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ABSTRACT
An extension of the Jot reverberator is presented, producing binaural late reverberation where the inter-
aural coherence can be controlled as a function of frequency such that it matches the frequency-dependent
interaural coherence of a reference binaural room impulse response (BRIR). The control of the interaural
coherence is implemented using linear filters outside the reverberator’s recursive loop. In the absence of a
reference BRIR, these filters can be calculated from an HRTF set.

1. INTRODUCTION
Currently, many real-time 3D audio applications use
head related transfer functions (HRTFs), despite the
fact that binaural room impulse responses (BRIRs)
would lead to a higher quality 3D audio rendering
than HRTFs alone. BRIRs are not widely used be-
cause of the inconvenience of BRIR measurement
and because of the high computational complexity
of applying BRIRs to a sound signal in real-time.

Binaural reverberators have already been proposed
in order to simulate BRIRs and to improve the qual-
ity of real-time 3D audio rendering. However, many

of these approaches are limited to applying HRTFs
to early reflections [3] and lack a specific processing
for binaural late reverb (e.g. independent reverb is
used for the left and right channels as opposed to
reverb with the same interaural cues as the BRIR
tail). More elaborate techniques [4] apply an aver-
age interaural coherence at all frequencies, but do
not reproduce correctly the interaural coherence as
a function of frequency.

It was already suggested in [5] that the frequency-
dependent interaural coherence plays an important
role for the spatial aspects of auditory perception.
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Therefore, creating a reverberator that correctly re-
produces this aspect of late reverberation was a
promising option to improve the quality of binau-
ral reverberation.

Jot [1,2] proposed a method to design reverberators
based on feedback-delay networks, allowing to con-
trol the spectrum of the impulse response as well as
the reverberation time as a function of frequency. In
this paper we are proposing a binaural reverberator
which is an extension of the Jot reverberator as de-
scribed in [2], allowing also to match the interaural
coherence as a function of frequency to the coherence
of the true reverb contained in a reference BRIR.
The proposed binaural reverberator plus HRTFs for
the direct sound are a solution to simulate BRIRs
with low computational complexity.

The paper is organized as follows: Section 2 de-
scribes the basic idea on how to use reverberators
to model BRIRs. Estimating the needed parame-
ters from reference BRIRs is described in Section 3.
The design of a modified Jot reverberator suitable
for BRIR modeling is described in Section 4. Exper-
imental results are presented in Section 5. Section
6 explains how a binaural reverberator can be con-
structed from only a mono room impulse response
and HRTFs. The conclusions are in Section 7.

2. MODELING BINAURAL ROOM IMPULSE
RESPONSES USING REVERBERATORS
To enable separate processing of the direct sound
and the reverberation tail of BRIRs, we decompose
BRIRs into a direct sound and a tail part,

bL(n) = bL,direct + bL,tail

(1)
bL(n) = bR,direct + bR,tail ,

where n is the discrete time index, the direct sound
parts are denoted bL,direct and bR,direct, and the re-
maining parts (tails) are denoted bL,tail and bR,tail.
Note that bL,direct and bR,direct are equivalent to
HRTFs if the first reflection arrives sufficiently late
(approximately 3 ms or more after the direct sound).

Figure 1 shows the decomposition of an example
BRIR into direct and tail parts.

The proposed technique uses (1) to model BRIRs,
where the early parts of the BRIR, bL,direct and
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Fig. 1: Separation of BRIR into early and late
parts. Note that for simplicity only the left chan-
nel of the BRIR is shown. Top: left channel of
example BRIR. Middle: early part of the BRIR
(corresponding to an HRTF in case only the direct
sound is contained in it). Bottom: late part (tail)
of the BRIR. All three plots have the same ampli-
tude scaling.

bR,direct, are implemented as FIR filters and the
late parts of the BRIR, bL,tail and bR,tail, are gener-
ated using a specially designed reverberator to avoid
the computational complexity which would arise by
directly convolving sound signals with the entire
BRIR, which can be several seconds long.

The BRIR tails are modeled as

b̂L,tail(n) = hL ? (u ? r1 + v ? r2)(n)
(2)

b̂R,tail(n) = hR ? (u ? r1 − v ? r2)(n) ,

where ? denotes linear convolution, r1(n) and r2(n)
are the uncorrelated impulse responses having the
desired frequency-dependent reverberation time of
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the BRIR, u(n) and v(n) are used to perform the
coherence matching, and hL(n) and hR(n) adjust the
spectrum of the output signal to match the spectrum
of the left and right channels of the reference BRIR.

