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ABSTRACT
This paper proposes an efficient compensation method using a N ) g[mﬂﬂ[mﬂ ﬂﬂgﬂﬂﬂﬂg
first-order approximation of time axis scaling for the variations of mie? micd mic2
the room acoustic transfer function. The time axis scaling model H H H H H H H H H H H H H H H H
is based on the fact that the change of the sound velocity due § loud
to the change of room temperature is a dominant factor for the H H H H H H H%micﬂ H H H H H H H speake
variations of room impulse response affected by environmental micl D]
conditions. In this paper, the effectiveness of the compensation N m.cﬁ“““““““ﬂ%“““““ﬂ“
method is evaluated using room impulse responses measured in A
the real environment. As the results, it is clarified that the varia-
tions of room impulse response can be modeled by the first-order 2zm

approximated time axis scaling when the successive re-estimationF
is performed every small change of temperature. Furthermore, it
is shown that the compensation method applied to an inverse fil-
tering based dereverberation approach improves the intelligibility

igure 1: A large lecture room where the room acoustic transfer
functions used in this study were measured. The arrangement of
the apparatus is also shown.

and speech recognition rates dramatically. posed to compensate the variations of room acoustic transfer func-
tion due to the change of room temperature. The proposed method
1. INTRODUCTION is evaluated using an inverse filter based dereverberation approach

from the viewpoint of the intelligibility estimated by the RASTI
Dereverberation is an important technique for various applications [7] and HMM based speech recognition accuracy.
of speech processing, speech recognition and so forth. Many ap-  This paper is constructed as follows. The following section
proaches have been proposed to remove the effects of reverberadescribes the measurement of the room acoustic transfer function
tion. In the most of the approach, the inverse room acoustic trans-used in this study, and examines how the impulse response changes
fer function is commonly used because the room acoustic trans-with the temperature in room. Section 3 describes the time axis
fer function reflects how the sounthvepropagates from a sound ~ scaling method in detail, and proposes the first-order approxima-
source to a listener [1][2][3][4][5]. However, the room acoustic tion as a computationally efficient algorithm. Section 4 investi-
transfer function is influenced by environmental conditions such gates the effectiveness on a dereverberation approach. Section 5
as temperature and humidity in room, movement of people and sosummarizes this research.
forth. This time varying characteristics of room acoustic transfer

function degrade the dereverberation performance of inverse filter 2. VARIATION OF ROOM ACOUSTIC TRANSFER

approaches significantly. . _ FUNCTION DUE TO THE CHANGE OF TEMPERATURE
Hikichi et al. have been examined how the room acoustic

transfer funct_ion chqnges \{vith the environmental conditions, a_nd 21. Measurements of Room Acoustic Transfer Function
proposed a time axis scaling technique to compensate the time
varying characteristics of the room acoustic transfer function[6]. The room acoustic transfer functions used in this study were mea-
In the paper, they have been reported that the time axis scalingsured in a large lecture room in our university. The arrangement of
technigue improves about 15dB in signal-to-deviation ratio (SDR) the apparatus is shown in Figure 1. A spherical loud speaker (Vic-
on an inverse filter based dereverberation approach proposed byor GB-10) was used to play sound source signals, and the trans-
Wanget al[4][6]. However, the time axis scaling technique needs mitted signals were recorded by a multi-channel DAT recorder
approximatelyN log N + 4N? multiplication, whereN is the (Sony PC208A) through seven microphones (Sony ECM-77B)
length of the compensating room impulse response in sample. Thisfixed on the desks shown in Figure 1. The sampling frequency
heavy computation is the problem in applying the method to the was 24kHz. The distance between the loud speaker and each mi-
real-time compensation of the room impulse response. crophone is shown in Table 1. To obtain the room acoustic transfer
In this paper, a successive compensation algorithm using afunction between the loud speaker and each microphone, the Time
first-order approximation of the time axis scaling technique is pro- Stretched Pulse (TSP) signal was used as the sound source sig-



Table 1: Distance between the loud speaker and each microphone

mic

1

Mic. No. Dist. [mm] Mic. No. Dist. [mm] mie g -
micl 3,060 mic2 8,584 mic 4 -x
mic3 9,340 mic4 11,510 ',:;Z g _—
mic5 11,662 mic6 17,558 mic 7 -o-
mic7 19,424 1

SDR [dB]

nal. The TSP signal was 2.2 seconds long. The measurements
were performed every minute for a one hour period. In recording
the data, the temperature at one point in the room was measured
by a thermistor-type thermometer (TAKARA D641) at the same

