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ABSTRACT
We have proved that restoring the instantaneous amplitude as
well as instantaneous phase on Gammatone filterbank plays a
significant role for speech enhancement. However, it is still
challenging topic with dereverberation since previously pro-
posed scheme can only work in noisy environments. In this
paper, we extend our previously proposed scheme to be gen-
eral speech enhancement of removing the effects of noise and
reverberation by restoring instantaneous amplitude and phase
simultaneously. Objective and subjective experiments were
conducted under various noisy reverberant conditions to eval-
uate the effectiveness of the extension of proposed scheme.
The signal to error ratio (SER), correlation, PESQ, and SNR
loss were used in objective evaluations. The normalized mean
preference score was used in subjective evaluations. The re-
sults of both evaluations revealed that the proposed scheme
could effectively improve quality and intelligibility of speech
signals under noisy reverberant conditions.

Index Terms— Instantaneous amplitude and phase,
Kalman filter, Linear prediction, Gammatone filterbank

1. INTRODUCTION

In real environments, the quality and intelligibility of speech
are always degraded due to background noise and reverber-
ation. Especially, the performance of applications such as
hearing-aids and speech coders might be severely reduced in
the presence of background noise and reverberation. There-
fore, it is necessary to simultaneously remove these effects.
In the past a few decades, various methods have already

been proposed to remove the effects of noise or reverbera-
tion in real environments. There are, for example, Wiener
filtering [1], MMSE-STSA [2], Corpus-based approach [3],
MINT approach [4], Kurtosis approach [5], and multiple-step
linear prediction approach [6]. The first three methods can
remove the effects of noise well in only noisy environments,
meanwhile, the last three methods can reduce the effects of
reverberation in only reverberant environments. It is obvious
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that all these methods cannot work well in noisy reverber-
ant environments because a combination of different systems
cannot simultaneously deal with the effects of additive noise
and reverberation as convolved noise. Therefore, it is still a
challenging problem to remove these effects simultaneously.
Recent studies have shown the importance of phase in

speech enhancement [7,8]. We therefore have previously pro-
posed a speech enhancement scheme motivated by the effec-
tiveness of phase manipulation [9] which can significantly im-
prove the quality and intelligibility of noisy speech. However,
this scheme can only deal with additive noise but the con-
volved noise such as late reflection has not yet been modeled
in this scheme, due to the properties of convolved noise.
This paper aims to extend the previous scheme to be a

general speech enhancement of removing the effects of noise
and reverberation simultaneously with consideration of phase
information. A novel point is that effects of noise correspond-
ing to additive and convolved noises (late reflection) on in-
stantaneous amplitude and phase can be removed by Kalman
filtering with efficient linear prediction (LP).

2. PREVIOUS SCHEME

Our previous scheme [9] intends to improve both instanta-
neous amplitudes and phases on output of the Gammatone
filterbank (GTFB) which was designed by considering the
properties of auditory system for noisy speech [10]. In this
scheme, the noisy speech yN (t), where yN (t) = x(t) + n(t),
is only observed. Here, x(t) is the clean speech and n(t) is
background noise. The output of the kth sub-band, YN,k(t),
is represented as the analytical form by

YN,k(t) = YN,1,k(t) + YN,2,k(t),

= AN,k(t) exp (jωkt+ jφN,k(t)) , (1)

where YN,1,k(t) and YN,2,k(t) are the sub-band components
of x(t) and n(t), respectively. In addition, ωk is the cen-
ter frequency of the kth sub-band. AN,k(t) and φN,k(t) are
the instantaneous amplitude and phase of the noisy speech.
Then, Kalman filter with LP is applied to remove the effects
of noise on the instantaneous amplitude and phase. Finally,
the restored signal, x̂(t) is resynthesized from the restored
sub-bands components by inverse GTFB.
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Fig. 1. Block diagram of proposed scheme for speech enhancement.
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Fig. 2. Example of instantaneous amplitudes ((a) and (c)) and
phases ((b) and (d)) under reverberant condition (TR = 2 s)
in 80th sub-band (left) and results of restoration by previous
and proposed methods (right).

