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ABSTRACT
This paper proposes a new audio post-production tool for speech dereverberation that utilizes our previously
proposed method. In previous studies, we proposed a single-channel dereverberation method as preprocessing of automatic speech recognition and reported its good performance. This paper focuses more on the
improvement of the audible quality of the dereverberated signals. To achieve good dereverberation with less
audible artifacts, the previously proposed dereverberation method is combined with post-processing that
implicitly considers the perceptual masking property. The system has three adjustable parameters for controlling audible quality. With an informal evaluation, we found that the proposed tool allows the professional
audio engineers to dereverberate a set of reverberant recordings efficiently.

1. INTRODUCTION
A speech signal captured with a distant microphone is generally smeared by acoustic reverberation, which deteriorates the speech quality. For example, reverberation poses a problem in the quality
of audio post-production. If the recording contains
unwanted reverberation, it must be redone in a dead
(anechoic) environment.
In this paper, we propose a new speech dereverberation tool for audio post-production, that is based

on our single channel dereverberation method [1]
originally developed to improve automatic speech
recognition (ASR) performance in reverberant environments. To remove the late reverberation, our
method [2] first estimates the late reverberation contained in the observed signals using multi-step linear
prediction (LP) and then subtract the power spectrum of the late reverberation from the observed signal. In this paper, we assume that reverberation can
be divided into two parts: early reflections and late

Kinoshita et al.

Speech dereverberation tool for post-production

reverberation. Early reflections correspond to the
reflections caused by the first τ coefficients of room
transfer function (RTF), and late reverberation corresponds to the reflections caused by the latter RTF
coefficients. τ is a control parameter in multi-step
LP to determine the amount of late reverberation to
be suppressed. For ASR performance improvement,
τ = 30 ms was experimentally shown to achieve good
dereverberation for ASR in realistic reverberant environments. When the distance between a microphone and a speaker is 50 cm, the recognition rate
was recovered to that of clean speech.

Fig. 1: Processing flow of previously proposed dereverberation system

Since the objective of this paper is to propose
a speech dereverberation tool for audio postproduction, we focus primarily on the audible quality of the output signal. The paper is organized
as follows. In Section II, we introduce the signal
model dealt with in this paper. Section III reviews
multi-step LP based dereverberation. In Section IV,
dereverberation system for audio post-production is
proposed based on the algorithm introduced in Section III. The system allows users to manipulate three
dereverberation parameters to control audible quality. We briefly describe how these parameters relate
to dereverberation performance and audible distortion, and how they should be adjusted. Section IV
describes the evaluation of the proposed tool by professional audio engineers.

The first term of eq. (2) corresponds to the direct
signal, the second term corresponds to the early reflections, and the third term corresponds to the late
reverberation.
3. REVIEW OF MULTI-STEP LP BASED
DEREVERBERATION
In this section we briefly review multi-step LP based
dereverberation [1].
3.1.

The processing flow of multi-step LP based dereverberation is summarized in Fig. 1. First the observed signal is pre-whitened with small order LP
and processed with multi-step LP, which is used to
calculate the τ -step prediction coefficients that best
predict the late reverberation in eq. (2). Then, using
the observed signal and the τ -step prediction coefficients, we estimate the late reverberation. After applying a Short-Term Fourier Transform (STFT) to
the observed signal and the predicted late reverberation, we perform spectral subtraction (SS) in the the
power spectral domain to remove the energy of the
late reverberation from the observed signal [3][4].

2. SIGNAL MODEL
A speech signal recorded with distant microphone,
x(n), can be modeled as:
x(n) =

T
−1
X

h(i)s(n − i),

(1)

i=0

3.2.

where s(n) corresponds to a source signal (clean
speech signal), and h(n) corresponds to the T -tap
room impulse response between the source signal
and the microphone locations. In this study, h(n) is
assumed to be time invariant. Equivalently, eq. (1)
can be expressed using τ as:
x(n) = h(0)s(n) +

τ
X
i=1

h(i)s(n − i) +

T
−1
X
i=τ +1

Processing flow

Prediction coefficient calculation

Using multi-step LP, we calculate the τ -step prediction coefficients that best predict the late reverberation. Let N be the number of prediction coefficients,
and then multi-step LP can be formulated as:
x(n) =

h(i)s(n − i).

