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Abstract (0 &0
Bone-conducted (BC) speech is useful for speech communi-

cations in extremely noisy environments. However, souncdsone o Resorored
quality and intelligibility of BC speech are very poor and &nducted-chamnel " oewn . Galt) | N-chamel | ooy
low. In this paper, we propose a blind restoration method Sonst BW . e B ——
for improving BC speech based on the concept of modulation Yo (Andlyss) |, &0 : a(t) | (Synthesis) X0
transfer function (MTF). We first investigate the relationship

between the power envelope of air-conducted (AC) and BC Carier exraciion ?

speech signals by analyzing ARC database. We then model O o) Ba(t)

these relations by fitting some models to the MTF derived Figure 1:Restoration method based on MTF.

from the database. The best-fitted model has two parameters. . . . N .

One is the gain factor, and another is the attenuation fac E{del for improving the intelligibility and sound quality of
We then propose a method for determining the parameter$of SPeeCh. As the results, we found that the filter charac-
model without the AC speech. We finally evaluate the prE£/'StcS are more important than the source characteristics
posed method using SNR, correlation, RMS of MTF, PESEST improving sound quality and intelligibility of BC speech

and LSD. As the results, we showed the proposed metho4s€d on the source-filter mode| b, €]. Vu et al. thus pro-

effective for blind BC speech restoration posed the LP-based blind BC speech restoration method that
' originates from the idea of the source-filter model in the fre-
1. Introduction quency domain4]. Although this can restore the BC speech

blindly, this method required learning AC-LP (AC-LSF) co-

It is very difficult for us to accomplish speech commungfficients. Kimuraet al. proposed a BC speech restoration
cations in extremely noisy environments such as factory dhgthod based on MTF concept in the time domain [his
disaster sites. One of the solutions is to use the speech Wi¢thod compensates the reduced modulation index of each
a bone conduction microphone because BC speech carieaporal power envelope in the filterbank model. Because
recorded by this microphone without interference of extédt MTF relating to speech intelligibility, this method can im-
nal noises. However, sound quality and intelligibility of B@rove the intelligibility of BC speech directly. However, AC
Speech are very poor and |0\N].[ Therefore, Compensa’[ingSDEECh IS nee(_iied for restoring the BC SPEECh in their method.
these losses of BC speech is needed for speech commuré@reover, their method was exactlyfective to restore the
tions using BC Speech anditis acha”enging topic_ BC SpeeCh, but it is debatable to determine what type of

Generally, the power attenuation of BC speech is strongadel of MTF is the most useful to restore the BC speech.
than that of AC speech at higher frequencies. A straightfor-Since it is very important to improve the loss of speech
ward method for restoring BC speech is to compensate thé¥glligibility as well as voice quality for speech communica-
attenuated frequency components by using high-pass fil#@Ds. in this paper, we aim to propose an MTF-based method
ing. Since these attenuations vary in a complex manner _blindly restoring BC speech. i )
pending on BC pickup points, speakers, and pronounced Sy|Ln this paper, first, we investigate the relationship between
lables, it is very diicult to design one unique type of highPower envelopes of AC and BC speech. Secondly, the MTF
pass filtering with these variations. There are various meflgrived from the database is modeled by fitting. Thirdly, we
ods of deriving inverse filtering such as cross-spectram Propose the method deterr_mmng the parameters of the model
and long-term Fourier transform method however, these Without the AC speech. Finally, we propose an MTF-based
yield the restored speech signals with artifacts, i.e., echd@§thod for blindly restoring BC speech.

Therefore, there is less improvement in voice quality. Fu- Concept of MTF-based restoration method
thermore, the AC speech is needed to design the inverse fil-
tering in these models| 3]. The MTF concept was proposed by Houtgesstl. [7] to

On the other hand, by considering the relationship betwgaedict the speech intelligibility. Drullman revealed] that a
AC and BC speech signals as the transfer function, we hamporal envelope information appears to be more important
been studied a common strategy based on the source-filtterspeech intelligibility than carrier information. We think
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that diferences between AC and BC temporal envelopes a
fect speech intelligibility and sound quality significantly.

The BC speech restoration method in the filterbank it )
shown in Fig. 1. AC and BC speech signals are decom- L ! ‘
posed into the temporal envelopes(t) and g (t), and the o e W B a0 s o W
carriers, c(t) and ¢,(t), by N-channel bandpass filterbanks £ - . ©
with a constant bandwidth (40-Hz). Here, we assume that tt g
signalsx(t) andy(t), can be represented as
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where, x(t) andyn(t), are the bandpass signals. Power envegre 2: Analysis results of all dataset (solid line: mean,
lope and carrier of the BC speech are calculated as dashed line: meaa standard deviation). (a) correlation, (b)

Parameter of 1/a’ (dB)

