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Abstract: Some factors influencing the intelligibility of the
enhanced whisper in the joint time-frequency domain are
both the
different regions of the enhanced spectrum are analyzed.

evaluated. Specifically, spectrum density and
Experimental results show that for a spectrum of some density,
the joint time-frequency gain-modification based speech
enhancement algorithm achieves significant improvement in
intelligibility. Additionally, the spectrum region where the
estimated spectrum is smaller than the clean spectrum, is the
most important region contributing to intelligibility
improvement for the enhanced whisper. The spectrum region
where the estimated spectrum is larger than twice the size of
the clean spectrum is detrimental to speech intelligibility
perception within the whisper context.
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ecently, processing of whispered speech has received

. 1-3
much attention' ™’

. Whisper is often used in public
places where normal speech is not allowed or the speaker
wants to avoid being overheard. Particularly, whisper is
the only path to communication for aphonic individuals
who cannot produce normal speech. An earlier study on
whispers focused on phonetics and medical needs. With
the rapid development of mobile communication technolo-
gy, more attention has been paid to whisper applications

such as whispers to normal speech transformation, whis-
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per recognition, and whisper emotion analysis, etc.

A whisper is produced by a turbulent like excitation air-
flow from the lungs with no vocal cord vibration. The en-
ergy of whispered speech is much lower than that of nor-
mal speech. As a consequence, whispered speech is more
susceptible to interference and canceling noise from whis-
per is a considerable challenge for whisper based applica-
tions in the noisy environment.

The aim of speech enhancement is to improve quality
and/or intelligibility. Much progress has been made in
improving speech quality in the past decade. However,
there has been little progress in improving speech intelli-
gibility'”'. Powerful speech enhancement algorithms such
as the power subtraction method, the minimum mean-
square error spectrum amplitude estimator method, and
the Wiener method cannot improve speech intelligibility
but even reduce it slightly”™.

The reasons why existing speech enhancement algo-
rithms do not improve speech intelligibility is partially
known. Loizou et al. ' suggested that an over-estimation
of speech in enhancement stage is a key factor in that the
enhanced speech has no improvement in the aspect of in-
telligibility. Wang et al. '™
speech obtains greater intelligibility when the spectrum

also found that the enhanced

component where speech energy is larger than that of the
noise spectrum is used to synthesize the enhanced
speechm. However,
speech, and it is not clear whether these results follow in
the context of whispers. Additionally, the effect of the
density of spectrum used in speech algorithms on speech

these studies focused on voiced

intelligibility is not considered in previous studies.

In this paper, we evaluate some factors affecting intel-
ligibility of the enhanced whisper in the joint time-fre-
quency domain. We first propose a joint time-frequency
gain modification based speech enhancement algorithm
where the real-valued discrete Gabor transform ( RDGT)
is used to obtain the time-frequency spectrum of different
densities. The inspiration for using the RDGT rather than
the short time Fourier transform is that the former has the
ability to extract different levels of the speech spectrum
density in the joint time-frequency domain with a simple
parameter. Different levels of spectrum and speech over-
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estimation are evaluated and analyzed for their effect on
speech intelligibility, respectively.

The evaluation system is described in Fig. 1. The noisy
whisper is first transformed into a joint time-frequency
domain via the RDGT, where the noise spectrum is esti-
mated. The sample rate parameter is used to control the
spectrum density. The larger the over-sample rate, the

more dense is the spectrum. The region control parameter
is used to extract different parts of the enhanced spec-
trum, which reflects the over-estimation and under-esti-
mation of speech spectrum after processing by the pro-
posed speech enhancement algorithm. Both the spectrum
density and speech over-estimation/under-estimation are
evaluated for their effect on whispered speech intelligibility.

Noisy whisper Noisy whisper
M RDGT Time-frequency : Time-frequency iRDGT -@-M
spectrum spectrum
estimation
Sample rate |I

Fig.1 Diagram of the whisper intelligibility enhancement evaluation system

1 Deriving Logarithmic based Whisper Spec-
trum by RDGT

The RDGT"™ is defined as

L-1

a(m, n) = Zz(k)g(k — mN) cas(2wnk/N) (1)

k=0

where a(m, n) are the RDGT coefficients of the signal
z(k). The analysis window g(k) is a real finite and peri-
odic discrete time signal with a period of L.

