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Abstract A noise spectral estimation method, which
is used in spectral suppression noise cancellers, is pro-
posed for highly non-stationary noise environments. In
conventional method, speech, quasi-speech and non-
speech frames are detected by using the entropy-based
voice activity detector (VAD). A variable two thresh-
olds and a statically variance comparison have been pro-
posed for the conventional VAD to discriminate the noisy
speech into three categories. The noise is estimated
by using the noisy speech spectrum in the non-speech
frames and weighted noisy speech spectrum in the quasi-
speech frame and the speech frame.

In proposed method, speech detection using VAD
based on two-dimension threshold of entropy and vari-
ance spectrum is proposed to improve the performance
of speech/quasi-speech/non-speech discrimination. T-
shape form discrimination technique and a dynamically
calculate instantaneous value of variance spectrum for
threshold are newly introduced for the VAD. Further-
more, an adaptive parameter is proposed to stabilize the
entropy used in VAD. The weight function used in the
quasi-speech frame and the speech frame are modified
from the conventional approach to suppress over esti-
mation. These proposed techniques are very useful for
rapid change in the noise spectrum and power. Simula-
tions are carried out by using many kinds of noises, in-
cluding white, babble, car, pink, factory and tank. The
proposed method can improve a noise spectral estima-
tion error and a segmental SNR for noise is not changed
condition (input SNR 3dB) and noise is changed condi-
tion (from babble noise (input SNR 6dB) to six noises
(input SNR 2dB))

1 Introduction

A spectral suppression technique is a hopeful approach
to noise cancellers used in a mobile phone [1]. In this
approach, it is very important to estimate a spectral
gain, used to suppress the noise spectrum. Several meth-
ods, including MMSE STSA [2] and Joint MAP [3] have
been proposed. Furthermore, performance of the spec-
tral suppression technique is highly dependent on accu-
racy of the noise spectral estimation [4], [5]. There exist
many kinds of noises. In highly non-stationary noise en-
vironments, power and spectrum of the noises can be
dynamically changed. Several noise spectral estimation
methods have been proposed for the purpose.

In this paper, a new noise spectral estimation method

based on Voice Activity Detection (VAD) is proposed. A
two-dimension thresholds of entropy and variance spec-
trum and a adaptive parameter are proposed to improve
the VAD performance. The noisy speech is discrimi-
nated in three categories, a non-speech frame, a quasi-
speech frame and a speech frame. The noise spectrum is
optimally estimated in three kinds of frames. Computer
simulations by using speech signal and many kinds of
noises will be shown.

2 Spectral Suppression Noise Canceller

Figure 1 shows blockdiagram of the spectral suppres-
sion noise canceller. Spectra of speech and noise are
assumed to be statistically independent. Let s(n), n(n)
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Figure 1: Blockdiagram of spectral suppression noise
canceller

and z(n) be clean speech, noise and noisy speech, re-
spectively.

2(n) = s(n) + n(n) (1)

The Fourier transforms of z(n), s(n) and n(n) in the lth
frame and at the kth frequency bin are expressed by

X (1, k) = S(I, k) + N(I, k) (2)

The prior SNR &(I, k), a ratio of the clean speech power
to the noise power, and the posterior SNR (I, k), a ratio
of the noisy speech power to the noise power are defined
by

ES(L k)]
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Actually, the noisy speech signal (n) is only available.
The prior SNR £(1, k) is estimated as follows [2]:

LK) = ay(l—1,k)G*(1—1,k)
+ (I —=a)P[y(l, k) —1] (5)

where 0 < o < 1 and P[x] satisfies

z, x>0
Pla] = { 0, otherwise

(6)

The posterior SNR (I, k) can be estimated by using
the noise spectrum estimation N(I,k) as follows:

(X (k)2

NO—LR @

'AY(Z’ k) =
How to estimate N(I,k) is a main issue in this paper.
A spectral gain G(l, k) is estimated by using the prior
SNR £(1, k) and the posterior SNR 4(1, k), and is used
to suppress the noise spectrum included in the noisy
speech. In order to calculate G(I, k), we employ Joint
MAP method[3], in which the speech is assumed to
follow super Gaussian distribution and is better than
MMSE STSA method|[2], [5].

3 Conventional Rapid Adaptation method

In this section, a conventional noise spectral estima-
tion method proposed for non-stationary noise environ-
ments is briefly described[7]-[10]. A voice activity de-
tector (VAD)[6] is applied to this method.