3. PROPOSED SCHEME

The proposed scheme is an extension of the previous scheme
and the block diagram of the proposed scheme is shown in
Fig. 1. The proposed scheme consists of three stages: analy-
sis stage, modification stage, and resynthesis stage.
The noisy reverberant speech, yNR(t) = x(t) ∗ h(t) +

n(t), is observed. Here, h(t) is the room impulse re-
sponse (RIR). The RIR, h(t), contains both effects of early
and late reverberation so that this can be represented as
h(t) = hE(t) + hL(t), where hE(t) is early reflection
and hL(t) is late reflection. Then we have yNR(t) =
x(t) ∗ hE(t) + x(t) ∗ hL(t) + n(t), where x(t) ∗ hE(t)
is early reverberation and x(t) ∗ hL(t) is late reverberation.
Early reverberation may not significantly degrade the quality
and intelligibility of speech because human beings cannot
distinguish short echo and original speech while late rever-
beration is detrimental to the quality and intelligibility.
The output of the kth sub-band, YNR,k(t), is represented

as the analytical form by

YNR,k(t) = YNR,1,k(t) + YNR,2,k(t),

= ANR,k(t) exp (jωkt+ jφNR,k(t)) , (2)

where YNR,1,k(t) and YNR,2,k(t) are the components of
x(t) ∗ hE(t) and x(t) ∗ hL(t) + n(t), respectively. ANR,k(t)
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Fig. 3. Example of instantaneous amplitudes ((a) and (c)) and
phases ((b) and (d)) under noisy reverberant condition (TR =
2 s and SNR = 0 dB) in 80th sub-band (left) and results of
restoration by previous and proposed methods (right).

and φNR,k(t) are the instantaneous amplitude and phase of
the noisy reverberant speech YNR,k(t).
As shown in Figs. 2(a) and 2(b), the shapes of instanta-

neous amplitude and phase of early reverberation under rever-
berant conditions (reverberation time, TR = 2 s) are similar
to those of clean speech. From Figs. 3(a) and 3(b), these sim-
ilarities can be observed under noisy reverberant conditions
(TR = 2 s and the signal to noise ratio SNR = 0 dB). The
same trends were also observed in the other sub-bands and
under the other noisy reverberant conditions. Therefore, in
this paper, we only focus on dealing with the summation of
late reverberation as convolved noise and additive noise.

3.1. Kalman filtering

The state and observation equations are defined in the Kalman
filter. The state equations of kth sub-band for instantaneous
amplitude and phase are defined as

SA,k[m] = FASA,k[m− 1] +WA,k[m], (3)
Sφ,k[m] = FφSφ,k[m− 1] +Wφ,k[m], (4)

wherem is sample number (m = 0, 1, 2, · · · ,M ; t = m/Fs),
M is the number of time samples and Fs is the sampling fre-
quency. FA and Fφ are the transition matrices that can be
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obtained by the LP method. WA,k[m] and Wφ,k[m] are as-
sumed to be Gaussian white noise of kth sub-band, and the
variances of WA,k[m] and Wφ,k[m] are QA and Qφ, respec-
tively. SA,k[m] and Sφ,k[m] are the state vectors of instanta-
neous amplitude and phase of early reverberation at sampling
pointm in kth sub-band respectively.
The observation equations for the instantaneous ampli-

tude and phase of kth sub-band are defined as

OA,k[m] = HASA,k[m] + VA,k[m], (5)
Oφ,k[m] = HφSφ,k[m] + Vφ,k[m], (6)

where OA,k[m] and Oφ,k[m] are the observed instantaneous
amplitude and phase of the noisy reverberant speech at time
m in kth sub-band. HA and Hφ are the observation matrices
which are [0, 0, · · · , 1]. VA,k[m] and Vφ,k[m] are observation
noise (Gaussian white noise) and the variances of VA,k[m]
and Vφ,k[m] are RA and Rφ.
We need five steps to calculate the optimal estimations for

both instantaneous amplitude and phase.
Step 1: Initial state vectors are set to be ŜA,k[1|1] =

[10−12 · · · 10−12] and Ŝφ,k[1|1] = [10−12 · · · 10−12]. These
values are used to initialize the state vector only and will
reach close to the original state vector after a few iterations.

ŜA,k[m|m− 1] = FAŜA,k[m− 1|m− 1], (7)
Ŝφ,k[m|m− 1] = FφŜφ,k[m− 1|m− 1]. (8)

The state vector of m is estimated from the state vector of
m− 1 under the principle of minimum mean-square error.
Step 2: The initial error covariance matrices PA[1|1] =
diag(RA · · ·RA) and Pφ[1|1] = diag(Rφ · · ·Rφ) are set as:

PA[m|m− 1] = FAPA[m− 1|m− 1]FA
T +QA, (9)

Pφ[m|m− 1] = FφPφ[m− 1|m− 1]Fφ
T +Qφ. (10)

Step 3: The current values are estimated as:

ŜA,k[m|m] = ŜA,k[m|m− 1] + eA, (11)
Ŝφ,k[m|m] = Ŝφ,k[m|m− 1] + eφ. (12)

Here, eA = GA[m](OA,k[m]−HAŜA,k[m|m− 1]) and eφ =

Gφ[m](Oφ,k[m] − HφŜφ,k[m|m − 1]) are called innovation,
where GA[m] and Gφ[m] are the Kalman gains.