Let x(n) and d(n) be the sampled uncorrelated clean
speech and the noise signal, respectively. The noisy
whisper y(n) =x(n) +d(n). The RDGT coefficients of y
(n), x(n) and d(n) are denoted as Y, (k, 1), X (k,l), D,
(k, 1), respectively. The joint time-frequency spectrum
of y(n) is defined as

Y(k, 1) =«/%[Yr(k, D> +Y.(kN-D7] (2)

X(k, 1) is always estimated from Y(k, [) by minimizing
a non-negative error function d(e) =d(X(k, 1) - X(k, 1))
at frequency bin k and time index [ when only one micro-
phone source is provided. The Bayesian risk of d(e) is
given by
R, = E{d(X(k 1), X(k 1))} =

ﬂd(X(k, D, X(k, 1)) p(X(k, 1), Y(k, 1))dX(k, D)dY(k, [) =

J[[acxce ., £ck D)pXCR D | ¥k D)y ax(k D]+

p(Y(k, 1))dY(k, D) (3)
In general, the speech enhancement algorithms are dis-

tinct from each other in terms of different cost functions.

In this paper, the logarithmic cost function d, ,;(X(k, [),
X(k, 1)) =(log(X(k, 1)) —log(X(k,1)))* is used as it is

more suitable for speech enhancement.
By minimizing R, the logarithmic spectrum estimation
X(k, ¢) is derived as

X(k, €) =exp(E[logX(k, €) | Y(k,€)]) (4)

where X(k, [) :J%[X,(k, D> +X.(k,N-D"].

Assume that the spectrum of the clean whisper and
noise are complex Gaussian variables respectively. Given
two hypotheses, H, and H,, which indicate speech ab-
sence and presence at the time-frequency point (&, /) in
the joint time-frequency plane, respectively, and assum-
ing a complex Gaussian distribution of the spectrum for
both speech and noise; the spectral gain for the logarith-
mic spectrum amplitude estimator is derived similarly to
Ref. [10] as follows:

G(k, €) =G, (k €)' G "0 (5)

min

where G, is a threshold which is determined by a subjec-
tive criteria for the noise naturalness when speech is ab-
sent. Also, p(k, £) is computed by the Bayesian rule,

p(k, €) =

q(k €) ~ -
{1+]_q(k’e)(1+§(k,€))exp( v(k,€))} (6)

In Eq. (6), q(k, €) =P(H,(k, €)) is the a priori proba-
_y(k, €)E(k, €)

bility for speech absence, v = L+ek €) v(k,€) =
2 Ak,
m is the a posteriori SNR, &(k, £) = A;Ek, l;

is the a priori SNR. The gain function G, (k, €) is de-
rived as

-t

_Hke) 1 e
G (k, €) —1+§(k’€)exp(2fw) —dr) ()
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Once the estimated speech spectrum is obtained, the en-
hanced whisper is synthesized using the inverse RDGT as

M-1 N-1

x(k) =Y Y a(m, n)h(k — mN)cas(2mnk/N) (8)

m=0
In Eq. (1) and Eq. (8), L =NM = NM, where M and
N are the numbers of sampling points in time and frequen-
cy domains, respectively; M and N are the frequency and
time sampling intervals, respectively; cas (-) =cos (-)
+sin (-); h(k) and g(k) are the periodic synthesis win-
dow and analysis window with a period L, respectively
and satisfy

gﬁ(k +mN) {cas(2wnk/N) g(k) = ﬁﬁ(m)c%n) (9)

where 0sm<M -1; 0<n<N-1; 8(m) and §(n) are
Kronecker delta functions, respectively.

The advantage of using the RDGT to conduct a spec-
trum analysis is that it can compute spectrums of different
densities with the sample rate defined as 8 =MN/L. B=1
denotes critical sampling. 8 < 1 denotes under sampling
and B8 >1 denotes over sampling. An example is illustra-
ted in Fig. 2, where spectrograms of three levels of densi-
ties for a whisper are plotted. As can be seen from Fig.
2, the more dense the spectrum, the more speech compo-
nents which are retained in the spectrum domain. In this
paper, the spectra of different densities are derived using
B of different values.
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Fig.2 Whisper spectrum computed by the RDGT with differ-
ent sampling rate 8. (a) 8=0.5; (b) B=1; (c) B=8

2 Imtelligibility Evaluation for Enhanced Whis-
per

2.1 Corpus and evaluation measurement

20 sentences were used to produce the whisper corpus.