3.1 Voice Activity Detector

The VAD discriminates the speech frame and the non-
speech frame based on the following entropy H (1)

Xenergy (l, k)
iiﬁ Xenergy (l, k)

Po(l, k) = (8)

H(Z)Z—ZPT(l,k)IOg(PT(l,I{?)) (9)
k=1

Xenergy(l, k) = | X (1, k)[? (10)

The entropy H () has a large value in the non-speech
frame compared to the speech frame. We assume several
frames at the beginning to be the non-speech frame. An
average of the entropy, estimated in these frames, de-
noted H,,(0) is used as the threshold, with which the
following frames are discriminated as the speech or non-
speech frames. Actually, Hg,(0) is scaled by constant ¢
(<1)

(1) > cHav(0)

—  Non-speech frame
(1) < cHgy(0) —

H
H Speech frame

H(l) is not accurate and cannot discriminate the non-
speech frame and the speech frame, when the spectra
of the speech and the noise are small and large, respec-
tively. In order to improve this problem, a positive con-
stant C has been introduced in P,(I, k) as follows:

Xenergy (la k) + C

PTC(L k) - iiﬁ Xenergy(lv k/’) +C (11)
He(l) = = Pro(l k) -log(Pre(l, k) (12)
k=1

4 A New Noise Spectral Estimation Method
4.1 New Adaptive parameter

In the conventional method, as shown in Eq.(11),
P..(l, k) is stabilized by using a constant C. The con-
stant C' is highly dependent on SNR of the noisy speech,
and should be optimized. In this paper, we propose a
new adaptive parameter, which is controlled by the mul-
tiply constant o and maximum of | X (I, k)| as follows:

Xenergy (la k) + C’ﬂew (l)

Pnew(l;k) = oM (13)
k=1 Xenergy (l7 k) + Cnew (l)
Chew(l) = ax mgx{|X(l,k;)|} (14)
2M
Hpew(1) = = Pocw(l, k) - 10g(Prew(l, k) (15)
k=1

The stabilization parameter C,e, (1) is adjusted in each
frame to adapt rapid change in noise spectrum and
power.

In this paper, we consider the constant « in 3 differ-
ent cases for the proposed method, @ = 1,2 and 3.5.
Simulation results will be shown in Sec.5.3.

4.2 Two-dimension threshold for VAD

The proposed method aims to improve the per-
formance of speech/quasi-speech/non-speech detection.
For this purpose, we introduce a new discrimination
technique, 2-dimension threshold in T-shape form to
classify the noisy speech into three categories. Two kind
of thresholds are used for the new VAD, T}, for Entropy
Hpew(l) and T, for Variance Spectral V' (1), as follows:

Th(l) = c1E[Hpew (1)) (16)
() = o max(V (1)) Jr;nedzan(V(l)) (17)
V() =log|[VAR(X (L, k))| (18)

E[Hpew(l)] means an average over the recent five non-
speech frames including the I-th frame. max(V' (1)) and
median(V (1)) mean the maximum and median value
of Variance Spectrum over the recent five either quasi-
speech frames or non-speech frames including /-th frame.
The initial value of T,(I) and T,(l) are determined
by using an average value in the beginning 5 frames,
which are assumed to be the non-speech frame. If
Hpew(l) > Tp(l — 1), then Ty (1) is updated by Eqgs.(16).
If V(I) < e3T,(1 — 1) and if V(1) > median(V (1)), then
T,(1) is updated by Eqgs.(17). ¢1, co and c3 are 0.98, 1.1
and 1.02 respectively, which are determined by experi-
ence.

We consider how to classify the noisy speech into 3 cat-
egories in two-dimension of Entropy and Variance Spec-
tral by using T-shape form discrimination technique as
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Figure 2: T-shape form discrimination

shown in Fig.2. If H(l) > T, then current frame is
classified as the non speech frame. If H(l) < Tp(l)
and V(I) < T,(l), then current frame is classified as
the quasi-speech frame. Finally, if H(I) < T} (I) and
V() > T,(l), then current frame is classified into the
speech frame.

4.3 Noise Spectral Estimation Method
4.3.1 Non-speech frame

We employ the conventional noise spectral estimation
method [12] to estimate the noise spectrum by using the
noisy speech spectrum itself in the non-speech frame as
follows:

N, k) =|X(1,k)]?

4.3.2  Speech Frame

In conventional method, the weighted noise spectral
estimation method [4],[5] is applied for noise spectral
estimation in the speech frame. The noisy speech spec-
trum is weighted by the weight function W (I, k), which is
determined based on the posterior SNR 4(I, k) as shown
in Fig.3. The noisy speech spectrum is reduced in the
high SNR region in order to avoid over estimation of the
noise spectrum. The weighted spectrum is expressed by

z(l, k) =

(19)

W, k)| X(1,E)? (20)
W (l,k)
W,

7. k)
7, [dB]

Figure 3: Weight function W(l, k) for noisy speech

In order to improve the noise spectrum estimation in
the speech frame from the conventional method [12], the

parameters are newly determined by experience as fol-
lows: Wy = 1,71 = 0dB, v2 = 10dB and 6, = 9.5dB.

