ENHANCEMENT OF SPEECH SIGNALS UNDER MULTIPLE HYPOTHESES USING AN
INDICATOR FOR TRANSIENT NOISE PRESENCE

Ari Abramson and Israel Cohen

Department of Electrical Engineering, Technion - Israel Institute of Technology
Technion City, Haifa 3200, Israel
{aari@tx, icohen@ee}.technion.ac.il

ABSTRACT

In this paper, we formulate a speech enhancement problem
under multiple hypotheses, assuming an indicator or detec-
tor for the transient noise presence is available in the short-
time Fourier transform (STFT) domain. Hypothetical pres-
ence of speech or transient noise is considered in the observed
spectral coefficients, and cost parameters control the trade-off
between speech distortion and residual transient noise. An
optimal estimator, which minimizes the mean-square error
of the log-spectral amplitude, is derived, while taking into
account the probability of erroneous detection. Experimen-
tal results demonstrate the improved performance in transient
noise suppression, compared to using the optimally-modified
log-spectral amplitude estimator.

Index Terms— Speech enhancement, acoustic signal de-
tection, transient noise, acoustic noise

1. INTRODUCTION

Enhancement of speech signals is of great interest in many
voice communication systems, whenever the source signal is
corrupted by noise. In a highly non-stationary noise envi-
ronments, noise transients may be extremely annoying and
significantly degrade the perceived quality and performances
of subsequent coding or speech recognition systems. Exist-
ing speech enhancement algorithms, e.g., [1, 2], are generally
inadequate for eliminating non-stationary noise components.

In some applications, an indicator for the transient noise
activity may be available, e.g., a siren noise in an emergency
car, lens-motor noise of a digital video camera or a key-
board typing noise in a computer-based communication sys-
tem. The transient spectral variances can be estimated in such
cases from training signals. However, applying a standard
estimator to the spectral coefficients may result in removal
of critical speech components in case of falsely detecting the
speech components, or under-suppression of transient noise
in case of missing to detect the noise transients.
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In this paper, we formulate a speech enhancement prob-
lem under multiple hypotheses, assuming some indicator or
detector for the presence of noise transients in the STFT do-
main is available. Cost parameters control the trade-off be-
tween speech distortion and residual transient noise. We de-
rive an optimal signal estimator that employs the available
detector and show that the resulting estimator generalizes the
optimally-modified log-spectral amplitude (OM-LSA) esti-
mator [2]. Experimental results demonstrate the improved
performance obtained by the proposed algorithm, compared
to using the OM-LSA.

This paper is organized as follows. In Section 2 we for-
mulate the problem of spectral enhancement under multiple
hypotheses. In Section 3 we derive the optimal estimator. In
Section 4 we provide some experimental results and conclude
in Section 5.

2. PROBLEM FORMULATION

Let z(n), d®(n) and d!(n) denote speech and two un-
correlated additive interference signals, respectively, and let
y(n) =z (n)+d* (n)+d* (n) be the observed signal. We as-
sume that d* (n) is a quasi-stationary background noise while
d' (n) is a highly non-stationary transient signal. The speech
signal and the transient noise are not always present in the
STFT domain, so we have four hypotheses for the noisy co-
efficients:

HYE Yoo = Xo + Djy,
ok
Hit : Yor = Xow + Diy + D
Hgl Yo, = Djy,
k y
Hyf : Yo = Dy, + Dy M
where ¢ denotes the time frame index and k denotes the
frequency-bin index.
In many speech enhancement applications, an indicator
for the transient source may be available, e.g., siren noise in

an emergency car, keyboard typing in computer-based com-
munication system and a lens-motor noise in a digital video
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camera. In such cases, a priori information based on a train-
ing phase may yield a reliable detector for the transient noise.
However, false detection of transient noise components when
signal components are present may significantly degrade the
speech quality and intelligibility. Furthermore, missed detec-
tion of transient noise components may result in a residual
transient noise, which is perceptually annoying.

Let nfk, j € {0,1} denote the detector decision in the
time-frequency bin (¢, k), i.e., a transient component is clas-
sified as a speech component under 7; and as a noise com-
ponent under 7o', Let C1o denote the false-alarm cost with
relation to the noise transient, i.e., cost of making a decision
7o when a noise transient is inactive or is not dominant w.r.t
the speech component, and let the missed detection cost Cpq
be defined similarly. Let d (z,y) £ (log|z| —log|y|)* de-
note the squared log-amplitude distortion function, let Agy, £
| X¢x| and let Ry, = |Yir|. Considering a realistic detector,
we introduce the following criterion for the estimation of the
speech expansion coefficient under the decision nfk:

Agk :argmjn{Cup (Hl UHf |713 7Yf’€)
X E [d (XMA) | Yo, H{E U HLE|

+ Cop (Hi U HGE [nf*,Yar) d (GminRéky A)} 2

where the costs of perfect detection Cyy and C1; are nor-
malized to one. That is, under speech presence we aim at
minimizing the MSE of the LSA. Otherwise, a constant atten-
uation G i, << 1 is imposed for maintaining naturalness of
the residual noise [2]. The cost parameters control the trade-
off between speech distortion, consequent upon false detec-
tion of noise transients, and residual transient noise, resulting
from missed detection of transient noise components.

