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Abstract

This paper proposes a method for blindly estimating the re-
verberation time based on the concept of the modulation
transfer function (MTF). This method estimates the reverber-
ation time (RT) from the reverberant signal without measur-
ing room impulse response (IR). In the MTF-based speech
dereverberation method, proposed by the authors, a process
for estimating a parameter related to the RT was incorpo-
rated. In this paper, we investigate whether the estimation
process, previously presented by authors, works as a blind es-
timation method and point out a problem with their method.
We then propose a new method for blindly estimating the RT
to resolve the problem. In the proposed method, the RT is
correctly estimated by inverse-MTF filtering in the modula-
tion frequency domain. We evaluated the proposed method
with their method using both artificial MTF-based signals
and speech signals to show how well the proposed method
correctly estimates the RT in artificial reverberant environ-
ments. Results suggested that the proposed method correctly
estimates RTs from the observed reverberant signals.

1. Introduction

Reverberation time (RT) is one of the most significant pa-
rameters for characterizing room acoustics [1]. Reverbera-
tion affects both speech intelligibility and sound localization.
Therefore, RT is used as a useful parameter for various speech
signal processes in reverberant environments [2, 3].

The RT specifies the duration for which a sound persists
after it has been switched off. The persistence of sound is
due to the multiple reflections of sound from various surfaces
in the room. Thus, the RT is defined as the T60 time, which
is the time taken for the sound to decay to 60 dB below its
value at cessation [1]. This decay curve for the sound energy
is precisely calculated using the impulse response (IR) of the
room [4]. Therefore, stable and accurate methods for measur-
ing the IR of the room by bursting balloons, firing gunshots,
or the time stretched pulse (TSP) are required to accurately
determine the RT [1, 5].

These methods can be used to accurately determine the RT
of the room. In practice, they may have problems for avail-

ability in realistic conditions, such as ambient noise-floor and
time-variant conditions due to variations in temperature, hu-
midity, shape-of-rooms, or moving objects. For noise floor
issue, estimation methods for the decay function have been
proposed to resolve them. However, it is very difficult to in-
stantaneously measure the IR of room and then to simulta-
neously apply the estimated RT to applications in the same
situations in reverberant environments. The RT can not only
be determined without measuring the IR under realistic con-
ditions but it can also work on the applications even if the
characteristics of the room acoustics are varied.

We therefore incorporated a process for estimating a pa-
rameter related to the RT into the MTF-based methods of
speech dereverberation we previously proposed [6]. We in-
vestigate whether the estimation process we then proposed
works as a blind estimation method and find problems with
their method. In this paper, we propose a new method of
blind estimation based on the MTF concept to resolve these
problems.

2. MTF-based power envelope restoration

2.1. MTF concept

The MTF concept was proposed by Houtgast and
Steeneken to account for the relationship between the transfer
function in an enclosure in terms of input and output signal
envelopes and the characteristics of the enclosure such as re-
verberation [7]. This concept was introduced as a measure
in room acoustics for assessing the effect of the enclosure on
speech intelligibility [7]. The MTF is defined as

m(fm) = |M(fm)| =

[

1 +

(

2πfm
TR

13.8

)2
]

−1/2

, (1)

where h(t) is the IR of the room and fm is the modulation
frequency. A well-known stochastic approximation of the IR
(artificial reverberant IR) for room acoustics [8] is defined as

h(t) = eh(t)n(t) = exp(−6.9t/TR)n(t), (2)

where eh(t) is the exponential decay temporal envelope, a is a
constant amplitude, TR is the RT defined as the time required
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Figure 1: Modulation transfer function (MTF), m(fm) �

for the power of h(t) to decay by 60 dB, and n(t) is the white
noise carrier as a random variable (uncorrelated-carrier).

2.2. Restoration of power envelope based on MTF

In the MTF-based dereverberation model, the observed re-
verberant signal, the original signal, and the stochastic ideal-
ized IR were assumed to correspond to y(t), x(t), and h(t).
These can be modeled based on the MTF concept as:

y(t) = x(t) ∗ h(t), (3)
x(t) = ex(t)n1(t), (4)
h(t) = eh(t)n2(t), (5)

eh(t) = a exp(−6.9t/TR), (6)
〈nk(t)nk(t − τ)〉 = δ(τ). (7)

Here, the asterisk “∗” denotes the operation of the convolu-
tion and ex(t) and eh(t) are the envelope of x(t) and h(t).
The n1(t) and n2(t) indicate respective mutually independent
white noise functions.

