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Abstract This paper proposes a restoration scheme
for the instantaneous amplitude and phase of speech sig-
nal by using the complex version of Kalman filtering in
speech enhancement. The previous studies have proved
that restoring the instantaneous amplitude as well as in-
stantaneous phase by Kalman filtering with linear pre-
diction (LP) on Gammatone filterbank plays a signifi-
cant role in speech enhancement. However, the exist-
ing problem is the individual restoring for the instan-
taneous amplitude and phase. Thus, this paper aims to
solve this problem by studying the feasibility of restoring
both instantaneous amplitude and phase simultaneously
base on the complex Kalman filtering. The proposed
method concentrates on analyzing the separation of real
and imaginary parts of the analytical speech signal si-
multaneously. The complex Kalman filtering with LP
are applied to the analytical speech signal. The expected
outcomes are improvements in the signal to error ratio,
correlation and the quality as well as intelligibility of
speech signals. Results of evaluations showed that the
proposed scheme could effectively improve the previous
one in noisy reverberant environments.

1 Introduction

In voice communication, the quality and intelligibility
of speech are very important, which are degraded un-
der the influence of background noise and reverberation.
In particular, the performance of applications such as
speech coders, hearing aids and automatic speech recog-
nition (ASR) systems could be reduced. Therefore, these
effects need to be removed simultaneously with more ex-
plicit consideration.

In previous studies, various methods which were con-
cerned with speech enhancement have already been pro-
posed to remove the influence of noise or reverberation
to improve the quality or intelligibility of speech sig-
nals. Among the many developed methods, short-time
Fourier transform based analysis-modification-synthesis
(STFT-AMS) framework was widely used for speech en-
hancement [1]. Based on the survey of noise reduction
methods, both single and multi channel approaches were
considered. In these cases, the spectral subtraction (SS)
has been shown to effectively suppress stationary noise
[2]. This method performs subtraction of an estimated
noise magnitude spectrum from a noisy speech magni-
tude spectrum. In addition, the methods which related
to minimum mean-square error short-time spectral am-
plitude (MMSE-STSA) estimator [3] and the Wiener fil-

tering algorithm [4] have drawn a great deal of attention.

Besides, the effectiveness of phase manipulation is of
interest to researchers in speech enhancement. The im-
portance of phase information in speech enhancement
was shown in [5],[6]. There presented the modulation-
phase-only experiments that proved the modulation
phase spectrum gives an important role in the intel-
ligibility of speech signal. Many researchers proposed
the speech enhancement scheme on the filterbank to en-
hance both the instantaneous amplitude and phase by
using recursive Kalman filter in a Gammatone filterbank
(GTFB) [7].

Kalman filter is usually used in speech enhancement
to improve and restore the instantaneous amplitude as
well as instantaneous phase. Paliwal and Basu were the
first researchers who applied the Kalman filter in speech
enhancement [8]. This method is the most suitable
for reduction of white noise with Kalman assumption.
Kalman flter is a mathematical procedure which op-
erates through a prediction and correction mechanism.
Kalman flter combines all the available data measured,
plus the knowledge of the system and the measurement
devices, to produce an estimation of the desired variables
in such a manner that the error is statistically minimized
[9]. In addition, Kalman filter is of particular interest in
smooth prediction method for dealing with the instan-
taneous amplitude and phase in sub-band. It can be
viewed as a joint estimator for both the magnitude and
phase spectrum of speech, under non-stationary condi-
tion [10].

Nower et al.’s methods [11], [12] dealt with the instan-
taneous amplitude and phase on the GTFB because tem-
poral smoothed information (amplitude and phase) is
directly related to improve the quality and intelligibility
of speech. In addition, these research carefully analyzed
the assumption of Kalman filter for speech enhancement
in noisy environments. The modulation characteristics
of amplitude and phase in each sub-band of Kalman fil-
tering were considered by using the linear prediction to
derive these coefficients.

Moreover, in reverberant environments, the derever-
beration is quite important. A few solutions that have
proposed related to STFT-AMS framework, cepstral
mean normalization (CMN) [13], which could suppress
the effect of early reverberation by normalizing cep-
stral features, has been shown to be the simplest and
most effective method. However, this method still ex-
ist the problem, which is not effective with the pres-
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ence of the late reverberation. Another method based
on multiple-step linear prediction (MSLP) was proposed
by Kinoshita et al. [14]. This method estimates the late
reverberation by long-term MSLP and then these were
suppressed by subsequent SS.