Step 4: We update the Kalman gains by:

GA[m] =
PA[m|m− 1]HA

T

(HAP[m|m− 1]HA
T +RA)

, (13)

Gφ[m] =
Pφ[m|m− 1]Hφ

T

(HφPφ[m|m− 1]Hφ
T +Rφ)

. (14)

Step 5: We update the error covariances matrices by:

PA[m|m] = (I− GA[m]HA)PA[m|m− 1], (15)
Pφ[m|m] = (I− Gφ[m]Hφ)Pφ[m|m− 1], (16)

where I is the unit matrix.

3.2. Linear prediction

LP analysis was used to obtain transition matrices FA and Fφ

in Eqs. (3) and (4). We extracted the LP coefficients for the
instantaneous amplitude and phase which can be regarded as
the output of a p-th order auto-regressive process by autocor-
relation method. The Kalman filtering with transition matri-
ces obtained from clean speech is referred as an ideal scheme
(IS) which could be used to check the upper limitation of the
improvement for speech enhancement.
We studied the properties of LP coefficients for instan-

taneous amplitude and phase to estimate them under various
conditions. This investigation revealed that these LP coeffi-
cients had similarities in modulation domain between speak-
ers, gender, and contents. We calculated the LP coefficients
of each sub-band for early reverberation generated from the
closed clean dataset and converted them to line spectral fre-
quencies (LSFs) to obtain FA and Fφ. LSFs have a well be-
haved dynamic range while LP coefficients have a large dy-
namic range of values, therefore it is easier to guarantee the
stability of the resulting synthesis filter in LSF domain. We
averaged the computed LSFs and converted them to LP coef-
ficients as trained LP coefficients in FA and Fφ.
We incorporated an offline training phase with the pro-

posed scheme to train the LP coefficients based on their char-
acteristics in the modulation domain. This is referred as the
proposed scheme (PS), to compare the PS with the IS.

4. EVALUATION

We used a closed dataset, containing four sentences from two
males and two females from the TIMIT database [11] to deter-
mineFA andFφ. We then used ten different sentences uttered
by five males and five females as an open dataset, to evaluate
the proposed scheme. The signal to noise ratios (SNRs) be-
tween x(t) and n(t) were fixed at 10 and 0 dB. Reverberation
times, TRs, were fixed at 0.5 and 2 s [12]. The sampling fre-
quency, Fs, was set to be 20 kHz. We used a GTFB [10] to
decompose the signal into 128 sub-bands (K = 128). The
frame size was 25 ms. The LP order, p, was set to 22.

4.1. Objective evaluation

We evaluated the improvement of the restored speech by mea-
suring correlation (Corr) and signal to error ratio (SER). Cor-
relation shows the similarity between the shapes of clean in-
stantaneous amplitude and phase and restored instantaneous
amplitude and phase and SER shows the level of the error that
we can reduce. Correlation and SER are defined as follows

Corr(xk, x̂k) =

∫
T

0
(xk(t)− xk)

(
x̂k(t)− x̂k

)
dt√{∫

T

0
(xk(t)− xk)dt

}{∫
T

0
(x̂k(t)− x̂k)dt

} ,

(17)

SER(xk, x̂k) = 10 log
10

∫
T

0
(xk(t))

2dt∫
T

0
(xk(t)− x̂k(t))2dt

, (18)
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Table 1. Comparisons: PESQ and SNR loss (AVG.)
�
�
�
�
�
�

Method Noisy reverberant Ideal scheme (IS) Ref (IS) Proposed scheme (PS) Ref (PS)

SNR/TR

�
�
�
�
�
�

PESQ SNR loss PESQ SNR loss PESQ SNR loss PESQ SNR loss PESQ SNR loss

10 dB/0.5 s 1.85 0.89 3.08 0.65 2.75 0.75 2.82 0.66 2.63 0.77
10 dB/2 s 1.36 0.92 2.84 0.68 2.55 0.77 2.55 0.70 2.32 0.80
0 dB/0.5 s 1.41 0.93 2.82 0.69 2.57 0.79 2.35 0.72 2.25 0.81
0 dB/2 s 1.11 0.94 2.69 0.71 2.43 0.80 2.20 0.74 2.01 0.95
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Fig. 4. Improvements in restoration accuracy of PS: (a) im-
proved Corrs and (b) improved SERs.

