A.M. Prodeus, A.S. Naida

Measurement of Reverberation Time Using a Two-stage Algorithm 9

COMPUTER SCIENCES AND INFORMATION TECHNOLOGIES

UDC 621.391.83(045)
DOI:10.18372/1990-5548.82.19362

'A. M. Prodeus,
?A. S. Naida

MEASUREMENT OF REVERBERATION TIME USING A TWO-STAGE ALGORITHM
National Technical University of Ukraine “Ihor Sikorsky Kyiv Polytechnic Institute,” Kyiv, Ukraine

E-mails: 'aprodeus@gmail.com ORCID ID: 0000-0001-7640-0850, *naida.a.s.2001@gmail.com

Abstract—The use of voice control of unmanned aerial vehicles is relevant due to the ease of practical
use and new opportunities. This technology allows one to simplify the interface, making it more intuitive
and natural. However, the quality and intelligibility of speech signals indoors can be significantly
impaired by noise and reverberation. Therefore, before using voice technologies, it is desirable to take
into account the effect of interferences by preliminary assessment of their parameters. In this paper, an
algorithm for estimating the boundary (truncation time) between the informative and non-informative
parts of the room impulse response, which allows obtaining believable estimates of the reverberation
time, is proposed. The proposed algorithm is two-stage. At the first stage, “rough’” envelope of the room
impulse response is calculated using the detector-integrator, which allows one to find an approximate
value of truncation time and construct an approximate envelope of room impulse response using
backward integration method to obtain an approximate estimate of the reverberation time. In the second
stage, output data of the first stage are used to refine the truncation time and reverberation time
estimates. Experimental tests using recordings of real room impulse responses testify to the efficiency of
the proposed algorithm.

Index Terms—Reverberation time; truncation time; room impulse response; detector-integrator;

backward integration method.
I. INTRODUCTION

Voice technology has become an important area
of research in various aviation communication
systems. Evidence for this statement is at least the
fact that numerous groups of voice technology
specialists have collaborated on research projects
with aeronautical companies such as Euro Control
and AENA [1].

Research into voice-controlled unmanned aerial
vehicles (UAVs) has recently attracted much interest
due to their ease of use and new capabilities. This
technology eliminates the need for physical control
and makes the interface more intuitive and natural. In
[1], a comprehensive overview of UAV systems with
voice control is provided, their achievements,
problems and future directions are highlighted.

However, the quality and intelligibility of speech
signals indoors can be significantly impaired by
noise and reverberation. Therefore, before using
voice technologies, it is desirable to take into
account the effect of interferences by preliminary
assessment of their parameters. When measuring the
reverberation time (RT), the noise interruption
method or the method of analyzing the room
impulse response (RIR) are used [2] — [4]. In the
first case, the noise signal from the microphone
output is subjected to multi-channel band-pass
filtering (this is required to obtain information about

the RT dependence on frequency). In the second
case, shown in Fig. 1, band-pass filter output is
subjected to a RIR estimate.
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Fig. 1. Block diagram of RT measurement system [2]

Next, the envelope of the signal from the output
of each filter is calculated in one of 3 ways [3], [4].
According to the first and second methods, the signal
from the output of the band-pass filter is squared and
subjected to running average according to an
exponential

D,(¢) :kje'k("T)hz(r)dr, (1)

—0

or linear law
_1 (2
D=7 j{h (), 2)

where A(¢) is the RIR, k& and [ are parameters of
running average.
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According to [2], the time constant of the
exponential averaging should be equal to 7, /30 or
as close as possible to this value, where T, is the
reverberation time to be measured. Similarly,
averaging time [ should be less than 7,,/12. In
article [3], eighteen 1/3-octave filters were used
during experimental measurements of 7., in the
frequency band of 100-5000 Hz. Averaging the
squared signals from the filter outputs was performed
at an interval of 0.1 s, there were 8 such averaging at
an interval of 1 s.