Almost previously studied methods cannot work well
in noisy reverberant environments to completely remove
the influence of noise and reverberation simultaneously.
Liu et al.’s methods [15]-[17] tried to solve this problem
completely in order to improve the quality as well as
intelligibility of s peech signals. In [15], the derivation
of the accurate transition matrices was deeply concen-
trated. This is because they are quite important param-
eters in Kalman filtering from noisy reverberant speech.
Besides, the enhancement performance of Kalman fil-
ter depends on the accuracy and reliability of transi-
tion matrices. These matrices were applied linear pre-
diction (LP) algorithm for instantaneous amplitude and
instantaneous phase individually. In addition, the ef-
fects of noise and reverberation were removed simulta-
neously with consideration of phase information and the
effects of noise corresponding to additive and convolved
noises (late reverberant speech) on instantaneous am-
plitude and phase can be removed by Kalman filtering
with efficient LP and the early reflection effect can be
removed by CMN. Thus, the quality and intelligibility
of speech were improved. However, this method is still
remaining issue that is how to consider and restore both
instantaneous amplitude and phase in noisy reverberant
environments simultaneously.

Therefore, the objective of this paper is to design com-
plex version of Kalman filtering for speech enhancement
in order to improve previous research works. This pa-
per will use [15] as a preliminary study. The novel point
is applying both instantaneous amplitude and phase si-
multaneously by analyzing the complex Kalman filter-
ing. The proposed scheme is expected to work well and
improve the quality and intelligibility of speech signal.

The rest of this paper is organized as follows. Sec-
tion 2 explains the details of the proposed scheme in
noisy reverberant environments. The complex Kalman
filtering that is applied for instantaneous amplitude and
phase simultaneously. Section 3 presents the objective
and evaluation of the achieved results. Section 4 de-
scribes the discussion of this research. Section 5 makes
the conclusion and future works.

2 Proposed scheme
2.1 Signal definition

The noisy reverberant speech yng(t), where ynr(t) =
x(t) % h(t) + n(t), is observed in [15]. Here, x(¢) is the
clean speech, h(t) is the room impulse response (RIR)
and n(t) is background noise. The RIR, h(t), contains
both effects of early reflection and late reverberation so
that this can be represented as h(t) = hg(t) + hr(t),
where hg(t) is early reflection and hy(t) is late rever-
beration.

The output of the k-th sub-band, Yy g x(t), is repre-
sented as the analytical form by:

Ynri(t) = Yvr1k(t) + YNr2 k),
= Anrx(t)exp (jwrt + joNrk(t)), (1)

where Ynp.1x(t) and Yypg ok (t) are the components of
noisy reverberant speech, respectively. Anpgx(tf) and
®nNR,k(t) are the instantaneous amplitude and phase of
the noisy reverberant speech Yn g x(t), which are calcu-
lated as follows:

Avnalt) = 1F(e.b), ©)
ot = [ (e ar(Fiem) - ) dr ®

where, ¢ = a*"5/2 o is the scale of GTFB. |f(c,t)| is
the amplitude spectrum defined by the wavelet trans-
form and arg( f (¢,t)) is the unwrapped phase spectrum
defined by the complex wavelet transform.

In previous research [15], Kalman filter is applied for
instantaneous amplitude Ayg,, and phase ¢ng  indi-
vidually. In this paper, we proposed a scheme as an
extension of the previous scheme. The block diagram of
the proposed scheme for speech enhancement is shown
in Fig. 1. We concentrated on the analysis of complex
Kalman filtering that considers both instantaneous am-
plitude and phase simultaneously. The noisy reverberant
speech, Yyg x(t) from Eq. (1),

Ynrk(t) = Anpi(t) exp (jwit + jonR, k(1))
= AnR,k(t) cos (wit + onR k(1))
JrjANR’k(t) sin (WktJFQbNR,k(t)) , (4)

Hence,
Ynrk(t) =Y Npr(t) + 5YiNRk(T), (5)

where Yr,NR,k(t) = ANR,k(t) cos (wt + QZ)NR,k(t)) ,
and YLNRJf(t) = ANR,k(t) sin (wkt + ¢NR,k(t)) are com-
ponents of real and imaginary parts, respectively.