In this model, ey(t) can be determined as

e2

y(t) = e2

x(t) ∗ e2

h(t) (8)

due to the independence of n1 and n2 [6]. To cope with these
signals in a computer simulation, these variables are trans-
formed from a continuous signal to a discrete signal, such as
e2

x[n], e2

h[n], e2

y[n], x[n], h[n], and y[n] based on the sampling
theorem. Here, n is the sample number of samples and fs is
the sampling frequency. In this paper, fs is set to 20 kHz.

The transfer function of the power envelope of the IR,
Z[e2

h[n]], can be obtained as

Z[e2

h[n]] =
a2

1 − exp
(

− 13.8
TR·fs

)

z−1

, (9)
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Figure 2: Examples of relationships between power en-
velopes of system based on MTF concept.

where Z[·] is the z-transformation. Thus, modulation spec-
trum Z[e2

x[n]] can be obtained as

Z[e2

x[n]] = Z[e2

y[n]]/Z[e2

h[n]]. (10)

Since 1/Z[e2

h[n]] is the inverse filtering of the power envelope
of the impulse response, this is referred to as inverse MTF.
This can be obtained as a 1st oder IIR filter.

Figure 2 shows these modulation relations on the time do-
main when the original power envelope is sinusoidal (10 Hz).
Figures 2(b), (d) and (f) show original signal x(t), reverberant
signal y(t), and IR, h(t). Figures 2(a), (c) and (e) show power
envelopes e2

x(t), e2

y(t), and e2

h(t) of all signals. Figure 2(e)
shows result of convolution of Figs. 2(a) and (c) at TR = 0.5
s as derived in Eq. (8). Figure 2(g) shows the power envelope
restored from Fig. 2(e) by inverse filtering. When TR = 0.5 s
as parameter of the inverse filter, the restored power envelope
is the same as that in Fig. 2(a). In Fig. 1, this restoration
was done by the inverse filtering at m(fm) = 0.402, where
fm = 10 Hz and TR = 0.5 s, to obtain m(fm) = 1. When
TR = 1.0 s, the restored power envelope is over modulated.

2.3. TR estimates and problems

In the power envelope inverse filtering [6], the power enve-
lope, e2

y(t), can be extracted using

ê2

y(t) := LPF
[

|y(t) + jHilbert[y(t)]|2
]

. (11)

Here, LPF[·] is a low-pass filtering and Hilbert[·] is the Hilbert
transform [6]. The LPF cut-off frequency is 20 Hz.

In our previous method, TR can be blindly determinate as

T̂R = max

(

argmin
TR

∫ T

0

|min(ê2

x,TR
(t), 0)|dt

)

. (12)



This equation means that when the biggest dip of the restored
power envelope ê2

x(t) is 0 in the restoration, T̂R can be de-
termined. This is because the power envelope dose not have
negative value.

In our previous method, T̂R was an appropriate value for
restoring the power envelope; however, we found that T̂R

was less than the value of TR in the system as TR increased.
Therefore, we could not use our previous method as a blind
RT estimation method. This problem was caused because
when the power envelope was extracted from the reverber-
ant signal by using Eq. (11), the high frequency components
were not completely removed from the power envelope after
realistic low-pass filtering and they were emphasized by the
inverse MTF filter. The dips in the restored power envelope
were therefore the sharpest due to these emphasized compo-
nents. Since Eq. (12) can be used to determine the lowest
zero points in the restored power envelope (modulation index
of 1), the deepest dips caused the RT to be underestimated.

3. Proposed Method

Figure 3 shows the power envelopes ((a) and (c)) extracted
by Eq. (11) and the modulation spectra ((b) and (d)) of ar-
tificial signal, which has sinusoidal power envelope (fm is 5
Hz). Figures 3(a) and (b) show the non-reverberated origi-
nals and Figures 3(c) and (d) show them at TR = 2.0 s. Both
modulation spectra at 0 Hz (DC, (b) and (d)) are the same so
that the MTF at 0 Hz is 0 dB. The original modulation spec-
trum at 5 Hz is the same as that at 0 Hz. These mean that we
can model Ey(0) = Ex(0) and Ex(0) = Ex(fdm). Here,
Ex(fm) is the modulation spectrum of e2

x(t) and Ey(fm) is
that of e2

y(t). The fdm is the dominant modulation frequency
(e.g., fdm = 5 Hz in Fig. 3).