The beginning several frames are regarded as the non-
speech frames, and | X (I, k)| is directly used to estimate
the noise spectrum. After that, the noise spectrum
is estimated by averaging z(l,k) over several frames.
Figure 3 means that if 4(I,k) < ~i, then |X(I,k)| is
used, and if 6, < A(l,k), then |X(I,k)| is not used
to estimated the noise spectrum. Further more, when
Y1 < (k) < 0,,|X(1,k)| is gradually reduced along
4(l, k) in estimating the noise spectrum [4].

4.3.3 Quasi-speech Frame

We employ the same approach as in the speech frame
to estimate the noise spectrum in the quasi-speech
frame. However, since the quasi-speech frames may in-
clude a consonant sound, a fricative sound, an explosive
sound, the weight function shown in Fig.3 is modified
from the conventional approach in order to suppress over
estimation of the noise spectrum more accurately. For
this purpose, the parameters are newly determined by
experience as follows: Wy = 0.8,+; = 7dB, > = 10dB
and 0, = 9.5dB.

5 Simulations and Discussion
5.1 Conventional Methods

The conventional method [12] are employed for com-
parison. In this method, the non-speech, quasi-speech
and the speech frame are discriminated by using En-
tropy based VAD. The proposed method introduces a
new algorithm, two-dimension threshold for VAD, and
modifies the weight function in the quasi-speech frame
and the speech frame. Furthermore, in both methods,
we apply the lower boundary for the spectral gain G(I, k)
and adding the original noisy speech to the output signal
4(n) in a small rate in order to improve speech quality
[5]. G(I,k) is estimated by Joint MAP method [3]

5.2 Evaluation Measures

5.2.1 Normalized Noise Spectrum Estimation Error

e(l)

M
1010g,, (koo INCRE NG RP],
0810 Z |le|2

(22)

h |

L is the number of all frames. The smaller value of &
means the higher accurate estimation

5.2.2 Segmental SNR

A signal to noise ratio at the output is evaluated by
the following segmental SNR.

Ni+N—-1 2
3 togiy )
25 T ) -

n=N;

10
SNRueg = 7
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N is a length of the interval, where SNR,,, is evaluated.
The actual length is 12ms. SNR,., at the input is eval-
uated by using n?(n) instead of (s(n) — 3(n))? in the
above equation.

5.2.3  Log-Spectral Distortion (LSD)

The noise suppressed signal S (I, k) is compared with
the clean speech signal S(I, k) in an amplitude response
using a log function as follows:

EETAY 5(24)
1S(1, k)| + 6

1 | M
LSD:;Z mz<log

=1 k=1

2M is a frame length, J is the number of the frames, §
is a positive small value

5.2.4 Ideal Estimation

In order to evaluate accuracy of the noise spectrum es-
timation, the true noise spectrum is used. Let Gy (I, k)
be the spectral gain obtained by using true noise spec-
trum. The ideal noise suppressed output signal is ob-
tained by

8(n) = IFFT[Gyu(l,k)X (1, k)] (25)

5.3 Simulation Results

5.3.1 Noise Estimation and Reduction - Noise is not
changed -

The normalized noise spectrum estimation error &, the
segmental SNR (SNR,.,4) and the log-spectral distortion
(LSD) are evaluated by using the ideal method, the con-
ventional method and the proposed method. Six kinds
of noises are used, that is White, Babble, Car, Pink,
Factory and Tank which are provided by [11].

Table 1 shows &, SNR,, and LSD for the ideal
method. The input SNR,q4 is set to be 3dB and 9dB.
In this case, £ = —oo and LSD = 0 can be expected.

Table 2, 3, 4 and 5 show simulation results for the con-
ventional method [12] and the proposed method when «
is set to be 1, 2 and 3.5, respectively. The input SNR ;¢4
is set to be 3dB and 9dB. Regarding & and SNR .4, the
proposed method in all cases of a can improve better
results when the Input SNR,, is set to be 3dB. Its LSD
are almost the same as those of the conventional method.
However, when the Input SNR,., is set to be 9dB, the
results of the proposed method in all cases of « are al-
most the same as the results of the conventional method.

5.3.2 Noise Estimation and Reduction - Noise is
Changed -

SNR,eg of the ideal method under the dynamical sit-
uation, the noise is changed from babble noise (Input
SNRseq = 6dB) to six kinds of noises (Input SNRe, =
2dB), are shown in Table 6. The average input SNR,.,
is 5dB.

