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The reverberation timéRT) is an important parameter for characterizing the quality of an auditory
space. Sounds in reverberant environments are subject to coloration. This affects speech
intelligibility and sound localization. Many state-of-the-art audio signal processing algorithms, for
example in hearing-aids and telephony, are expected to have the ability to characterize the listening
environment, and turn on an appropriate processing strategy accordingly. Thus, a method for
characterization of room RT based on passively received microphone signals represents an
important enabling technology. Current RT estimators, such as Schroeder’s method, depend on a
controlled sound source, and thus cannot produce an online, blind RT estimate. Here, a method for
estimating RT without prior knowledge of sound sources or room geometry is presented. The
diffusive tail of reverberation was modeled as an exponentially damped Gaussian white noise
process. The time-constant of the decay, which provided a measure of the RT, was estimated using
a maximume-likelihood procedure. The estimates were obtained continuously, and an order-statistics
filter was used to extract the most likely RT from the accumulated estimates. The procedure was
illustrated for connected speech. Results obtained for simulated and real room data are in good
agreement with the real RT values. #D03 Acoustical Society of America.
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I. INTRODUCTION While derverberation is an active area of investigation, state-
of-the-art hearing aids, or other audio processing instru-

The estimation of room reverberation tiM&®T) has . . . . )
. . o ments, implement signal processing strategies tailored to
been of interest to engineers and acousticians for nearly a

century (Sabine, 1922; Kuttruff, 1991 The RT of a room specific listening environments. These instruments are ex-

specifies the duration for which a sound persists after it ha ected .to have the ability to_ evaluate the characteristics (.)f
been switched off. The persistence of sound is due to th e environment, and accordingly turn on the most appropri-

multiple reflections of sound from the various surfaces?® s?gnal processing strategy. Thus, a method that can char-
within the room. Historically, the RT has been referred to a?Cterize the RT of a room from passively received micro-
the Tgo time, which is the time taken for the sound to decayphone signals represents an |mport§1nt enabling .technology.
to 60 dB below its value at cessation. In the early 20th century, Sabin@922 provided an
Reverberation results in temporal and spectral Smearm@mpirical formula for the explicit determination of RT based
of the sound pattern, thus distorting both the envelope angolely on the geometry of the environmemblume and sur-
fine structure of the received sound. Consequently, the RT dace areaand the absorptive characteristics of its surfaces.
a room provides a measure of the listening quality of theSince then, Sabine’s reverberation-time equation has been
room. This is of particular importance in speech perceptiorextensively modified and its accuracy improysde Kuttruff
where it has been noted that speech intelligibility reduces agl991) for a historical review of the modificatiofysso that,
the RT increases, due to masking within and across phdoday, it finds use in a number of commercial software pack-
nemegKnudsen, 1929; Bolt and MacDonald, 1949; Nabelekages for the acoustic design of interiors. Formulas for calcu-
and Pickett, 1974; Nabelek and Robinson, 1982; Nabelekation of RT are used in anechoic chamber measurements,
et al, 1989. The effect of reverberation is most noticeable design of concert halls, classrooms, and other acoustic spaces
when speech recorded by microphones is played back viahere the quality of the received sound is of greatest impor-
headphones. Previously unnoticed distortions in the sountghnce, and the extent of reverberation must be controlled.
pattern are now clearly discerned even by normal listenergjowever, to determine the RT of existing environments, both
[see Hartmanii1997) for a discussiof) highlighting the re-  the geometry and the absorptive characteristics have to be
markable echo suppression and dereverberation capabilitigist determined. When these cannot be determined easily, it
of the normal auditory system when the ears receive sounds necessary to search for other methods, such as those based
directly. For hearing-impaired listeners, the reception of repyrely on the controlled recordings of excitation sounds ra-
verberant signals via the microphone of a hearing aid exaGjjated into the test enclosure.
erbates the problem of listening in challenging environments.  nethods that employ an excitation signal for measuring
RT are based on sound decay curves. In the Interrupted
3E|ectronic mail: ratham@uiuc.edu Noise Method (ISO 3382, 199y a burst of broad- or
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narrow-band noise is radiated into the test enclosure. Wheourve model describing the reverberation characteristics of
the sound field attains steady state, the noise source the enclosure. Sounds in the test enclogspeech, music, or
switched off and the decay curve is recorded. RT is estimatedther pre-existing soungisire continuously processed and a
from the slope of the decay curve. However, because of flucrunning estimate of the reverberation time is produced by the
tuations in the excitation noise signal, the decay curve willsystem using a maximum-likelihood parameter estimation
differ from trial to trial, and so RTs from a large number of procedure. A decision-making step then collects estimates of
decay curves must be averaged to obtain a reliable estimatB8T over a period of time and arrives at the most likely RT
To overcome this drawback Schroed&B65a, 1966devel-  using an order-statistics filter. The method complements ex-
oped the Integrated Impulse Response Method where the eisting methods of RT estimation, being useful in situations
citation signal is a brief pulse, either broad- or narrow-bandwhere only passively received microphone signals are avail-
For a brief pulse the enclosure output is simply the impulseable.

response of the enclosure in the specified frequency band.