3. OPTIMAL ESTIMATION UNDER A GIVEN
DETECTION

In this section we derive an optimal estimator for the speech
signal under multiple hypotheses.

3.1. Spectral Estimation

We first reduce the problem into two basic hypotheses, H{*
and H{*. Under H{*, the speech component is assumed
present and more dominant than the noise component. This
hypothesis includes H{* as well as H{F given that | X,| >

B|D%,|, where 3 > 0 is a predefined threshold parameter.
The hypothesis H¢* includes the cases HOS, HEF and also
H{F with |Xgx| < B|Df|. Under H{* we estimate the

speech in the MMSE-LSA sense, and under HE* we impose a

Note that the detector is used for discriminating between transient speech
components and transient noise components, and therefore not employed
when transients are absent.

constant attenuation to the noisy component. Note that ideally
under H{¥ an estimate for the speech component would be
desired. However, if the noise transient is much more domi-
nant we would better apply the constant low attenuation to the
noisy component to avoid a strong residual noisy transient.

Let p;; £ p(nt*|H*). We are interested in detect-
ing the interfering transient noise so pgi is the probability
of a false alarm and p;q is the probability of missed detec-
tion. We assume that given any transient in the noisy coef-
ficients, the detection error probability is independent of the
observation and the signal-to-noise ratio (SNR). Therefore,
p (n§F | HE*, Yar,) = pqj and

=pizp (H* |Ye) /p (0" [ Yer) - (3)

This assumption can be easily relaxed by employing a time-
frequency dependent probability pf]’.“. Considering the two ba-
sic hypotheses and substituting (3) into (2) we obtain

p (H* |, Yur)

Ay = argmgn {p1;Crp (H{* | Yur)
x / @ (Xor. A) p (Xoe | Yo HIF) X

+ pojCojp (HS" | Yar) d (GminRek, A)} , B
which yields
log Ak, [p1;C1jp (H{® | Yar) + pojCosp (HE¥ | Yer)| =
p1;Cuyp (H* | Yor) E {log | Xex| | Yo, Hi" }
+p0;Cojp (HE* | Yar,) 1og (GminRer) - Q)

Let &g, and 7y denote the a priori and a posteriori SNRs,
respectively?, let vgy 2 Eoryen/ (14 Eox) and let

Y, |HZk)
M & 2L (Vi
(Eery Yer) (Hgk) (YZk | Hgk)
( Hzxc) ULk ’
p (H) T+ o ©
denote the generalized likelihood ratio [1]. Accordingly,

p(H*|Yy) =
&; (Eer, Yer)

oo —t
Grsa(6,7) 2 1_5% (1[9 etdt> 7

denote the LSA gain function [3]. Then, combining the mag-
nitude estimate Ay with the phase of the noisy spectral coef-
ficient Yy we obtain an optimal estimate under the decision

k.
U

A oryver) / (L + A (s Yer))- Let
= p1;C15A (ks yer) + pojCojs and let

—1

N oy
C1iA
X = [Gii’n " Grsa (Eoksyer)THY } 7

£ Gy, Eonrver) Yor ®)

?Note that the noise variance depends on whether a transient component
is present or not. This will be specified in the next subsection.
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Fig. 1. Gain curves for p(H1) = 0.8, Co1 = 5, C10 = 3, Gmin =
—15 [dB] and false-detection and missed-detection probabilities of
po1 = pio = 0.1.

where A and ¢j hold for A (f[k,’}/gk) and (bj (fgk,’}/gk), Tre-
spectively.

In case of a decision 7 (i.e., transient component is clas-
sified as speech), the missed-detection cost Cy; as well the
probabilities po; and p;1; control the trade-off between the at-
tenuation associated with the hypothesis H; and the constant
attenuation under speech absence, G,i,. Under a decision
7o, the trade-off is controlled by the false-alarm cost and the
probabilities pgo and p1p.

Note that in case po; = p1; and Cy; = Cy; forj € {0, 1},
the estimator (8) reduces to the OM-LSA estimator [2] under
any of the detector decisions, since in that case the decision
made by the detector does not contribute any statistical infor-
mation.