It was noted in [4] that during practical
measurements, the average interval should be at least
3 times shorter than the reverberation time of the
room. It follows from this that before measuring 7,
one should have a priori information about the
possible value of T, estimating it according to the
Sabine and Eyring formulas.

Today, preference is given to the third method of
processing the signal from the microphone output,

namely, calculation by backward integration
method [5]

D,(1)=N["K@dc~N[ K(@dr, ()

where N is proportional to the noise power spectral
density in the measurement frequency range, 7T, is
the right border of the informative part of the RIR
h(t) (the left border 1 =0 corresponds to the |h(t)|

maximum, | is module symbol).

Regardless of the calculation method, the
resulting envelope is logarithmized and the law of its
decay is transformed from exponential to linear. The
envelope is then checked for thresholds exceeded at
minus 5 dB, minus 15 dB, minus 25 dB, and minus
35 dB, after which the corresponding 7,,, 7,, and

T,, reverberation time estimates are calculated. To

calculate the Early Decay Time (EDT), thresholds of
0 dB and minus 10 dB are used.

Expressions (1) — (2) are often associated with the
use of analog equipment [2] — [7], although it is clear
that nothing prevents their application when using
digital equipment. Due to the use of "time-reversed
integration", expression (3) is more convenient for
the implementation of 7, measurements with digital
equipment, although, if desired, analog equipment
can also be used for calculations.

It should be noted that there is a more significant
difference between (1) and (2), on the one hand, and
expression (3), on the other hand. The results
obtained according to (1) — (2) should be interpreted

as average of /°(f) over the only band-pass filter

output, while expression (3) describes the result of
averaging the ensemble of outputs. This means that
the use of backward integration method allows one to
avoid repeating experiments when measuring 7.
However, in reality, the advantage of backward
integration method are almost nullified because (3)
was obtained in [5] under conditions of absence of
background noise. In the presence of background

noise, as a rule, the dynamic range of D (¢) obtained

by (3) does not exceed 25 dB [6]. To avoid this
shortcoming, it is proposed in [6] to subtract the
estimate of the background noise mean level from

the /°(¢) before its integration, according to (3).

The theoretical analysis shows a significant
dependence of the D () shape on the choice of the
T, parameter and on the noise level (Fig. 2 [8]).
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Fig. 2. D, (t) for signal level L, = 80 dB and noise levels
from 0 to 70 dB [8]

Therefore, it is proposed in [7] to limit the upper
limit of integration in (3) by the value 7;, which is
close to half of the expected reverberation time 7,
(Fig. 3). Other similar examples are given in [9]
when overestimated or underestimated values of 7,
made it difficult to estimate 7,. Thus, the problem
of the optimal choice of the 7, parameter is relevant,

and a set of studies have been devoted to the search
for its solution [10] —[16].
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Fig. 3. The influence of the value of T, on the form
of (1) [7]
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II. PROBLEM STATEMENT

To date, there are many proposals for choosing
the T, value [6] — [16]. It is appropriate to assume
that, in addition to obtaining the "correct" value of
T, the possibility of simultaneous estimation of

EDT, T,,, T,,, T;,, as well as the simplicity of the
corresponding calculation algorithm are also
important.

For example, in [11], where the calculation of the
T,, was proposed by the method of nonlinear

approximation of the D (z), the

requirements were not met.

In this paper, an attempt is made to eliminate the
indicated shortcoming by combining the potential
possibilities of (1) — (3).

The proposed algorithm consists of two stages:

e "rough" estimates of EDT;, T, T, T,

T z(Tl’g +T2’B)/ 2 are obtained using the "rough"

specified

curve D] (¢), for the construction of which a rough
estimate 7" obtained using the contour D,(¢) or
D, (t) was used;

e refined estimates of EDT, T,,, T,,, T, are
obtained with the help of the refined curve D (), for
the construction of which the refined value of 7, was
used; here 7, is the moment of intersection of the
L=—(60/T,)t
corresponding to the average level of background
noise on the interval (7}, 7,,) of the function /*(¢),

line with a  straight line

where ¢, , is the end point of the h*(%).