Table 1: Noise reduction by ideal method. Noise is not
changed. € = —o0, LSD =0

Evaluation Method | SNR,.,

Input SNR.4 3 9
White 9.42 13.3
Babble 11.9 15.6
Car 15.5 18.4
Pink 12.1 15.6
Factory 12.0 154
Tank 15.5 18.5

Table 2: Noise reduction and reduction by conventional
method[12]. Noise is not changed.

z SNRueq LSD
SNR.e, | 3 9 3 9 3 9
White | -3.66 -2.73 | 7.06 11.8 | 0.420 0.345
Babble | -2.05 -1.78 | 6.10  12.0 | 0.306 0.242
Car 268 -1.89| 930 14.1]0.268 0.205
Pink 3.02 -2.15] 7.69 1280291 0221
Factory | -2.83 -1.96 | 7.62  12.8 | 0.291 0.229
Tank | -3.47 -1.95 | 9.58 14.0 | 0.254 0.202

Table 3: Noise reduction and reduction by proposed
method. Noise is not changed. o =1

z SNRoueq LSD
SNR.e, | 3 9 3 9 3 9
White | -3.84 -2.69 | 7.36 11.9]0.422 0.355
Babble | -2.17 -1.67 | 659 122 | 0.313 0.224
Car 325 -1.84] 971 1410271 0208
Pink 332 -2.02| 843 1320281 0219
Factory | -3.06 -1.98 | 8.23  13.0 | 0.286 0.224
Tank | -3.39 -2.19 | 991 146 | 0.260 0.194

Table 4: Noise reduction and reduction by proposed
method. Noise is not changed. o =2

z SNR...q LSD
SNRuey | 3 9 3 9 3 9
White | -3.86 -2.63 ] 7.35 11.9] 0422 0.355
Babble | -2.45 -1.79 | 6.85  12.3 | 0.314 0.224
Car 330 -184| 961 1410271 0.208
Pink | -3.41 -202| 846 132 | 0281 0.219
Factory | -3.11 -1.98 | 824 13.0 | 0.287 0.224
Tank | -3.43 -2.19 | 988  14.6 | 0.260 0.194
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Table 5: Noise reduction and reduction by proposed
method. Noise is not changed. o« = 3.5

Table 7: Performance comparison. Noise is change in
non-speech frame

z SNReq LSD

SNR.ey | 3 9 3 9 3 9

White 3.86 -2.79 736 12.0 | 0.422 0.355 | Conventional Method [12 | Proposed Method oo = 1

Babble | 2.59 -1.77 | 6.90 123 | 0.311 0.239 | £ |SNRsy | LSD || € | SNRyey | LSD

Car 343 -1.81| 984 1400268 0208 1] 287 ] 876 | 0.341] -2.97] 9.0 | 0.341

Pink 343 -1.99 | 849 1320281 0219 2| 207 | 809 |0.294 || -1.98| 847 | 0.297

Factory | -3.11 -1.91 | 825 13.0 | 0.286 0.224 3 | -2.46 | 9.10 | 0.280 || -2.43 | 9.56 | 0.280

Tank 2343 -1.94 | 983 144 | 0.261 0.196 4 | -2.56 | 8.83 | 0.281 || -2.58 | 9.41 | 0.281
51-220 | 854 | 0287 ||-244| 9.12 | 0.281
6| -2.66 | 9.94 | 0263 298| 10.6 | 0.256

Table 6: Noise reduction by ideal method. Noise is
changed from Babble(6dB) to six kinds of noises(2dB)
in non-speech frame (SNRye4(1)) and in speech frame
(SNRseq(2))

Evaluation Methods | SNRq(1) | SNRey(2)

1.Babble—White 11.8 11.9
2.Babble—Babble 13.2 13.1
3.Babble—Car 14.9 14.8
4.Babble—Pink 13.2 13.3
5.Babble—Factory 13.1 13.1
6.Babble—Tank 15.2 15.2

The simulation results of the conventional method [12]
and the proposed method are shown in Tables 7 and 8.
The numbers in the left column are the same numbers
shown in the Table 6.

As shown in these tables. £ and SNRy., can be im-
proved by the proposed method in all cases of . LSD is
still the same as those of the conventional method [12].

6 Conclusions

In this paper, a new noise spectral estimation method,
2-dimension dynamically VAD algorithm and new adap-
tive parameter are proposed, which can correctly dis-
criminate the non-speech, the quasi-speech and the
speech frame. Through computer simulations by using
six kinds of noises, the proposed method can reduce the
normalized noise spectrum estimation error and can in-
crease SNR., compared with the conventional method.
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