In frequency domain, hL(n) and hR(n) are

HL(ω) =

√
PL(ω)
Tr(ω)

(3)

HR(ω) =

√
PR(ω)
Tr(ω)

,

where Tr(ω) is the frequency-dependent reverbera-
tion time as defined in [2]. Note also that hR(n) and
hR(n) correspond to the tone correction filter t(z)
defined in [2]. In the following is described how to
determine the filters u(n) and v(n). Note that these
filters need to be short in order to achieve low com-
putational complexity. In an FIR implementation,
u(n) and v(n) may be truncated to suit eventual
complexity requirements.

The desired filters in the frequency domain are writ-
ten as

U(ω) =

√
1 + Φ(ω)

2
(4)

V (ω) =

√
1− Φ(ω)

2
,

where Φ(ω) is the coherence of the reference BRIR
tail as a function of frequency.

Supposing that r1(n) and r2(n) are un-correlated, it
can be shown from (2) and (4) that the coherence
between B̂L,tail(ω) and B̂R,tail(ω) is Φ(ω).

In order to be able to implement the late BRIR as
defined in (2) efficiently, an artificial reverberator
generating two uncorrelated reverb signals having
the same frequency-dependent reverberation time is
needed. The design of such an artificial reverberator
yielding the desired reverberation signals r1(n) and
r2(n) is described in Section 4.

3. ESTIMATING PARAMETERS FROM THE
REFERENCE BRIRS
To obtain the filters hL(n), hR(n), u(n) and v(n), es-
timates of the left and right BRIR tail power spectra
(PL(ω) and PR(ω)) and of the coherence Φ(ω) be-
tween the left and right BRIR tails are needed. In
the following it is explained how to estimate these
parameters, given the reference BRIR tails.

A short-time Fourier transform (STFT) is applied to
overlapping blocks of the left and right BRIR tails,
yielding BL(i, k) and BR(i, k), where i and k are
the frequency and time indices, respectively. The
reasons why we use an STFT are:

• The time-domain filters u(n) and v(n) need to
be short in order to achieve low computational
complexity. Thus, the reduced frequency reso-
lution of the STFT compared to a single Fourier
transform applied to the tail is enough.

• For the estimation of the coherence more than
one sample per frequency is needed.

The power spectra and coherence are estimated as

PL(i) =
1
K

K∑
k=1

|BL(i, k)|2

PR(i) =
1
K

K∑
k=1

|BR(i, k)|2

Φ(i) =
|
∑K

k=1 BL(i, k)BR(i, k)?|√∑K
k=1 |BL(i, k)|2

∑K
k=1 |BR(i, k)|2

,

(5)

where |.| is the magnitude of a complex number, ?

denotes complex conjugate, and K is the number of
STFT frames. If needed, the frequency resolution of
PL(ω) and PR(ω) can be modified by interpolating
the STFT bins to match the resolution of Tr(ω) in
(3).

The top panel in Figure 2 shows the left and right
power spectra of an example BRIR and the bottom
panel shows the interaural coherence of the same
BRIR as a function of frequency. The estimated
PL(ω), PR(ω), Φ(ω) can be frequency smoothed as
much as needed in order to obtain short filters u(n)
and v(n).
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Fig. 2: Top: power spectrum estimated from ex-
ample left and right BRIR tails. Bottom: corre-
sponding estimated frequency-dependent interaural
coherence.

4. DESIGN OF AN UNCORRELATED TWO-
CHANNEL REVERBERATOR
The complete reverberator as shown in Figure 3 is an
extension of the Jot reverberator as described in [2],
which was modified in order to produce a second,
uncorrelated reverberation channel and to which the
filters described in (2) were added.

The output signal in the original Jot reverberator
is obtained by combining the N channels using a
weights vector ~c = [c1, c2, . . . , cN ], leading to an in-
termediate signal r1(n) and filtering this signal using
a tone correction filter. The idea behind the struc-
ture of the reverberator proposed in this paper, as
seen in Figure 3, is to use a second weights vector
~d = [d1, d2, . . . , dN ] in order to combine the N chan-
nels of the reverberator to create an intermediate
signal r2(n) which is not correlated with r1(n).

Under the hypothesis that the N channels of the
reverberator produce uncorrelated Gaussian noise

b1
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cN
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r1(n) r2(n)

δ(n)
hR(z)

hdirect,L(z)

hdirect,R(z) v(z)

Fig. 3: Complete block diagram of binaural modi-
fied Jot reverberator. A denotes the mixing matrix
as defined in [2] and hi(z) are the filters needed to
adjust the frequency-dependent reverberation time.
Names of signals were chosen for the case where the
input is a single Dirac impulse and the output is the
impulse response of the reverberator.

with equal amplitudes, it is obvious that the con-
dition

~c ⊥ ~d (6)

is sufficient to assure that r1(n) and r2(n) are uncor-
related. In order to have the same energy in r1(n)
and r2(n), it is necessary to impose also

||~c|| = ||~d|| . (7)

For N = 6, a practical example is

~c = [1 1 1 1 1 1]
(8)

~d = [1 -1 1 -1 1 -1] .