Schroeder showed that the impulse response of the enclosute THEORY

is related via a certain integral to the ensemble average of the A model for blind estimation of reverberation time is

decay curve obtained using the interrupted noise method, afgr)esented. This is followed by an algorithm for implementa-
so repeated trials were unnecessary. Both methods, whilgyy and a decision-making strategy for selecting the esti-

theoretically and practically important, require careful con-mate that best represents the reverberation time of listening
trol of the experiment. Specifically, a suitable excitation sig-yooms.

nal must be available, and it must have sufficient power to A widely used measure of the reverberation time is the
provide at least a 35-dB decay range before the noise floor i3, time first defined by Sabin€1922 and which is now a
encounteredsee 1SO 33821997 for specifications of the part of the 1SO reverberation measurement procedi8®
experiment Under these conditions, both methods provide33g 1997, The T, time measures the time taken for the
reliable RT estimates, with Schroeder’s method being supesound level to drop 60 dB below the level at sound cessation.
rior because it is the average of an infinite number of interyy practice, a decaying sound in a real environment reaches
rupted noise measurements. the ambient noise floor, thus limiting the dynamic range of
While Schroeder’s method continues to have immensghe measured sound to values less than 60 dB, and so it is
practical utility, and has been improved over the yeaee  ysually not possible to directly measufe,. Instead, the
Chu, 1978; Xiang, 1995, for examplehere is at present N0 decay rate is estimated by a “linear least-squares regression
“blind” method that can estimate room RT from passively of the measured decay curve from a level 5 dB below the
received microphone signals. The objective of this work is tojnitial level to 35 dB.” [definition adopted from 1SO 3382
establish a method for determining RT when the room geom¢1997, p. 2]. If a 30-dB decay range cannot be measured,
etry and absorptive characteristics are unknown, or when ghen a 20-dB range can be used. Thg is simply the time
controlled test sound cannot be employed. A blind methodaken to decrease by 60 dB from the initial level at the same
that works with speech sounds would be particularly impordecay rate given by the above measurements.
tant for incorporating in hearing-aids or hands-free telephony  Before describing the model, we motivate the work with
devices. Partially blind methods have been developed iman example. The recorded response of a room to an impul-
which the characteristics of the room are “learned” usingsive sound sourcé hand-clapis shown in Fig. 18). As can
neural network approache§ahara and Miyajima, 1998; be expected, there are strong early reflections followed by a
Nannariello and Fricke, 1999; Coat al, 2001, or some  decaying reverberant tail. If the early reflections are ignored,
form of segmentation procedure is used for detecting gaps ithe decay rate of the tail can be estimated from the envelope.
sounds to allow the sound decay curve to be tradketbart  Figure 1c) shows the measurement ®f, using the decay
et al, 2001). The only other method that can be described asate estimated from the-5- to —25-dB decay region. The
truly blind is “blind dereverberation,” where the aim is to procedure that was followed was that developed by
recover a sound source by deconvolving the room outpuSchroede1965a described below.
with the unknown room impulse response. When deconvolu-  We begin with a model for the diffusive or reverberant
tion is successful, a useful by-product is the room impulseail of sounds in a room. This refers to the dense reflections
response from which the RT can be estimatasing, say, that follow the early reflections. All that can be said about
Schroeder’s methgdHowever, deconvolution is difficult to them is that they are the result of multiple reflections, and
perform because it requires the room impulse response to tappear in random order, with successive reflections being
minimum phase, a condition that is not met in most realdamped to a greater degree if they occur later in time. The
environmentgNeely and Allen, 1979; Miyoshi and Kaneda, assumption of randomness is crucial to the development of a
1988. It should be noted that RT can always be determinedtatistical model. When a burst of white noise is radiated into
if the room impulse response is known, whether it is mini-a test enclosure, the phase and amplitudes of the normal
mum or nonminimum phase. The minimum phase conditiormodes are random in the instant preceding the cessation of
is only necessary for determining the impulse response via the sound. Consequently, the decaying output of the enclo-
deconvolution. This limits the applicability of the method. sure following sound cessation will also be random, even if
Here we develop a technique for blind estimation ofrepeated trials were conducted with the same source and re-
reverberation time based solely on passively recordedeiver geometry. Traditionally, and dating back to Sabine, the
sounds. The estimator is based on a simplified noise decdgte decay envelope has been modeled as an exponential with
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Room data 8 Model probability density function is\{(0,ca(n)). That is, the se-