The real and imaginary parts of speech signal will be
applied to Kalman filtering individually. In other words,
the instantaneous amplitude and phase of speech signals
are applied simultaneously. This method is called as
Complex Kalman filtering.

2.2 Complex Kalman filtering

The complex version of Kalman filtering is an algo-
rithm, which applied for real and imaginary parts of
speech signal, individually. The state equations of k-th
sub-band for real and imaginary parts are defined as:

Symk[m] = FYT,kSYT,k‘[m - 1] + Wyr,k[m], (6)
Snyk[m]:Fn,kSn,k[mfl]wL W}g7k[m}, (7)
where m is sampling number (m = 0,1,2,--- | M; ¢t =

m/Fs), M is the number of time samples and Fy is the
sampling frequency. Fy, , and Fy, ; are the transition
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Figure 1: Block diagram of proposed scheme for speech enhancement.

matrices of k-th sub-band that can be obtained by the
LP method. Wy, x[m] and Wy, ;[m] are assumed to
be Gaussian white noise of k-th sub-band, and the vari-
ances of Wy, x[m]| and Wy, x[m] are Qv, » and Qy; ,
respectively. Sy, p[m] and Sy, i[m] are the state vectors
of real and imaginary parts of early reverberant speech
at sampling point m in k-th sub-band respectively.

The observation equations for the real and imaginary
parts of k-th sub-band are defined as:

Oy, x[m] = Hy, Sy, x[m] + Vv, r[m], (8)
Oy, r[m] = Hy, Sy, x[m] + Vy, r[m], 9)

where Oy, ;[m] and Oy, [m] are the observed real and
imaginary parts of the noisy reverberant speech at sam-
pling point m in k-th sub-band. Hy, and Hy, are the
observation matrices that are [0,0,--- ,1]. Vy, x[m] and
Vv, k[m] are observation noise (Gaussian white noise),
and the variances of Vv, y[m] and Vy, x[m] are Ry, j
and RYi,k«

We calculate the optimal estimations for real and
imaginary parts of the speech signal as follows 5 steps.

Step 1: Initial state vectors are set to be Sy, x[1]1] =
(1071210712 and Sy, x[1]1] = [107'2...10712].
These values are used to initialize the state vector only
and will come close to the original state vector after a
few iterations.

Sy xlm|m —1] = Fy, .Sy, 1, [m —1|m —1],  (10)

Sy. r[m|lm — 1] = Fy, xSy, x[m — 1|m — 1]. (11)

The state vector of m is estimated from the state vec-
tor of m — 1 under the principle of MMSE.

Step 2: The initial error covariance matrices
Py, x[1]1] = diag(Ry, k[1]--- Ry, k[1]) and Py, x[1]1] =
diag(Ry; x[1]- - Ry, x[1]) are set as:

Py, i[m|lm—1] = Fy, Py, x[m—1|m—1]Fy, 1" +Qy, 1,
(12)
Py“k[m|m—1} = Fyi,ku“k[m—l‘m—I]Fyi?kT—l-Qyi,k.
(13)

Step 3: The current values are estimated as:

Sy, k[mlm] = Sy, k[m|m — 1] + ey, x,

Sy, k[mlm] = Sy, x[m|m — 1] + ey, 1.

Here7 eyr’k = Kyﬁk[m](Oymk[m] — H;yrgyhk[m|m —
1]) and ey, x = Ky, r[m](Oy, x[m] — Hy, Sy, x[m|m —1])

are called innovation, where Ky, x[m] and Ky, x[m] are
the Kalman gains of k-th sub-band.

Step 4: Update the Kalman gains by:

Py, i[m|m — 1]Hy, "

Ky, k[m] = , (16)
(Hy, Py, x[m|m — 1]Hy," + Ry, 1)
Py, —1]Hy, "
Ky, ilm] = v =iy )
(Hy, Py, x[m|m —1|Hy,” + Ry, k)
Step 5: Update the error covariance matrices by:
Pyr,k[m\m] = (I— Kyr’k[m}Hyr)Pymk[m|m - 1], (18)
Py, x[m|m] = (I— Ky, x[m]Hy,) Py, x[m|m —1]. ~ (19)

where I is the unit matrix.