where xk(t) and x̂k(t) are clean and the restored speech in
kth sub-band. These two measures were used to evaluate the
reduction of effects of additive and convolved noise on the in-
stantaneous amplitudes and phases in sub-bands. We defined
the improved correlation as the subtraction of correlation be-
tween clean speech and restored speech from the correlation
between clean speech and noisy reverberant speech in sub-
band. The improved SER is also defined in the same way.
Figure 4 shows that the proposed scheme has large im-

provement in both Correlation and SER for restoring instan-
taneous amplitude and phase simultaneously. Figure 5 shows
the improvement of only restoring instantaneously amplitude
by our proposed scheme which indicates the importance of
phase information. Figures 2 (c), 2(d), 3(c), and 3(d) show
the comparison between the previous scheme and proposed
scheme, it is easily observed that the proposed scheme pro-
vide better similarities in the instantaneous amplitude and
phase in noisy reverberant environments.
Perceptual evaluation of sound quality (PESQ) [13] in the

objective difference grades (ODGs) that covers from −0.5
(very annoying) to 4.5 (imperceptible) was used to evaluate
subjective quality of the restored speech signals under noisy
reverberant conditions. SNR loss [14] was also used to predict
the improvement of speech intelligibility which ranges from
0 to 1.0, corresponding to the percent correctness (100% to
0%), under noisy reverberant conditions.
The results of objective evaluations are listed in Table 1.

We made comparisons among noisy reverberant speech (NR),
the restored speech by ideal scheme (IS), the restored speech
by ideal scheme with only instantaneous amplitude (Ref (IS)),
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Fig. 5. Improvements in restoration accuracy of Ref (PS): (a)
improved Corrs and (b) improved SERs.

the restored speech by proposed scheme (PS), and the restored
speech by proposed scheme with only instantaneous ampli-
tude (Ref (PS)). From the results of PESQ, we found that the
phase information can improve the quality of speech, compar-
ing IS and PS with Ref (IS) and Ref (PS) respectively. From
the results of SNR loss, it could be observed that phase infor-
mation plays an important role for improving intelligibility
of speech, comparing IS and PS with Ref (IS) and Ref (PS)
respectively. From the results of evaluations, we could con-
clude that the proposed scheme can effectively reduce the ef-
fects of noise and reverberation by restoring the instantaneous
amplitude simultaneously. Furthermore, phase information is
quite important for improving the quality and intelligibility of
speech under noisy reverberant conditions.

4.2. Subjective evaluation

Sentence-pair listening test was chosen for subjective evalua-
tion. Noisy reverberant speech signals were generated under
four noisy reverberant conditions: SNRs at 10 and 0 dB and
reverberation times TRs at 0.5 and 2 s, for two male and two
female speakers from TIMIT database.We made comparison
for six categories of speech (clean (CL), IS, Ref (IS), PS, Ref
(PS), and noisy reverberant (NR)), where CL is clean speech.
Each of these six was compared with the other five categories.
Therefore we have 30 sentence pairs 30 (= 5× 6) under each
noisy reverberant condition. These sentence pairs were ran-
domly shuffled and listeners were required to choose one of
the three choices for each sentence pair: prefer the first one,
prefer the second one, and no preference. Pairwise scoring
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Fig. 6. Subjective evaluation in noisy reverberant environ-
ments: (a) TR = 0.5 s and SNR=10 dB (b) TR = 2 s and
SNR=0 dB.

was employed: 1 point is added to the preferred speech and
0 to the other and 0.5 point is added for both ones with no
preference. The experiment was conducted in sound-proof
room and ten subjects with normal hearing were participated
in this experiment. These participants were familiar with the
task after a short practice session before formal test. Each
listener listened 30 sentence pairs for each noisy reverberant
condition and totally listened to 120 (30× 4) sentence pairs.
Figure 6 shows the comparison of normalized mean pref-

erence score for the best and worst noisy reverberant condi-
tions in our experiment. We found that IS was always better
than PS and Ref (IS) was always better than Ref (PS), which
means the trained FA and Fφ still have a little bit minor neg-
ative effects on speech restoration. However, if the training
effects of FA and Fφ under various conditions will be im-
proved, these gaps could be eliminated. We also found that IS
was always better than Ref (IS) and PS was always better than
Ref (PS). These indicated that the use of instantaneous phase
plays an important role for speech enhancement in noisy re-
verberant environments.

5. CONCLUSION

We proposed a scheme for speech enhancement by using
Kalman filter with a training phase in sub-bands on the Gam-
matone filterbank in noisy reverberant environments. The
proposed scheme dealt with the temporal variations of instan-
taneous amplitudes and phases simultaneously. The results
of objective evaluations revealed that the proposed scheme
can improve much of the quality and intelligibility of speech.
The results of subjective evaluations also indicated the im-
portance of phase information for speech enhancement. We
believe that the combination of the instantaneous amplitude
and phase with accurate estimation of LP coefficients in
sub-bands can contribute much to speech enhancement.
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