Three male and three female speakers uttered each sen-
tence once in a soundproof environment. Four types of
noise, i. e., Gaussian white noise, F16 cockpit noise,
Babble noise and M109 tank noise, were used to synthe-
size the noisy whispers with prescribed SNRs. Noise-free
speech signal and noise signal were both down-sampled to
16 kHz. Clean whispers were contaminated by noise sig-
nals at SNRs of -9, -6, —3, 0 and 3 dB, respectively.
A listening test can lead to an evaluation as observed by
However, such tests are
costly and time consuming. Other objective intelligibility
measures such as the articulation index ( AI) and the
speech transmission index (STI) are also less appropriate
for methods where noisy speech is processed by the time-
frequency gain function. Recently, Taal et al.!'" pro-
posed a short-time objective intelligibility measure
(STOI) which shows a high correlation with the intelligi-
bility of noisy and time-frequency weighted noisy speech.
The STOI is a function of a time-frequency dependent in-
which compares the

the intended group of users.

termediate intelligibility measure,
temporal envelopes of clean and degraded speech in short-
time regions by means of a correlation coefficient. The
average of the intermediate intelligibility measure over all
bands and frames is calculated as

d _ LZ (xj,m _Mx,,,,)T(yj,m _lu‘ym) (10)
IM S| (xj,m _Mx,,,,) Il Yim ~ My, |
where x;, and y,, are the frame based envelope spectrum

of the clean speech and the enhanced speech, respective-
ly. u (-) refers to the sample average of the correspond-
ing vector. M represents the total number of frames and J
the number of one-third octave bands. In this paper, the
STOI is used to evaluate the performance of enhanced
whispers in the aspect of intelligibility.

2.2 Effect of spectrum density on speech intelligibility

Fig. 3 plots time domain waves of enhanced whispers
with different algorithms in the context of Gaussian noise
at SNR of -6 dB. Fig.3(a) plots a clean whisper. Fig.
3(b) plots the noisy whisper contaminated by Gaussian
noise at SNR of -6 dB. Figs.3(c) to (f) plot the en-
hanced whisper using the Gabor based spectrum, MMSE-
STSA", OMLSA"", and the Wiener algorithm'”', re-
spectively. The sampling rate of the RDGT is set to be 4.
In addition, the spectrograms of the enhanced whispers in
Fig. 3 are plotted in Fig. 4. As can be seen from Fig. 3
and Fig. 4, the enhanced whisper using RDGT retains
more speech components than that with MMSE-STSA and
more noise is cancelled than that with OMLSA and Wie-
ner.

Fig. 5(a) plots the mean STOI value of enhanced whis-
pers as a function of sample rate 8. The mean STOI value
of the unprocessed noisy whispers is also plotted for com-
parison. As can be seen from Fig. 5(a), large gains in
intelligibility are achieved with the spectrum derived by
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Fig.3 Time domain waves of enhanced whispers using differ-
ent algorithms in context of Gaussian noise at SNR of —6 dB.
(a) Clean whisper; (b) Noisy whisper contaminated by Gaussian noise
at SNR of -6 dB; (c¢) Enhanced whisper using Gabor based spectrum;
(d) MMSE-STSA!"?; (e) OMLSA!"Y; (f) Wiener algorithm!'))
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Fig.4 Spectrograms of enhanced whispers using different al-
gorithms in context of Gaussian noise at SNR of —6 dB. (a)
Clean whisper; (b) Noisy whisper contaminated by Gaussian noise at
SNR of -6 dB; (c¢) Enhanced whisper using Gabor based spectrum;
(d) MMSE-STSA!"; (e) OMLSA!"Y; (f) Wiener algorithm!'

the RDGT with g8 =32. This implies that the conventional
speech enhancement algorithms maybe improve both the
quality and intelligibility at the same time when using a
more dense spectrum. Fig. 5(b) plots mean STOI value
of the enhanced whispers as the function of SNR. The
noisy whispers are contaminated by Gaussian white noise.
The estimated whispers are obtained using the RDGT with
B =32. The mean STOI value of the unprocessed whis-
pers is also plotted for comparison. As can be seen from
Fig. 5(b), the conventional speech enhancement algo-
rithms can improve speech intelligibility when the spec-
trum of some appropriate density is used.
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Fig.5 The effect of sampling rate and SNR on STOI value of
enhanced whisper (denoted as Gabor) and unprocessed whisper
(denoted as UN). (a) STOI value as a function of sampling rate; (b)
STOI value as a function of SNR