III. TWO-STAGE ALGORITHM

Let us detail the first stage of the proposed
algorithm:

e the contour D,(t) or D,(t) is calculated
according to (1) or (2) using function A*(¢)
previously maximum-normalized;

e contour D (¢) is decimated with a step Ar
forming a discrete sequence D, (iAt), i=1,..., M,
(further on, to shorten the description, we will not
mention similar actions with D, (¢) );

o the d, =Dl(iAt)
-D, ((i +1)Al) is calculated and normalized by the
maximum,;

e the "rough" estimate 7, of the parameter 7, is
calculated as the time value when the maximum-
normalized discrete derivative d,, crosses the
threshold #r = 0;

discrete derivative

e according to (3), the "rough" curve D;(¢) and
the estimates EDT, T, Ty, Tu»

T, ~ (TIZ + T ) /2 are constructed.

"rough"

Now let us detail the second stage of the
algorithm:
o the level

average noise

1 T2

n =
eff
— T,
T,—T, %™

and T, are chosen within the interval (7;*, tend);

background

h*(t)dt is calculated, where T,

o the refined value of 7, is calculated as the
moment of intersection of the line L=—(60/T,,)s
and the level n_, of background noise;

o refined estimates of EDT, 7,,, T,,, T, are
obtained using the refined curve D (¢), constructed
using the refined value of T .

IV. SET UP OF THE STUDY

Recordings of a bursting rubber ball sound, made
in an auditorium of the National Technical University
of Ukraine "Thor Sikorskyi Kyiv Polytechnic
Institute", were used for efficiency testing of the
proposed algorithm (Fig. 4a). Recordings have been
made for 8 room points (Fig. 4b).

The box-shaped auditorium has a volume of
270 m’. Artificial Head system was used for
measurements (Fig. 4a). It consists of loudspeaker,
two microphones near ears of artificial head, external
sound card and laptop with the appropriate software.

The duration of the recordings with a sampling
frequency of 44100 Hz was 5-6 s. The recordings
were made in an empty room at a distances of 3.5-9.5
m from the sound source. Preliminary estimates of
the reverberation time were close to 0.8-0.9 s, the
noise level in the room was close to 50 dB.

Fig. 4. Auditory and Artificial Head system (a), plan
of auditory (b)
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Fig. 4. Ending. (See also p. 11)

At the first stage of computer processing of /4(¢)
records, envelope D,(¢#) was constructed with the
duration 7/ =0.1s of moving averaging. For further
processing of D, (¢) , the parameters values ¢t =0.1s,
tr =107 were adopted.

V. RESULTS OF THE STUDY
The shapes of /°(¢) and D,(t) for the case when

the value of 7, is evidently too large and equal to the
duration of 4(¢) record are shown in Fig. 5.

Squared RIR and Ds(!}

Level (dB)
"

-50

Time (s) .

Fig. 5. The shapes of /#°(¢) and D,(¢) for too large T,

The "rough" estimates of D(¢), EDT; T, Tu,
Ty, Ty = (T + Ty )/ 2 obtained at the first stage of

the algorithm, are shown in Fig. 6. The results of the
second stage of the algorithm, where refined
estimates of D (¢f) and EDT, T, T,, T, are

10°
obtained, are shown in Fig. 7.

As one can see in Fig. 6a, the shape of the
function D,(¢) (bar graph) is similar to the shape of

the function A°(f) contour, and the value of #

(horizontal red line) should be chosen to cross the
normalized derivative (relative to its first value) of the
D,(t) . The value #* = 10~ was chosen in the case

shown in Fig. 6b. Obviously, this choice led to an
underestimation of the truncation time 7; (Fig. 6b).
Note, however, that the logarithm of the modulus of
the derivative is shown in Fig. 6b. This was done
only for demonstration purposes. In real calculations,
it is advisable to choose the threshold # much
smaller, for example, tr = 107 or even tr = 0.