N

time of recording the TSP signals. Since the temperature in the TR O

room doe_s not change significantly in aone hour _period, the tem- % 02 04 06 08 1 1.0

perature in the room was decreased artificially using the provided Change of Room Temperature [°C]

air-conditioner before the measurements. As the results, the tem-_ o ) )

perature changed from 25.53 to 26.20for one hour. Figure 2: Variation of room acoustic transfer functions due to the

After the measurements, the impulse responses were calcuhange of room temperature.

lated from the original and measured TSP signals using the crosssjme axis scaling parameter. Henég¢+dé, t) can be considered

correlation method. The resultant impulse responses were trun-4¢ the time axis scaled version/ef, ¢) as follows:
cated toV = 24,000 samples.

hO+do,t) = h(0,t—35-t). @)

2.2. The Results We refer to Equation (2) as a time axis scaling model for the vari-
ations of room impulse response, as in [6]. The time axis scaling
parametep in the model can be related to the change of tempera-
ture as follows. The path length of the traveliwgve is thesame

The variations of room acoustic transfer function due to the change
of temperature are measured by the signal-to-deviation ratio (SDR)

defined as before and after the change of room temperature. Hence,
N—-1
vt = (v+dv)-(t—0-1). (3)
pRU
. n=0 Given thatdv - § - t ~ 0 andv = 331.5 4 0.6076[m/s], the time
SDR = 10log N—1 [4B], (1) axis scaling parametéris given by
{A[n] — h[n]}*
; 5— % _ 0.6(1))7d9. @

whereh[n] and h[n] represent the reference and object impulse

responses respectively. In this experiment, the reference impulsemo dilllﬁlr%hlrce)\t/g.azi\lﬁ 1b5e§|g iLeE(I)DrtRegr:h;r: itg\?e?srzefisg:isnscl?zlalgg d
response is the one at 25%3 The value of SDR becomes small, p 9

as the variation of room impulse response becomes large. dereverberation _approach[6]. In_the report, the time axis scaled im-
. . pulse response is calculated using the Discrete Fourier Transform
Figure 2 shows the SDRs of the room impulse response mea-

sured by each microphone when the temperature in the room chang(eDch) as follows:

from 25.56 to 26.70C. It shows that the variations of the room im- 1. The transfer functiod! [k] of a measured room impulse re-
pulse response due to the change of room temperature are largeras ~ SPonse:[n](n = 0,1,---, N — 1) is calculated using the
the distance between the loud speaker and the microphone is larger. Fast Fourier Transform (FFT).
These results indicate that a slight change of room temperature is 2, To obtain the time axis scaled impulse respohi$e] for
a dominant factor for the variations of room impulse response. In a time axis scaling raté — J, the following operation is
the following section, we describe the model for this variation of performed for eachn.
room impulse response due to the change of room temperature. N1
Wiml = < S H'Ee
3. TIME AXIS SCALING MODEL FOR VARIATION OF N =0

ROOM IMPULSE RESPONSE .
] = Hlkle 7 W™ 0<k<N/2-1
3.1. Time Axis Scaling Model - H[k‘]ej%mé N/2<k<N-1

Let the room impulse response measured at a point in the room bdn the operation, the DFT has to be used instead of the FFT because
h(6,t). Thed represents the room temperature @ at the time. H'[k] violates the symmetric property due to the re-sampling for
When the temperature rises frairto 6 + d6, the room impulse Hk] in the frequency domain. The direct calculation of time axis
response measured at the same point in the room can be expressetaling needs approximatel log N +4N? multiplications. This

by h(0 + d@, t). Assuming that the change of room temperature is heavy computation is the problem in applying this method to the
the dominant factor for the variations of room impulse response, real-time compensation of room impulse response. Therefore, in
the sound speed changes frerno v + dv, and the arrival time of the following section, an efficient algorithm is developed to reduce
the soundvavechanges front to (1 — 0)t = t — dt, whered is a the the heavy computation.
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Figure 3: Compensating the variation of room impulse response

due to the change of temperature using the time axis scaling.
3.2. First Order Approximation of Time Axis Scaling Model

The first order Taylor expansion of Equation (2) in termg oén
be expressed by

h(0 4+ db,t) = h(8,t) — 5t K (6,1), (5)

whereh’ (0, t) is the time derivative of.(6,t). The second term
obviously represents the variation f6, t) due to the change of
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Figure 4: Performance of the successive approximation under sev-
eraldfs.

of multiplications is
3N log N 3log N

Nlog N +4N2 4N +log N
times compared with the direct calculation of the time axis scaling
model. WhenN = 24,000, the first order approximated model
can be calculated in about 1/2,200 computational load. However,
this approximation is valid only when th# is small. Therefore,
a successive compensation for evaéyis necessary like

hO,t) <2 (0 + db, t) <2 (o +2d0,t) < ...