N
−1
X

w(p)x(n − p − τ ) + e(n),

(3)

p=0

where w(n) represents the τ -step prediction coef(2) ficients, and e(n) is prediction error. The predic-
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tion coefficients can be estimated by minimizing the
mean square energy of prediction error e(n). The
late reverberation at n can be predicted using observed signal, x(n, and the prediction coefficients,
PN −1
w(n), as p=0 w(p)x(n − p − τ ).
3.3.

Late reverberation removal

To remove the late reverberation energy, we employed SS. As shown below, a subtraction rule used
in the previous study can be formulated by denoting
an STFT of a short segment of the observed signal
as X(k, ω) and that of estimated late reverberation
as R(k, ω), where k is the frame index and ω is the
frequency index:

Fig. 2: Processing flow of proposed system

|Ŝ(k, ω)| =
(p
|X(k, ω)|2 − |R(k, ω)|2 ,
(if |X(k, ω)|2 − |R(k, ω)|2 ≥ 0)
0, (otherwise),

α(k). Attenuation factor, α(k), is calculated in the
process of “Attenuation factor calculation” in Fig. 2.
In the following sections, we explain the meaning of
these parameters.

(4)
where Ŝ(k, ω) denotes the STFT of the dereverberated signal. To synthesize a time-domain dereverberated signal, we simply substitute the phase of
observed signal, ∠X(k, ω), for that of the dereverberated signal as
Ŝ(k, ω) = |Ŝ(k, ω)|ej∠X(k,ω) .
The dereverberated signal in the time domain can
be obtained by applying inverse STFT to Ŝ(k, ω).
4. PROPOSED SPEECH DEREVERBERATION
TOOL FOR POST-PRODUCTION
In this section, we propose the dereverberation tool
for post-production based on the method described
in the previous section.
4.1.

Processing flow of proposed system

The processing flow of a proposed system is summarized in Fig. 2. Comparing Figs. 1 and 2, we can
see that an additional process called “Attenuation
factor calculation” is introduced and “Late reverb.
removal” takes the attenuation factor as an additional input. This additional process is employed
to improve dereverberation accuracy without introducing much audible artifacts. The details of this
process are described in Section 4.3.
The system users are allowed to manipulate parameters τ , N in multi-step LP, and attenuation factor,

4.2.

Parameters τ and N

The parameter τ in eq. (3) should be set at τ > τ0 .
Here τ0 corresponds to the time lag after which we
assume that the autocorrelation of speech signal,
s(n), becomes fairly small. If we set τ at τ < τ0 , the
dereverberated speech tends to contain some audible
distortions. On the other hand, as we increase the
value for τ , the amount of reverberation energy that
we can estimate with w(n) decreases (see eq. (2)),
and thus the amount of reverberation reduction also
decreases. That is, τ has a trade-off between audible quality and dereverberation performance. Based
on the number of dereverberation trials with professional audio engineers, we have confirmed that a τ
of 70 to 120 ms can provide good audible quality at
the expense of reverberation reduction.
Regarding N , we experimentally confirmed that
a good dereverberation effect can be obtained by
roughly setting N at T /2.
4.3.

Parameter α(k)

As mentioned before, if we set larger value for τ , the
amount of reverberation reduction decreases. Consequently the early reflections become audible, especially at the end of an utterance and right after the
sound having a large amplitude. In the middle of an
utterance, the early reflections tend to be inaudible,
because they are often temporarily auditory-masked
by subsequent phonemes.
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5.

EXPERIMENT

In this section, we show the effect of the proposed
dereverberation tool on reverberant speech with different parameter settings. Here we manipulate parameters τ , N , and α(k). The sampling frequency
is 16 kHz.