Effect of over-estimation/underestimation on
speech intelligibility

2.3

In order to evaluate the effect of spectrum components
of different regions on speech intelligibility, we divide
the enhanced spectrum into three disjoint regions:

_ e 2 ¥
A: X(k, 1):{ (kD) (k. 1) <X(k,])
0 otherwise
B:X(k I) = {X(k’ D Xk D <Xk D <2X(k D
0 otherwise
C:X(k 1) = {X( kD Xk D) >2X(k D)
0 otherwise

(11)

The regions of A, B, C and A + B are then used to
synthesize the enhanced whisper, respectively, and the
intelligibility of which is then evaluated using the STOIL.

Fig. 6 plots the mean STOI value of enhanced whispers
using different regions of the enhanced spectrum which
are derived using the proposed method in different noise
environments. For comparison, the mean STOI of un-
processed whispers ( denoted as UN) is also plotted in
Fig. 6. As can be seen from Fig. 6, the enhanced whisper
reconstructed by region A gains large intelligibility im-
provement under different test conditions. The region A
+ B has similar intelligibility performance to region A.
Region C, however, has a detrimental effect on intelligi-
bility improvement.
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Fig.6 Mean STOI value of enhanced whispers using different
regions of enhanced spectrum in different noise environments.
(a) Gaussian; (b) F16; (c) Babble; (d) M109

Fig. 7 plots parametric gain curves under different a

posteriori SNRs. As can be seen from Fig. 7, the a priori
SNR becomes lower with the decrease in G, no matter
what the a posteriori SNR vy is. It implies that speech dis-
tortion (i. e., under-estimation) occurs easily in low
SNR and noise distortion (i.e., over-estimation) occurs
easily in high SNR. As a consequence, in a low SNR en-
vironment, the time-frequency unit with high local SNR
(>0 dB) will be underestimated. This is confirmed in
Tab. 1. As can be seen from Tab. 1, 74. 03% of the
speech-dominated time-frequency units fall into region A
after processing. Most noise dominated time-frequency
units also fall into this area after processing. This may be
another factor which improves speech intelligibility in the

whisper context.

1.6 y/dB;
—— —6

1.4 — -3

1.2}f min

TTTT‘ | !
9 210 <5 0 5 10

¢/dB

Fig.7 Parametric gain curves of Eq. (7) as a function of the a
priori SNR

Tab.1 Spectrum components falling into three regions after
processing %
Dominated area type Region A Region B Region C

h .
Speech dominated area 7403 25.86 0.11
(&€>1)
Noise dominated area 76.52 6.36 17.72
(£

Region B represents the estimated clean spectrum
X(k, D satisfying X(k, [) <X(k, 1) <2X(k,]). In region
B, the estimated speech spectrum has been over-esti-
mated. There is no speech distortion in this region but
much residual noise of some level is retained in the en-
hanced spectrum. It implies that in the whisper context,
the speech amplification distortion of less than 6.02 dB is
insignificant for whispered speech intelligibility perception
when compared with the unprocessed whisper.

The intelligibility of the enhanced whisper reconstruc-
ted by the spectrum of region A + B does not have distinct
improvement when comparing with that of region A. This
is because region A represents an under-estimation and re-
gion B represents an over-estimation. When the spectrum
of region A + B is used to reconstruct the enhanced whis-
per, speech distortion and residual noise coexist in the en-
hanced whisper, resulting in no distinct intelligibility im-
provement.
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3 Conclusion

We evaluate the intelligibility of the enhanced whis-
pered speech in the joint time-frequency domain in differ-
ent noisy environments. A more dense spectrum is bene-
ficial for conventional single channel speech enhancement
algorithms in terms of speech intelligibility improvement.
The rough spectrum used by the conventional speech en-
hancement algorithms, however, is a detrimental factor
resulting in intelligibility decrease. We find from the ex-
periments that the region with X< X is the most important
area for whisper information cognition. Therefore, low
amplification distortion of less than 6. 02 dB is harmless
to speech intelligibility. However, the region with X=2X
is detrimental to intelligibility improvement.
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