As shown in Figs. 3(b) and (d), we also found that the en-
tire modulation spectrum of the reverberant signal is reduced
as the RT increases, according to the MTF, as shown in Fig.
1. This means that a specific RT can be determined by com-
pensating for the reduced modulation spectrum at a dominant
frequency based on the MTF being 0 dB (the modulation in-
dex is restored to 1).

Based on the model concept, we propose a blind RT esti-
mation method in the modulation frequency domain. The es-
timated RT, T̂R, can be obtained from the reduced spectrum
and the MTF:

T̂R = arg min
TR

(|Ey(0) · m̂(fdm, TR)/Ey(fdm)|) , (13)

where m̂(fm, TR) is the derived MTF at specific fm as a
function of TR. In this paper, fdm was determined by using
the auto-correlation function for e2

y(t).
For example, the dashed line in Fig. 3(d) indicates the MTF

at the T̂R, derived with the proposed method. Figure 4(a) and
(c) show the power envelopes and (b) and (d) show the mod-
ulation spectra of a band limited speech signal. The format
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Figure 3: Extracted power envelopes ((a) and (c)) and modu-
lation spectra ((b) and (d)) of reverberant sinusoids.

of Fig. 4 is the same as that for Fig. 3. In the power en-
velope in Fig. 3(a), its modulation spectrum at the dominant
frequency (fdm Hz) is the same as that at near 0 Hz (fL Hz).
The power envelopes as shown in Fig. 4 can often be found
in band-limited speech signals.

4. Evaluation

In this section, we discuss our evaluation of the pro-
posed method using the reverberant speech signals to con-
firm whether it works on blind estimations based on our basic
concept. We used the 100 artificial IRs (h(t)s in Eq. (5)), five
RTs (TR = 0.1, 0.3, 0.5, 1.0, and 2.0 s) for the artificial signal
x(t), whose power envelope is shown in Fig. 3(a) and eight
speech signals (x(t)s) in the evaluation, which were Japanese
sentences uttered by a female speaker [9]. All speech sig-
nals were decomposed using constant bandwidth filterbank
(100-Hz bandwidth and 100-channels). The power envelope
had to have restrictions to enable our model concept to be
applied to speech signal. All channels we used in the evalua-
tions were chosen beforehand. All reverberant signals, y(t),
were obtained through 500 (= 100 × 5, for artificial signals)
and 4, 000 (= 100 × 5 × 8, for speech signals) convolutions
of x(t) with h(t).

Figures 5 and 6 plot the estimated RTs, T̂Rs, from rever-
berant artificial signals (Fig. 5) and speech signals (Fig. 6).
The points represent the means for T̂Rs and the error bars rep-
resent their standard deviations. The dotted lines indicate the
original RT and the dashed lines indicate the RT estimated by
the previous method we proposed [6]. In both cases, the T̂R

is underestimated by the previous method as the original TR

increases. T̂Rs are matched to the original at all TRs in Fig.
5 and from TR = 0.3 to 2.0 s in Fig. 6. In Fig. 6, the stan-



0 1 2 3
0

0.5

1

1.5

2
x 107

Time, t (s)

e2 x(t)
(a) Power envelope

0 1 2 3 4 5
−20

−15

−10

−5

0

5

Modulation frequency, f
m

 (Hz)

N
or

m
ar

iz
ed

 p
ow

er
 (d

B
)

(b) Modulation spectrum

0 1 2 3
0

0.5

1

1.5

2
x 107

Time, t (s)

e2 y(t)

(c) Power envelope

0 1 2 3 4 5
−20

−15

−10

−5

0

5

Modulation frequency, f
m

 (Hz)

N
or

m
ar

iz
ed

 p
ow

er
 (d

B
)

(d) Modulation spectrum

Figure 4: Extracted power envelopes ((a) and (c))and modu-
lation spectra ((b) and (d)) of reverberant speech.

dard deviation for T̂R using the proposed method tends to be
reduced when TR estimates of some channels for reverberant
speech signal are used.

5. Conclusion

This paper proposed a method of blindly estimating the
RT from observed signals based on the MTF concept. We
identified problems with the method of estimating TR we
previously proposed in MTF-based speech dereverberation.
This was because inverse MTF filtering amplifies higher fre-
quency components in the power envelope. We proposed a
blind method of estimating TR in the modulation frequency
domain. We evaluated the new method with the previous ap-
proach using 4, 000 reverberant speech signals. The results
revealed that it could correctly estimate the RTs from ob-
served reverberant signals.
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