(k)|2 =
2n+1

4π

|Hτ(k)|2

∑
n
m=−n |H̃nm,τ(k)|2

. (15)

can be applied to the room impulse response as a time-
variant filter

hnm(t + τ) =
T−1

∑
k=0

Wn,τ(k)Hnm,τ(k) ei 2π
T kt . (16)

For smooth results, a third-octave analysis is advised
and smoothing of the envelope Wn,τ(k) to a temporal
envelope wb

n(t) that can be applied to the third-octave
decomposed impulse response, as above. The envelope
wb

n(t) is obtained from the square-root of the gathered
energies

√
∑k: fk∈[2−1/6;21/6] fb

W 2
τ (k) of the bins around

the third-octave center frequencies fb. These are in-
terpolated over all instants t between the analysis time
shifts τ (hop size). In the current implementation, gath-
ering of the energies for the band b employs a sin2

window from fb−1 to fb+1 to get smooth transitions
between the bands.
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