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Instantaneous phase.

Speech intelligibility lowers in reverberant environments because the reverberation smears
significant features of speech. Speech dereverberation is, therefore, needed in various
speech signal processing such as hearing aid systems and preprocessors for ASR systems.
The ultimate goal of our work is to construct a blind speech dereverberation method which
can restore a speech signal from reverberant speech without measurement of the room
acoustics, and which reduces the loss of speech intelligibility caused by reverberation. A
speech dereverberation method based on the modulation transfer function (MTF) was
proposed by Unoki et al. This method consists of power envelope restoration and carrier
regeneration processes. In this method, the power envelopes and carriers are decomposed
from the reverberant speech using an N-channel narrow-band filterbank and they are rede-
composed using adaptive time-frequency division. In power envelope restoration process,
the power envelopes are individually restored using MTF-based power envelope inverse
filtering. In carrier regeneration process, carrier signals were separately regenerated us-
ing the pulse source interpolated frequency modulation (PIFM) method. All regenerated
carriers are added together and are passed through all-pass filtering to manipulate phase
information by the group delay control. The current dereverberation method contributed
to the recovery of reverberant speech with regard to the signal restoration and speech
intelligibility. However, since we incorporated FO estimation method into this dereverber-
ation method to regenerate carrier signals, the regenerated carriers may be affected by
accuracy of the estimated FO from a reverberant speech. In this paper, we try to improve
the carrier regeneration process in the MTF-based dereverberation method without using
the estimated FO from the reverberant speech. In the current method, the instantaneous
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amplitudes and phases of channel signals in the filterbank can be directly derived us-
ing the Hilbert transform. Moreover, the power envelope of the room acoustics can be
also estimated as the sense of restoration of the power envelopes of the channel signals.
Therefore, the carrier can be artificially reconstructed using the Hilbert transform rela-
tions between the instantaneous amplitudes and phases of them. The aim of this paper
is to show the possibility that the improved method can regenerate carriers and then can
blindly restore the reverberant speech without using the estimated FO.

We resynthesize a signal from information of the envelope which recovered enough
without using the estimated FO. In improved method, reverberation speech is divided,
and instantaneous amplitude is restored by power envelope inverse filtering. We estimate

instantaneous phase from the restored amplitude, and restore a speech.
Channel signal x,,(t) is defined as AM-PM signal:

Ty (t) = Spn(t) cos(went + Pun(t)), (1)

where s, ,(t) is the instantaneous amplitude, p,,(t) is the instantaneous phase, wey, is
center frequency of channel, and n is channel number. Here, the instantaneous amplitude
sp(t) and the instantaneous phase p,(t) are represented as

Sen() = /2 (1)? + {Hilbert(z, ()}, (2)
Wenl + pu(t) = arctan(Hilbert|x,, (¢)]/z,(t)). (3)
The Hilbert transform of x,(t) is

Hilbert(x,(t)) = F—jsgn(w) X, (w)], (4)

where X,,(w) is the Fourier transform of x,(¢)0 The instantaneous amplitude is estimated
by low-pass filtering the restored envelope. The small high frequency ingredients are in-
cluded in the envelope, because LPF is not an ideal filter. Since the envelope is estimated
by low-pass filtering the instantaneous amplitude, we may estimate the instantaneous
amplitude by low-pass inverse filtering the envelope. Therefore, We can estimate the
instantaneous amplitude of a restored signal §,,(t). This paper assumes that the in-
stantaneous amplitude of original signal was estimated from an observed signal. If the
instantaneous phase is known, we can restore the signal. In this paper, we estimate
instantaneous phase of original signal from instantaneous amplitude.

In the frequency domain, we can estimate the phase from the amplitude, when a signal
is minimum phase. The signal that real part is positive is minimum phase signal. The

minimum phase signal is causality signal. Fourier transform of minimum phase signal is

X(w) = s(w)cos(p(w)) + js(w)sin(p(w))
= s(w)exp(jp(w)), (5)



where s(w) is amplitude, and p(w) is phase spectra. There is Hilbert transform rela-
tions between the real part and the imaginary part. In the logarithm representation, the
amplitude and phase can be divided into the real part and the imaginary part.

log[ X (w)] = log[s(w)] + jp(w) (6)

In the minimum phase signal, the inverse Fourier transform of log[X (w)] is causal signal.
In the case, Hilbert transform relations between the logarithm amplitude and phase exist.
Therefore, we can estimate the phase from the amplitude.

In the time domain, we estimate phase from the amplitude, from the analogy between
the time domain and frequency domain. We ignore center frequency of filterbank we .
The analytic signal z,,(t) is defined by channel signal that divided speech z,(¢) and the
Hilbert transform.

Tan(t) = x,(t) + jHilbert]z,(t)]

(t) cos(went + Pun(t)) + JSzn(t) sin(wentpyn(t))
() exp(jipe,n(t)) exp(jwent) (7)

Sx,n

= Szn

There is the Hilbert transform relations between the real part and the imaginary part.
The logarithm of x,,(t) is represented

log[a,n(t)] = l0g[sz,n(t)] + 7 (Prn(t))- (8)

This argument in time domain is the same as a frequency domain. The concept of this
paper is, if there is Hilbert transform relations between the logarithm instantaneous am-
plitude and instantaneous phase, we can restore a signal form instantaneous amplitude.

In this paper, we estimate instantaneous phase using
Pun(t) = Hilbert(log s, . (t)])- (9)

We carried out 100 simulations to evaluate the improved carrier regeneration process
with regard to time and frequency division[JThe speech signals were 10 Japanese sentences
uttered by 10 speakers (5 males and 5 females) in the ATR-database datasets0 Sampling
frequency is 20 kHz. Constant-bandwidths filterbank was used. In these simulationsO
SNR and LSD were used as evaluation measure are used to show the improvement in
restoration with this improved modell] The result showed that Mean of SNR of restored
speech is high to be about 24.0 dB. Mean of LSD of restored speech is low to be about
0.1 dB. Therefore, we restored the speech from the instantaneous amplitude.

In this paper, We improved carrier regeneration process in the MTF-based speech dere-
verberation method for restore a speech signal from reverberant speech without measure-
ment of the room acoustics. Depending on the estimation of instantaneous amplitude



of original signal by the previous work, We restore the speech from the obtained instan-
taneous amplitude. We have carried out 100 simulations (10 Japanese sentences) of 10
speakers (5 males and 5 females in the ATR-database datasets) of speech signals to evalu-
ate the improved. The result showed that mean of SNR is high to be about 24.0 dB, and
mean of LSD is low to be about 0.1 dB. When instantaneous amplitude, We can restore
reverberation speech. The instantaneous amplitude may be restored by operating power
envelope inverse filtering only in low level of spectrums, and narrowing a bandwidth when
We divide reverberation speech. If instantaneous amplitude was restored, We can restore
reverberation speech. Therefore, reverberation speech may be restored without using FO.
We showed the possibility that the improved method can regenerate carriers and then
can blindly restore the reverberant speech without using the estimated FO. In our future
work, we will evaluate this improved method by using reverberant speech.