A quencea(n) modulates the instantaneous power of the fine
0.5 0.5 1 structure. For purposes of estimating the decay rate, we con-
g sider a finite sequence of observations;0,...N—1, where
% 0 0 N will be referred to as the estimation interval, or estimation
E window length. For notational simplicity, denote the
05- N-dimensional vectors of anda by y and a, respectively.
-05 e Then the likelihood function o (the joint probability den-
o 0.'25 015 o 0.'25 05 sity), parametrized by and o, is
L( ) 1 1 N/2
;a!O- =
c . D y a(0) -a(N-1) | 2702
01— 01
- Snco(y(m/a(n))?
3 201 -20 xexg — — > , @
> 20’
=
(7] N
& 40 1 N -40 A wherea and o are the N+ 1) unknown parameters to be
\\ estimated from the observation The likelihood function
-60 : 1 —60 . \ given by Eq.(1) is somewhat general, and, while it is pos-
0 0.25 05 0 025 0.5 sible to develop a procedure for estimating &l 1) pa-
Time (s) Time (s) rameters, suitable simplifications can be made when model-

FIG. 1. Temporal decay of a hand-claptat0.1 s as recorded by a micro- ing Sound_ decay inaroom. Leta single (_jecay redescribe
phone (left column) and the model matching the reverberatigight col- ~ the damping of the sound envelope during free decay. Then

umn). (a) The recorded sound shows strong early reflections followed by athe sequenca(n) is uniquely determined by
reverberant tail. Direct sound is excluded from the trabgModel match-

ing the reverberant tail shown i@). Direct and early reflections are ex- a(n)=exno —n 2
cluded. The model is a Gaussian white noise process damped by a decaying (n) A 7). 2

exponential, parametrized by the noise poweand decay rate. (c) Decay i .
rate estimated from Schroeder’s backward integration metBatiroeder, Thus, theN-dimensional parametercan be repIaCEd by

19654 between—5 dB (¢) and —25 dB (O). Slope of linear fitdashed & Scalar parametex that is expressible in terms efand a

line) yields 7=59 ms (Ts=0.4 s).(d) Decay curve for model has identical single parametea=exp(—1/7), so that
slope everywhere following sound offset, and captures the most significant
part of decay(—5 to —25 dB). a(n)=a". ©)

a single(deterministig¢ time-constanthereafter referred to as Introducing Eq.(3) into Eq. (1) yields
decay ratg But, because the dense reflections are assumed N/2

to be uncorrelated, a convenient though highly simplified L(y:a O_):( 1

model is to consider the reverberant tail to be an exponen- Y 2malN-Dg2
tially damped uncorrelated noise sequence with Gaussian

characteristics. The model does not include the direct sound 2”533_2HY(H)2
or early reflections. The goal is to estimate the decay rate of xexp - 22 '
the envelope.

4

For a fixed observation window and a sequence of
observationsy(n), the likelihood function is parametrized
solely by the decay rata and the diffusive poweuo.

We assume that the reverberant tail of a decaying sound The model is shown in Fig.(h) with parameters and
y is the product of a fine structusethat is random process, ¢ matched to the experimental hand-clap data shown in Fig.
and an envelopa that is deterministic. A central assumption 1(a). Note that the model does not include the early reflec-
is thatx is a wideband process subject to rapid fluctuationstions shown in panela). The Schroeder decay curve for the
whereas the variations mare over much longer time scales. model is shown in Fig. () with a Tg, time of 0.4 s in
Here, we will provide a statistical description of the rever-agreement with the measurdg,. The agreement between
berant tail with the goal of estimating the decay rate of themodel and reall g, time motivates the search for an algo-
envelope. rithm that can optimally estimate the two parameters.

Let the fine structure of the reverberant tail be denoted
by a random sequencg€n), n=0, of independent and iden-
tically random variables drawn from the normal distribution
MQO,0). Further, for eachn we define a deterministic se-
guencea(n)>0. The model for room decay then suggests  Given the likelihood function, the parameteasand o
that the observationg are specified by the sequengén) can be estimated using a maximum-likelihood approach
=a(n)x(n). Due to the time-varying terma(n), the y(n) (Poor, 1994. First, we take the logarithm of E¢4) to obtain
are independent but not identically distributed, and theithe log-likelihood function