2.3 Linear prediction

In previous research [15], LP analysis was used to ob-
tain transition matrices for instantaneous amplitude and
phase individually. This paper still use this method to
calculate transition matrices Fy, j and Fy, ; in Egs. (6)
and (7) for real and imaginary parts respectively.

The LP coefficients for complex Kalman filtering are
extracted from early reverberant speech that can be re-
garded as the output of a p-th order auto-regressive pro-
cess by an autocorrelation method as follows:

Rlga] = aiR[ga —i] =0, (20)
i=1
Rlqp] — Z biR[gy — 1] = 0. (21)

Here, R[qq] and R[gy] are the autocorrelation functions
of the real and imaginary parts of early reverberant
specch, Rlg,] = E{Sy, x[m]Sy, x[m — a.]} and Rigs) —
E{Sy, xIm]Sy, k[m—q)}, where E{-} is the expectation.
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The transition matrices Fy, , and Fy, ;, for each k-th
sub-band are as follows:

0 1 0 0
0 0 1 0
FY,.,Ic = ) (22)
0 0 0 1
L ap Gp—1  Gp_3 ay
[0 1 0 0
0 0 1 0
Fy ;= , (23)
0 0 0 1
by by byos by

where a, and l;p are the trained LP coefficients for real
and imaginary parts, respectively.

3 Evaluation

3.1 Objective

In this section, we concentrate on the analysis and
evaluation to show the effectiveness of the proposed
scheme and then prove the proposed method improves
the previous one in noisy reverberant environments.

First, we indicate the improvement in quality and in-
telligibility of restored speech signal by comparison be-
tween previous method and proposed one in terms of
perceptual evaluation of sound quality (PESQ) [18] and
SNR loss [19], respectively. PESQ in objective different
grades (ODGs) that covers from —0.5 to 4.5 was used to
evaluate subjective quality of the restored speech signals
under noisy reverberation conditions. SER loss was also
used to predict the improvement in speech intelligibility,
which ranges from 0 to 1.0, corresponding to the percent
correctness (100 to 0%), under noisy reverberant condi-
tions. The evaluation results based on comparison of
the noisy reverberant speech, the previous and proposed
method.

In addition, the measurement and comparison of cor-
relation (Corr.) and signal to error ratio (SER) were
used to consider the restoration accuracy for instanta-
neous amplitude and phase. Correlation shows the simi-
larity between the shapes of the clean instantaneous am-
plitude and phase and the restored instantaneous ampli-
tude and phase. Meanwhile, SER shows the level of error
that we can reduce in speech enhancement [15].

Correlation (Corr) and SER are defined as follows:

ST (@ (t)— wk)(wk( )— )dt

COI‘I‘ x ,x
(Tr, Tk) \/{fo (2 (t)—zR)dt H [T (@ (8)—Fr)dt )
(24)
T 2
SER (a1, #1) — 10log;g 0 (E()7et )

— 2p(t))2dt’

Ji (@ (t)

where z(t) is the clean speech and Zj(t) is the restored
speech of k-th sub-band.

3.2 Evaluations

First, Table 1 lists the results of comparison among
the noisy reverberant speech, restored speech in the pre-
vious and proposed scheme in terms of PESQ and SNR
loss under various reverberant conditions: SNR at 10
and 0 dB and reverberation times Tk at 0.5 and 2 s.
From the results of PESQ and SNR loss, we can see the
quality and intelligibility of speech signal are improved.
These results also show that the phase information had
an important role in the improvement on the intelligi-
bility of speech signal. Furthermore, we easily recognize
the results of proposed scheme are better than previ-
ous scheme. In the reverberant condition, with SNR =
0 dB and Ty = 0.5, the proposed method works most
effectively.

Figures 2 to 5 illustrate the comparison of the im-
provements in Corr. and SER under various reverberant
conditions: SNR at 10 and 0 dB and reverberation times
Tr at 0.5 and 2 s in noisy reverberant environments.