As can be seen from Fig. 7a, the refined value of
T; is defined as the moment of intersection of the
average background noise level (dashed horizontal

line) and the line L=6—?t (slanted dashed line),
60

T, ~ (Tf; + TZB)/ 2. The symbol "V" shows the time

borders of the of background noise, and the symbol
"X" shows the limits of the background noise area
used to estimate the noise level.
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Fig. 6. Intermediate (a) and final (b) results of the first
stage of an algorithm
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VI. DISCUSSION

As can be seen from Fig. 5, the function D (¢)
can hardly be considered a good estimate of the
function %°(f) envelope in the case where the 7,

value is equal to the duration of /°(¢). The reason

for this is the significant impact of background noise
on the results of D () calculations. As a result, the

EDT and 7}, estimates can still be obtained with

sufficient accuracy. At the same time, the
unreliability of 7, and T, estimates is obvious.

The implementation of the first part of the
proposed algorithm (Fig. 6) leads to improved
results, but comparing the graphs of Fig. 6b and
Fig. 5 shows that the estimate of the value of 7; is
significantly underestimated. Nevertheless, the
results of the first stage of calculations can be
considered acceptable, since further refinement is
expected.

The analysis of the second stage results (Fig. 7)
shows that the indicated shortcoming of the first
stage of calculations was eliminated. Indeed, a
comparison of Fig. 7b and Fig. 5 indicates the correct

finding of the informative part 4°(¢) (7, = 0.63s).

T60 = 0.76966 s, noise level = -49.2175 dB
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Fig. 7. Intermediate (a) and final (b) results of the second
stage of an algorithm

As one can see from Fig. 7a, the "rough" estimate
of the reverberation time T, ~0.77s is significantly

underestimated compared to the final estimate of
T,, ~0.84 (Fig. 7b), but this did not prevent one
from finding the correct value of 7;~0.63s and
obtaining refined estimates of D (¢) and EDT, T,,,
Lys Ty

The analysis of the obtained results shows that the
proposed algorithm can be used in practice. However,
this algorithm is not free from certain shortcomings,
which should be eliminated in the future. In
particular, the choice of the value of the threshold #
seems insufficiently justified. In the given example,
perhaps it would be better to set #~ = 10~*. Moreover,
the assigning the previous value of the value of #
causes a desire to somehow avoid this procedure.

Studies show that the results of measurements of
the reverberation time remain practically unchanged,
if the values of the parameter A¢ are in the interval
(0.7-1.1) s.

The dependence of T; and EDT, T,,, T,,, T;,

estimates on the position of the microphone in
different locations of the room is shown in Table I,
where points numbered 1-4 are located along the
axis of the room, and points 5-8 are located along the
perimeter of the room. The lower two rows of the
table shows the estimates of the corresponding mean
values and standard deviations.

TABLE 1. ESTIMATES OF RT IN DIFFERENT ROOM
LOCATIONS

No T, | EDT | Tio | T20 | T30
1 078 | 064 [079 [084 095
2 081 [071 |084 [091 |1.04
3 063 | 076 |082 [086 |097
4 1072 077 [082 [094 [1.06
5 076 |075 [083 [095 |1.08
6 |066 |075 [082 |130 |1.17
7 (074 078 [094 [125 |121
8 078 | 080 [092 [1.09 |[123

m 074 075 [085 [1.02 |[1.09
c [006 [005 [005 [0.18 |0.11

At the same time, the computational simplicity of
the proposed algorithm, as well as the possibility to
obtain sufficiently plausible estimates of parameters
T, T, EDT, T,,, T,,, T;, can be an incentive

The results obtained in this article can be used to
suppress the effect of reverberation on speech
intelligibility, as it was previously proposed to
suppress the effect of noise interference [17]. Of
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course, it is also advisable to use the obtained results
in any predictions or measurements that require prior
information about the reverberation time.