& () = LPFya(t) + jHilbert(ya(t))], 3) SNR, (c) slope of MTF, (d) transfer function, (e) mean of
" 0 = t t 4) Power ratio of power envelope (parametga bf model) and
% (® = Yn(t)/ey, (1), ) regression curve, and (f) mean@(t) of each channel.

where Hilbert(- ) is the Hilbert transform and LPF[] de- T
notes the low-pass filtering with a 20-Hz cut-érequency. |

e,(t) andc,(t) can also be calculated fror(t) usnig the same
method. Then, inverse fiIterin@,;l(z) is used to restore the o) "
BC Speech as fO||0WS 0 50 100 150 200 0 50 100 150 200

Channel number
Eq'(2) = Ex?/Ey(@. ®) o

whereEn(2), Ex(2), andEy(2) are respectively the z-transform oW
of eX(t), €(t), andei(t). The impulse response between AC g-oos{"" ...~ .. M. . o
and BC power envelopesg,(t), was defined in previous paper ° * channel number T o

Channel number Frequency (Hz)

)

Correration

SNR (dB)

e of the MTF
Gain (dB)

[5] asen(t) = aexp(bt), wherea is the gain factor and is g . -

the factor to control attenuation. However, it was not sur¢ & v MKW/”W g N ®
whether an MTF model a@exp(-bt) is the best model or not i §-50

to restore the BC speech. g s @ & -

3. Characteristics of bone conduction = Cchanneinumber ’ " Chamnel number

A question we have is how to design the inverse filter E{gure 3:Analysis results at measurement point 2. Format is

restore the BC speech. We analyze the characteristics of b eoame that in Fig2.

conduction to design the inverse f||ter|rt§{;1(z). AC and BC power envelopes. Hefe[] is the long-term
3.1. AC/BC speech database Fourier transform. Kimurat al. had been analyzed the char-
acteristics for the measurement at point 5 (calvaria). We an-
We used the AMBC speech databasé][to analyze the aléie the characteristics for the measurements at all points,

characteristics between AC and BC power envelopes. Bfd we carefully investigate the characteristics of bone con-
speech was collected at five measurement points (1: mandgyction.

lar angle, 2: temple, 3: philtrum, 4. forehead, and 5: cal- . .
varia). Diferent microphones were used at points from 1 03' Results and discussion

4 and at the point 5. 25 Japanese words of each degree of fa&gure2 shows the results of all dataset and Figishows
miliarity were chosen from NTT-databasg.[Speakers were the results at measurement point 2. Solid lines show the mean
5 males and 5 females. and dashed lines show the meastandard deviation. Figures
; ot ; 2 (a) and (b) show the distortion of BC power envelope. Fig-
3.2. Analysis of Characteristics of bone conduction ure 2 (c) shows the slope of regression line of MTF (1 to 10
We analyzed the characteristics between AC and B{2). The reason to limit the range of MTF from 1 to 10-Hz
power envelopes with the ABC speech database usings that MTF of at the higher modulation frequencies is influ-
the following measures: (1) correlation of AC and B@nced by the internal noise such as blood flow, and noise of
power envelopes, (2) SNR (®2(t), N: €(t) - e§(t), (3) transmission-line, and noise flooring. If the value of slope
o . o is negative, the MTF has low-pass characteristics and if the
MTF (M(“’) = ‘fo & eXp(_J“’t)dt/fo eﬁ(t)dt‘ , (4) rans- \a1ue of slope is positive, the MTF has high-pass characteris-
fer function (Fy(t)]/ F[x(1)]l), and (5) power ratio betweentics. This result shows the MTF has low-pass characteristics
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in most channels. Figure (d) shows that the characteristic ! \ T TF without memal noise
of bone conduction is low-pass. Figutge) shows the mean ol |\ \\ arexp(-bry

of power ratio of power envelope of BC signal to AC signal | \\ e

in each channel. We fitted some curves to the mean of power \ —

ratio and investigated that the power ratio can be approxi- °7f
mated by regression curve asw™! + d, wherec andd are
parameters depend on measurement point. These characteris
tics were also shown in the results at the other measurement
points in our analysis. We can approximate the power ratio of
BC power envelope to AC power envelope of each channel by

06

Modulation index

04F

=

0.3

changing the parameter of regression curve. Also, the analy- \\

sis results show that the regression curve does not depend or  **f X~

the diterence of speaker andfi@irence of syllable so much. 01} -
3.4. Modeling the MTF between AC and BC power en- T T S TN IR T
Velopes. Modulation frequency (Hz)