For the improvements in Corr., although this method
has not reduced so much the negative parts, but in the
positive parts, the height of bar, which is the level of
similarity between the clean and restored instantaneous
amplitude and phase, is higher than previous method
under the various reverberant conditions. For improve-
ments in SER, the height of bar indicates the improve-
ments in mean values and magnitude of estimated er-
rors was reduced. The orange color parts of bars are the
improvements in proposed method. However, this effec-
tiveness probably occurs at the low frequency channels,
especially the most effective at the 8th channel. We can
explain that the channels in lower frequencies are not
sensitive so much or do not fluctuate rapidly, so we can
estimate the correct signal easier.

4 Discussion

In this paper, there are a few key points that need to
be discussed.

There are two main differences between previous and
proposed schemes. First, we designed and applied the
complex Kalman filtering for both real and imaginary
parts of speech signals. In other words, we applied both
instantaneous amplitude and phase simultaneously. Sec-
ond, we concentrated on the training LP coefficients
from early reverberant speech to consider the accuracy
of transition matrices for calculation in the complex
Kalman filtering. The each sub-band has a different
transition matrix.

In addition, the importance of phase information that
directly affects to the quality and intelligibility of speech
signal was discussed in previous method. However, in
this paper, we only focus on the improvement in terms
of signal to error ratio (SER), perceptual evaluation of
sound quality (PESQ) and SNR loss for the quality and
intelligibility of speech signal respectively. The results
of evaluations showed that the proposed method works
more effective than the previous one. Therefore, the ac-
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Table 1: Comparisons: PESQ and SNR loss (average values).

Methods
SNR/ Tr | Noisy reverberant | Previous scheme | Proposed scheme
PESQ SNR loss | PESQ SNR loss | PESQ SNR loss
10 dB/0.5 s 1.85 0.91 2.72 0.70 2.75 0.68
10 dB/2 s 1.38 0.93 2.51 0.73 2.58 0.71
0 dB/0.5 s 1.45 0.94 2.31 0.74 2.41 0.72
0dB/2s 1.09 0.95 2.19 0.75 2.22 0.73

Previous Method: SNR=10dB /T R:O.5 s

Improved Corr
=

o =gy

Proposed Method: SNR=10dB /T r=0-5s

Improved Corr
-

oJ.-l.—.—.-—ll....ll—-l-.f-ﬁ

-1

15 20 25 30

Channel number

0 5 10

Figure 2: Improved Corrs in restoration accuracy in
noisy reverberant environments under Tr = 0.5 s and
SNR = 10 dB.
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Figure 3: Improved SERs in restoration accuracy in
noisy reverberant environments under Tr = 0.5 s and
SNR = 10 dB.

curacy of instantaneous amplitude and phase informa-
tion should be analyzed more explicitly.

Moreover, the effectiveness of the training LPC algo-
rithm or other mechanisms as CMN, speech synthesis in

‘Previou‘s Methbd: SNﬁ=O dB‘ /T R=é s

o =g Ra g

Proposed Method: SNR=0dB / T R=2S

Improved Corr
-

OW

0 5

Improved Corr

10 15 20 25 30

Channel number
Figure 4: Improved Corrs in restoration accuracy in

noisy reverberant environments under Tr = 2 s and SNR
=0 dB.
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Figure 5: Improved SERs in restoration accuracy in
noisy reverberant environments under Tr = 2 s and SNR
= 0 dB.

the block scheme should be considered more explicitly
with the input and output signal of each part. These
results will help we can easily evaluate the impacts and
effects in the principle of proposed scheme.
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5 Conclusion

In this paper, we proposed a scheme for speech en-
hancement in noisy reverberant environments by using
a complex Kalman filter with applying both the instan-
taneous amplitudes and phases simultaneously. The re-
sults of objective evaluations revealed that the proposed
scheme can greatly improve the previous one in terms
of PESQ and SNR loss, which directly related to the
quality and intelligibility of speech signal in noisy re-
verberant environments. Besides, the results related to
correlation and SER also are presented explicitly.

For future work, to improve the quality and intelli-
gibility of speech signal in noisy reverberant environ-
ments more effectively, we can extend this scheme by
combination of the real and imaginary parts simultane-
ously instead of applying the instantaneous amplitude
and phase or real and imaginary parts in each sub-band,
individually. Therefore, this research is as an open key
to researcher in the near future to continue to contribute
much to speech enhancement.
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