VII. CONCLUSION

In this paper, an algorithm for estimating the
boundary (truncation time) between the informative
and non-informative parts of the impulse response of
the room, was proposed. The algorithm allows
obtaining plausible estimates of reverberation time
using the backward integration method. The
proposed algorithm is two-stage. At the first stage,
the “rough” envelope of the room impulse response
is  calculated using detector-integrator and
approximate estimates of the truncation time and
reverberation time are obtained. In the second stage,
these results are used to refine the truncation time
and reverberation time estimates. Experimental tests
using recordings of real room impulse responses
testify to the efficiency of the proposed algorithm.
The effectiveness of the algorithm should be tested in
future studies using models and recordings of RIRs.
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A. M. IIpoaeyc, A. C. Haiina. BumiproBanns 4acy pesepOepanii 3a 1010MOrox0 JB0eTAHOI0 AATOPHTMY
3acTocyBaHHSI TOJIOCOBOTO KEpyBaHHS OC3MUIOTHUMH JIITAJBHUMM anapataMM € aKkTyaJbHUM 4Yepe3 IIPOCTOTY
MPAKTUYHOTO BUKOPUCTAHHSI Ta HOBI MOXJIHMBOCTI. Ll TeXHONOTIsS MO3BOJSE€ CIPOCTHTH iHTepdeiic, 3poOuTH Horo
OUTBII IHTYITUBHO 3pO3yMUIMM 1 TipupomHUM. [IpoTe sSKicTh 1 po30ipJMBICTh MOBJICHHEBUX CHUTHAIIB Y MPUMIIICHHI
MOXXYTh 3HAYHO TOTIPIIyBaTUCS depe3 IIyM i peepOepamito. ToMy mepes 3aCTOCYBaHHSAM TOJIOCOBHUX TEXHOJIOTiH
OaxaHO BpaxyBaTH JiI0 3aBaJl IUISIXOM TIOIIEPEHBOT OIIHKHM iX mapaMeTpiB. Y AaHii poOOTi 3ampoONOHOBAHO aITOPHTM
OIIHKK MeXi (Jacy BiJCikaHHS) MK iHQOPMATHBHOIO Ta HEIHPOPMATHBHOIO YACTHHAMHM IMITYJIbCHOI XapaKTEPUCTHKH
MPUMIIIEHHS, IO JO3BOJISIE OTPUMATH JIOCTOBIPHI OIIIHKK dYacy peBepOepariii. 3anporoHOBaHHWNA alTOPUTM €
nBoeTamHUM. Ha mepmromy ertarri 3a JOIMOMOTOIO JI€TEKTOPa-iHTErpaTopa PoO3paxoBYEThCS «IpyOa» 0OBiIHA IMITYIbCHOT
XapaKTCPUCTHKH MPUMIIICHHS, 10 JO3BOJISIE 3HANTH MPUOJIM3HE 3HAYCHHS Yacy BiJICIKaHHS Ta MOOYIyBaTU HAOIIKCHY
0OBiIHY IMIYJIBCHOT XapaKTEePUCTUKH IPHUMIIIEHHS METOJOM 3BOPOTHOTO iHTErPYBaHHS IJIsl OTPUMAHHS MPHOJIU3HOT
OLIIHKH 4acy peBepOepauii. Ha apyromy erami BUXifHi JaHi IEPHIOTO €Ty BUKOPHCTOBYIOTHCS JJIsl YTOUHEHHS OL[IHOK
yacy BiACikaHHA Ta wyacy peBepOepauii. ExcrnepuMeHTanbHI NEpeBIpKM i3 3amuMcaMy  peajbHUX IMITYJIbCHUX
XapaKTEepUCTHUK MPUMIIIEHHS CBII4aTh PO MPaLe31aTHICTh 3aIPOIIOHOBAHOTO AITOPUTMY.

KurouoBi cioBa: gac pesepOeparlii; yac BiJICikaHHS; IMITyJIbCHA XapaKTEPUCTHKA MPUMILICHHS; ETEKTOP-iHTErpaTop;
METOJ1 3BOPOTHOTO IHTErpYBaHHSI.
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