Figure 1 shows attenuation curves as a function of the in-
stantaneous SNR, v — 1, for different a priori SNRs. The
detection-dependent gains G, (dashed-dotted line) and G/,
(dotted line) are compared to the LSA gain (dashed line) and
the OM-LSA gain (solid line) [3, 2]. It shows that the cost
parameters with the error probabilities of the detector shape
the attenuation curve under any of the decisions made by the
detector to compensate for any erroneous detection.

3.2. A priori and a posteriori SNR estimation

The spectrum of the background noise, s ¢ = F {|D§,C B },

can be estimated by using the minima-controlled recursive av-
eraging algorithm [4]. The a priori signal-to-stationary noise
ratio fgk S )\937@;@/)\57%, where )\x,ék £ F {|ng|2}, is prac-
tically estimated using the decision-directed approach [1, 2].
Given that a transient noise is present, the transient noise
spectrum may be estimated from a training phase. There-
fore, under 19 we may estimate the a priori and a posteriori
SNRs by using Ag o1+ A¢ er as the estimate for the noise spec-

trum [5], where A, ¢, is defined similarly to A, ¢,. However,
in case of an erroneous detection, this approach may signif-
icantly distort the speech component, since both the a priori
and a posteriori SNRs would be much smaller than their de-
sired values. Therefore, we propose to smooth the noisy spec-
tra

Cor = 1o + (1 — p) |[Yar|? 9)

with 0 < p < 1. Accordingly, under a decision n§* we update
the estimates such that

k. & _ Fs ~ ]
ek =&y ek = Vi

s
)‘d.ék

Adek . s MG
Yek = Ve . (10)
Cer

Coe

As a result, the outcome of falsely detecting transient noise
is less destructive since (g would be much smaller than
As, ek + A er. However, in case of a perfect detection, (g
is a reliable estimator for the noise spectrum given that p
is sufficiently small. In addition, under the existence of a
high energy transient component we would like to further
attenuate the noisy component to the level of the residual
background noise. Therefore, under ngk we update Gpin =

Gmin m-

4. EXPERIMENTAL RESULTS

not  Eow = &5,

In this section, we demonstrate the application of the pro-
posed algorithm to speech enhancement in a typical of-
fice communication system, based on the DUET Conference
Speakerphone of Phoenix Audio Technologies. The back-
ground office noise is slowly-varying while possible keyboard
typing interference may exist. Since the keyboard signal is
available to the computer, a reliable detector for the transient-
like keyboard noise is assumed to be available based on a
training phase but still, erroneous detections are reasonable.
The speech signals are sampled at 16 kHz and degraded by
a stationary background noise with 15 dB SNR and a key-
board typing noise such that the total SNR is 0.8 dB. The
STFT is applied to the noisy signal with Hamming windows
of 32 msec length and 75% overlap. The transient noise de-
tector is assumed to have an error probability of 10% and the
missed-detection and false-detection costs are set to 1.2. The
weighting factor for the noisy spectra is @ = 0.5.

Figure 2 demonstrates the spectrograms and waveforms of
a signal enhanced by using the proposed algorithm, compared
to using the OM-LSA algorithm. It can be seen that using our
approach, the transient noise is significantly attenuated, while
the OM-LSA is unable to eliminate the keyboard transients.

The objective evaluation includes three quality measures:
segmental SNR (SegSNR), log-spectral distortion (LSD) and
perceptual evaluation of speech quality (PESQ) score. The
results are summarized in Table 1. It can be seen that the
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Fig. 2. Speech spectrograms and waveforms. (a) Clean signal ("Try any other line first™); (b) noisy signal (office noise including keyboard
typing noise, SNR=0.8 dB ); (¢) speech enhanced by using the OM-LSA estimator; (d) speech enhanced by using the proposed algorithm.

Table 1. Segmental SNR and L.og Spectral Distortion Obtained Us-
ing the OM-LSA and the Proposed Algorithm.

Method ‘ SegSNR [dB] LSD[dB] PESQ
Noisy speech -2.23 7.69 1.07
OM-LSA -1.31 6.77 0.97
Proposed Alg. 5.41 1.67 2.87

proposed detection and estimation approach significantly im-
proves speech quality compared to using the OM-LSA al-
gorithm. Informal listening tests confirm that the annoying
keyboard typing noise is dramatically reduced and the speech
quality is significantly improved.

5. CONCLUSIONS

We have introduced a new approach for a single-channel
speech enhancement in a highly non-stationary noise envi-
ronment where a reliable detector for interfering transients is
available. The speech expansion coefficients are estimated
under multiple-hypotheses in the MMSE-LSA sense while
considering possible erroneous detection. The proposed algo-
rithm generalizes the OM-LSA estimator and enables greater
suppression of transient noise components.
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