As the results, it should be noted that the computational efficiency
of the approximated model depends on the number of the succes-
sive computation.

3.3. Evaluation of First Order Approximated Model

Figure 3 shows the improvements in SDR with and without the
time axis scaling compensation using the direct calculation pro-
posed in [6]. As shown in the figure, it can be seen that the im-
provement attains about 15dB withif@. In addition, the im-
provement is almost the same for microphones 1 and 3.

On the other hand, Figure 4 shows the results using the suc-
cessive first order approximated model for microphone 3. When
do = 0.01°C, the approximated model is effective only within

room temperature. We refer to this approximation as the first order g 1oc of the temperature difference even if the successive com-
approximation of the time axis scaling model. Since the Fourier pensation is performed. However, by choosing smalerthe

transform oft - h'(0, t) is calculated by
/ t-h' (0, t)e 7 dt
0

[t-h(0,t)e "5 — / " O,y dr

7/ h(a,t)e*jwij/ t-h(0,t)e 7t (6)
0 0

the variation ofi(6, t) can be analytically calculated as follows:
§-t-h(0,t) =6 -F '[HO,w)+jwG0O,w)], (7)

where H(0,w) and G(6,w) represent the Fourier transforms of
h(6,t) andt - h(0,t) respectively, and=~* represents the inverse

improvement is equally as well as that of the direct calculation. It
clarifies that the successive first order approximation is effective
by the compensation using very small temperature difference. In
the case of usingd = 0.001, however, it is necessary to perform
the 100 compensations every OCL In this case, the computation
amount is about 1/20 compared with the direct computation.

4. EFFECTS OF TIME AXIS SCALING ON
DEREVERBERATION APPROACH

In the previous section, we discussed the time varying characteris-
tics of room acoustic transfer function due to the change of room
temperature and the effectiveness of its compensation method eval-
uated by SDR. In this section, by applying the compensation
method to an inverse filter based dereverberation approach, the

of the Fourier transform. It indicates that the first order approxi- quality of the dereverberated signal is evaluated by the intelligi-
mated model needs three FFT calculation only. Hence, the numberbility (RASTI) and speech recognition accuracy.



Table 2: Experimental conditions

Frame Length 25ms

Frame Shift 10ms
Feature Vector MFCC+AMFCC+APOW with CMS

Language Model none

4.1. Experimental Conditions

The dereverberation technique used is an inverse filtering based
approach proposed by Waegal[4]. The dry sources are 20 sen-
tences uttered by a male speaker selected from the Acoustical So-
ciety of Japan continuous speech corpus.

The evaluation of the intelligibility was performed using the
RASTI[7] calculated by

RASTI = (X + 15)/30, (8)
9

1
5 > Xk Xk = 10logyo[mi/1 —myl,  (9)

k=1

X =

where,m,(k = 1,...,9) is nine Modulation Transfer Function
(MTF) values corresponding to the modulation frequencies of 1,
2, 4, 8kHz and 0.7, 1.4, 2.8, 5.6, 12.5kHz for two octave bands
with center frequencies of 500Hz and 2000Hz.

In the speech recognition experiments, a speaker-dependent
continuous speech recognition using monophone HMMs was per-
formed. The experimental conditions are shown in Table 2.

4.2. The Results

The values of RASTI for the dereverberated speech are shown in
Figure 5. The value for the reverberated speech was 0.68 (the in-
telligibility is “Good”) as shown in Figure 5. The results show
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Figure 5: RASTI evaluation of the compensation method.

100
Compensated

B o] o]
o o o
T T T

Recognition Rate [%)]

N
o
T

Not Compensated

0 0.2 0.4 0.6 0.8 1 1.2
Change of Temperature [degree]

Figure 6: Recognition rates.

the direct calculation of time axis scaling, (3) the compensation

that the value for the dereverberated speech is improved up to 0.99nethod applied to the inverse filtering based dereverberation ap-
(“Excellent’). However, the value in the case of using the origi- Proach improves the intelligibility and speech recognition accu-
nal impulse response is dramatically decreased up to 0.3(“Poor”),racy dramatically.

as the difference of room temperature becomes large. It indicates
that the performance of the inverse filter based dereverberation ap-
proach degrades significantly due to the variations of room impulse
response even if the difference of room temperature i5@.%n

the other hand, the value in the case of using the compensated im-

pulse response is greater than 0.9 even if the difference of roompg]

temperature is 1°X.

The results obtained in the speech recognition experiments are[s]

almost the same tendency as the results of the intelligibility as
shown in Figure 6.
These results clarify that the compensation method is very

effective against room temperature changes on the inverse filterl4]

based dereverberation approach.

5. SUMMARY [5]

In this paper, we proposed a first-order time axis scaling model
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