In theory, trivial solutions to (6) and (7) like ~c =
[100000] and ~d = [010000] are possible, but in prac-
tice these solutions are undesirable because they lead
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to a lower reflection density in the first part of the
reverberation than the solutions given in (8).

The intermediate signals r1(n) and r2(n) are pro-
cessed as defined in (2), where the filters u(n), v(n),
hL(n) and hR(n) are implemented as FIR filters ob-
tained by taking the inverse Fourier transforms of
U(ω), V (ω), HL(ω) and HR(ω) as defined in (3)
and (4). In practice, it is possible to truncate the
obtained FIR filters, which makes the implementa-
tion more efficient, but in return leads to a loss of
frequency resolution in the approximation of the left
and right spectra as well as in the approximation of
Φ(ω).

To obtain the output signal of the binaural rever-
berator, the outputs of the filters hL(n) and hR(n)
are added to the input signal convolved with the left
and right channels of the HRTF corresponding to
the direction of the direct sound.

5. EXPERIMENTAL VALIDATION
We applied our method to a BRIR measured in a lec-
ture hall in our university and designed a binaural
reverberator with N = 6. The frequency dependent
interaural coherence of the reverberator was calcu-
lated using (5) and compared to the interaural coher-
ence of the reference BRIR. As can be seen in Fig-
ure 4, the interaural coherence of the reverberator
matches well the interaural coherence of the refer-
ence BRIR. However, the reverberator’s interaural
coherence is in general slightly higher. This effect
proved to be systematic also for reverberators which
were designed based on different BRIRs. A possi-
ble explanation is that the signals r1(n) and r2(n)
are not completely uncorrelated, therefore leading
to a higher correlation at the output. In this case
it would be possible to compensate the correlation
between r1(t) and r2(t) by introducing correction
terms into (4).

Even though no extensive psychoacoustic tests have
been performed, informal listening has lead us to
the conclusion that a binaural reverberator with fre-
quency dependent coherence matching performs bet-
ter with respect to the goal of creating a realis-
tic spatial image than a binaural reverberator with
uncorrelated b̂L,tail(n) and b̂R,tail(n), and also bet-
ter than a binaural reverberator with an average,
frequency-independent coherence between b̂L,tail(n)
and b̂R,tail(n).
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Fig. 4: Coherence of reference BRIR tail and of ar-
tificial reverberator. The coherence of the reverber-
ator’s impulse response follows the coherence of the
reference late BRIR closely. However, a systematic
bias towards higher coherence in the reverberator’s
impulse response can be observed. Unwanted corre-
lation between r1(n) and r2(n) may be the cause of
this increase in coherence.

6. BINAURAL REVERBERATION WITHOUT
REFERENCE BRIRS
In the case where no reference BRIR is available,
but a reference mono room impulse response w(n)
recorded with an omni microphone and an HRTF
set are available, it is possible to design a binaural
reverberator by estimating PL(ω), PR(ω) and Φ(ω)
from the HRTF set under the assumption that the
reverberation tail consists of perfectly diffuse sound,
using a method similar to the one proposed in [6].

In the following we assume the existence of an HRTF
set whose individual left and right HRTFs are de-
noted Li(ω) and Ri(ω), where i ∈ {1, 2, · · · , I} is
the direction index and I is the number of HRTFs
in the set.

By averaging over the individual HRTFs – rather
than over the frames of an STFT – we obtain the
desired quantities as follows:
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PL(ω) =
|Wtail(ω)|2

I

I∑
i=1

|Li(ω)|2

PR(ω) =
|Wtail(ω)|2

I

I∑
i=1

|Ri(ω)|2

Φ(ω) =
|
∑I

i=1 Li(ω)R?
i (ω)|√∑I

i=1 |Li(ω)|2
∑I

i=1 |Ri(ω)|2
,

where Wtail(ω) is the Fourier transform of the tail
part of w(n), obtained analogously to the BRIR tail
parts in section 2.

7. CONCLUSIONS
A binaural reverberator based on the Jot reverber-
ator was proposed, which allows to reproduce the
frequency-dependent interaural coherence of a ref-
erence BRIR, in addition to the reference BRIR’s
frequency-dependent reverberation time and the left
and right power spectra. This reverberator was im-
plemented and its interaural coherence was found to
match closely the interaural coherence of the refer-
ence BRIR.

Furthermore, informal listening suggests that for the
impression of spaciousness, reproducing correctly
the frequency-dependent interaural coherence is a
significant improvement over reproducing only an
average interaural coherence which does not depend
on the frequency.

For the case where no reference BRIR is available,
a method was presented to parametrize the binau-
ral reverberator given only a mono room impulse
response and an HRTF set.
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