Fig. 3: Attenuation curves: (A) curve used right
after the sound having large amplitude, (B) curve
used for the end of an utterance. 0 ms indicates
the timing when the system user starts to perceive
residual reverberation. In the process, the timing is
determined manually by the system user.
To suppress the early reflections at the end of an
utterance and after the sound having a large amplitude, we introduce a time-varying energy attenuation process. After this process, we expect the early
reflections to fall below the perceptual masking level
and become less audible.
In the system, the user is first asked to manually detect and to indicate the time points when he starts
to perceive the early reflections. Then the system
automatically assigns the pre-determined attenuation curves to these time points, and 1 to other
time points. By doing so, attenuation factors, α(k)
are generated for all time frames. The attenuation
curves are experimentally determined. An example
is shown in Fig. 3. Using α(k), we manipulate the
amplitude of the dereverberated speech to mask the
early reflections.
In the implementation, the energy attenuation process with α(k) is embedded in the spectral subtraction. A subtraction rule combined with α(k) can be
formulated as:
|Ŝ1 (k, ω)| =
p
(
α(k)( |X(k, ω)|2 − |R(k, ω)|2 ),
(if |X(k, ω)|2 − |R(k, ω)|2 ≥ 0)
0, (otherwise).
(5)
This subtraction rule is used in “Late reverb. removal” of Fig. 2.

Figure 4 shows a spectrogram of clean speech
and reverberant speech. Spectrogram is a threedimensional plot of the energy of the frequency content of a signal as it changes over time. At each
time-frequency bin, black shows the presence of significant signal energy, whereas white shows the absence of such energy. As shown in Fig. 4, when the
speech signal is reverberated, all the signal components tend to be smeared over time.
Figure 5 summarizes the effects of proposed dereverberation tool on the reverberant speech. It shows the
spectrograms of processed speech and the attenuation factor patterns used to generate the processed
speech. When τ is set at 200 ms, N at 50 ms, and
α(k) at 1 for all k (see (A) of Fig. 5), dereverberation
is hardly achieved, and the resultant signal sounds
still very reverberant. When τ is set at 200 ms, N at
300 ms, and α(k) at 1 (see (B) of Fig. 5), a bit more
dereverberation is achieved, although some reverberation energy remains. The remaining reverberation
can be confirmed, for example, at the portion where
the white arrow points. On the other hand, by reducing τ to 70 ms (see (C) of Fig. 5) and setting N
at 300 ms, the remaining reverberations are greatly
reduced, and the spectrogram closely resembled that
of the clean speech signal. However, the remaining
early reflections are still perceivable, for example, at
the portion where the black arrows point. Now with
a τ of 70 ms, N of 300 ms and time-varying α(k)
(see (D) of Fig. 5), these residual reverberations are
further reduced.
We conducted an informal evaluation of the proposed dereverberation tool with professional audio
engineers. They were asked to dereverberate a set
of reverberant speech signal including recordings for
TV commercials and movies, and to evaluate the
audible quality of the resultant signal. In the evaluation, they could manipulate parameters τ , N , and
α(k). With some trials, they successfully achieved
efficient dereverberation with less audible artifacts.
The processed signals were judged to be sufficient
for professional use.
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Fig. 4: Spectrograms of clean speech (left) and reverberant speech (right)

Fig. 5: Spectrogram of processed speech and attenuation factor α(k) used in the process: (A) τ = 3200
(200 ms), N = 800 (50 ms) and α(k) = 1, (B) τ = 3200 (200 ms), N = 4800 (300 ms) and α(k) = 1, (C)
τ = 1120 (70 ms), N = 4800 (300 ms), and α(k) = 1, (D) τ = 1120 (70 ms), N = 4800 (300 ms). α(k) is
calculated as mentioned in 3.3.
6. CONCLUSION
This paper proposed a new audio post-production
tool for speech dereverberation utilizing our previously proposed method. The proposed tool has
three adjustable dereverberation parameters to control the audible quality and the dereverberation performance. With an informal evaluation, we found
that the proposed tool allows professional audio engineers to achieve efficient dereverberation without
introducing unwanted artifacts.
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