In the previous methods], MTF was represented as an ext19ure 4: Comparison between MTFs derived from the
ponential model. However, it was not evident whether MT#atabase and model. MTF without internal noise: MTF that
can be represented by an exponential curve. We confirniggioved internal noise derived from databaseexp(-bt):
that the MTF has low-pass characteristics from the analy8R€ Of €xponential curveexp(-bt): the model of MTF used
result. Thus, we model the MTF by fitting three low-pad8 Previous method. MTF: MTF derived from database. LPF:
models (one of exponential cune(t) = atexp(bt), the Ow-pass filter.
model of MTF used in previous methag(t) = aexpbt), o
and e,(t) = low-pass filter) to the MTF derived from the T
database. Figuré shows a case of the MTF derived from & "
the database and MTF that removed internal noise derives |
from database and three models. The shape of the MTF d g ool
rived from the database seems to be rippled. Because M1 -oos|
without internal noise did not fluctuate, influence of internal -oo
noise might ripple the shape of MTF. The modeixp(-bt) is oo
especially suitable in this case. Figurehows the mean and
the standard deviation of the analysis results uaiexp(-bt).
Upper panel shows the slope of regression line of model thi
fitted MTF derived from the database. If the value of slope z *st
is zero, the MTF does not influence the BC speech. Lowe
panel shows the root mean squared (RMS)edénces be- osf
tween model and that of MTF derived from database. Be | ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘
cause the RMS dierence formexp(-bt) is the smallest in all CE T el umper
models, we assumed that the MTF relatiex(f), can be rep- rigure 5: Analysis results of MTF by fitting model. Upper:
resented by the model &s(t) = aexp(-bt). Then, we can sjgpe of regression line of model that fitted MTF derived

the database and finally determined inverse filtering as follQyq that fitted MTFE derived from database.
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1 1 2b determine the parametarwithout AC speech to study each
E. (2 = 2 {1 - exp(—f—)}, (6) measurement of the regression curve.
y To estimate the parametierwe used the method proposed
wherefs is the sampling frequency of 16 kHz. by Hiramatsu and Unokil[]] which was originally intro-
: ; ; duced for estimating reverberation time based on MTF con-
4. MTF-based blind restoration method cept. The utilization of this method is that our research and
The previous method] needs AC speech to determine thgheir work are based on exactly the same model. The param-
parameter of MTF model and to set restoring condition. Fragterb can be estimated as
the analysis results, we improve the previous method from the . A .
following two standpoints. b= argbmm(|Ey(0) - IM(fam D)I/Ey( fam)]) - (7

4.1. Parameter determination where gy, is dominant frequency of BC power envelope and

One of the stand point is how we determine the two parafru(") is power envelope of the restored speech.
eters of modela anqb, for restoring the BC speech. Forthg 5 wodification in recovering condition
method for determining parametar Figure3 (e) shows the
parametea can be approximated by the regression curve andAnother stand point is that the previous method restores the
this curve depends only on the measurement point. We &0 speech when the correlation between AC and BC power
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speech restoration.

6. Conclusion

Correration

——— BC power envelope
— — — Restored power envelope
T T T T

We analyzed the characteristics between the AC and BC
power envelopes with the ABC speech database. As the
results, we found that the characteristic of MTF is the low-
pass filtering and each measurement point of power ratio
can be approximated by regression curve. We then mod-
eled the MTF asaexp(-bt) and proposed the methods to
determine the parameters of model without the AC speech.
As the results, we proposed the MTF-based blind restora-
tion method. Finally, we evaluated the proposed method and
showed that the proposed method wéedaive for blind BC
speech restoration.

As the next step in our research, we will carry out the com-
Figure 6:Improving of correlation, SNR and RMS of MTFE.Prehensive evaluation and investigate the performance of the

BC power envelope
— — — Restored power envelope

T T T
——— BC power envelope
— — — Restored power envelope
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Solid line: BC speech. Dashed line: restored speech by pp&ePosed method.

posed method.

envelopes is not over 0.8 and the relative power of AC power.

AC speech, we change these conditions to an appropria
condition that the method restores the BC speech when
relative power of BC power envelope is oved0 dB. The
reason we set such a condition is that the internal noise in
the BC speech appears when the relative power of BC power
envelope is not over40 dB. Because internal noise increased
the power of DC of MTF, the method cannot estimate the trui]
value of parametd.

Based on the above results, an MTF-based method f&']
blindly restoring BC speech was proposed.

5. Evaluations

We carried out simulations to evaluate the proposel$]
method using the ABC database. The correlation and SNR
of the power envelopes of AC and the restored speech signals
or the power envelopes of AC and BC speech signals we
used to evaluate the improvement of restoration of the power
envelopes. Perceptual evaluation of sound quality (PESQ)
[11] that was recommended by ITU-T P. 862, and log spe 5]
tral distortion (LSD) were used to evaluate the improvements
of speech quality. RMS of MTF was used to evaluate the im-
provement of intelligibility of the restored speech. RMS of]6]
MTF means RMS dference between MTF that is attenua-
tion and MTF that is not attenuation. If the all modulation
frequency of MTF is 0 dB, the MTF does not influence th
BC speech. Therefore, the closer to 0 the value of RMS i?l
MTF, the better the improvement of MTF. Figuseshows an
example of the SNR, correlation, and RMS of MTF. The solidg,
lines show the result of the BC speech and the dashed lines
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