A. Model of sound decay

B. Maximum-likelihood estimation
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N—1) N x 10°

N
In L(y;a,cr)=—Tln(a)—gln(mez) A 11 B
1 NEl ., , 5 9995
-— a “"y(n 5 [ ©
S5 2, A ym?, ® ¢ s
. . . ) S 999 -
To find the maximum of Ir(), we differentiate the log- o _
likelihood function Eq.(5) with respect toa to obtain the ,
1 - .9985 T T T T - T T T 1
score functiors, (Poor, 199% 200 400 600 800 60 80 130 250 Inf
dlnL(y;a,o) Time constant (ms) Time constant (ms)
Sy(ayy,o)= 7 (6) « 1012 5 107
o_
N-1 6
N(N—1 1
Z—(T) —E na ?"y(n)%.  (7) 21 -
ao?n=o — 4 347
= 3
The log-likelihood function achieves an extremum when @ .| T o
dInL(y;a,o)/9a=0; that is, when . @
-84 0_
N(N-1) iNzl o o TS I —
2a a2 n=o na-?y(n)*= ®) 60 80 130 250 Inf 60 80 130 250 Inf

Time constant (ms) Time constant (ms)
The zero of the score function provides a best estimate in the

sense thaE[Sa] 0. . Lo decay rate of the exponential decay abscisspis mapped to a parameter
Denote the zero of the score functiep, and satisfying 4= exp(1/7) (ordinate wherer s given in sampling periods. The function
Eq. (8), by a*. It can be shown that the second derivativeis monotone but highly compressive and maps[0,%) onto ae[0,1).
J21n L(y;a,a)/aazla:a* <0, i.e., the estimata* maximizes Filled circle showsr=100 ms @=0.9994).(b) Score function(derivative
the log-likelinood function. of log likelihood function s,(a) (ordinate, decreases rapidly as a function

The diffusi fth b i . of a[abscissa, marked in time constants using the mdp)InMLE of a is
e diffusive power of the reverberant tail, or Vananceglven by the root of(a) (filled circle). (c) The derivatives,(a) as a func-

a2, can be estimated in a similar manner. Differentiating the&jon of a. At the root ofs, (filled circle), the derivative is negative. Note the

FIG. 2. Maximum-likelihood estimatiofMLE) of room decay ratga) The

Iog -likelihood function Eq(5) with respect tas, we have nearly 8—12 orders of magnitude changsjrands, for commonly encoun-
tered values of-. (d) The ratios,(a)/s,(a) (ordinate as a function ofa is
dln L(y;a,0) the incremental step size of the Newton—Raphson procedure for finding the
Sq(oy,a)= T €) root of Eq.(8). It provides an estimate of the convergence properties of the
root-finding algorithm. Sampling frequency was 16 kHz, and the log-
N N—-1 likelihood function was calculated assuming a 400-ms window.
=—;+—32 a~2"y(n)?, (10)
g n=0

was obtained, an€?) the value ofc* was updated from Eq.
(11). The procedure was repeated, providing successively
N-1 better approximations ta* and ¢*, and so converging on
=N > a 2y(n)2 (1)  the root of Eq.(8).
- Here we address the strategy for extracting the root in
As before, it can be shown that tigs,]=0. Denote the smallest number of iterative steps. To gain an understand-
the zero of the score functias),, and satisfying Eq(11), by  ing of the root-solving procedure, we consider the example
. It can be shown that the second derivativeshown in Fig. 2. The functioa=exp(—1/7) maps the room
#2InL(y;a,0)/do?|,_ <0, ie., the estimates* maxi- decay rater one-to-one and ontaas shown in Fig. @&). For
mizes the log-likelihood function. Note that the maximum- instance, consider a room decay rate of 0.1 s and a sampling
likelihood equation given by Eq(8) is a transcendental rate of 16 kHz. Then the decay rate is 1600 samples, and so
equation and cannot be inverted to solve directly #dr, a=0.9994(filled circle). The significance of the number be-
whereas the solution of EqL1) for ¢* is direct. Bounds on comes clear if we consider that when=0.03 s, thena
the variance of the estimates are presented in the Appendix: 0.9979, whereas for=«, a=1. Hence the geometric ratio
is highly compressive and values affor real environments
are likely to be close to 1. Thus, the advantage of estimating
a rather thanr is due to the bounded nature af The score
Given an estimation window length and the sequence ofunctions, from Eq.(7), on the other hand, has a wide range
observationg(n) in the window, the zero of the score func- [about eight orders of magnitude, see Fi@)2and is zero at
tion Eq. (8) provides an estimate ai. The function is a the room decay rat€illed circle). The gradient of the score
transcendental equation that must be solved numerically ugunctionds,/da shown in Fig. 2Zc) also demonstrates a wide
ing an iterative procedure. However, the estimate-obin be  range, but takes a negative value at the zere,of
obtained directly from Eq(11). A two-step procedure was Thus, if we start with an initial value oéj<a, the
followed: (1) an approximate solution faa* from Eq. (8)  root-solving strategy must descend the gradient sufficiently

which achieves an extremum when

C. Algorithm for estimating decay rate
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rapidly. The standard method for solving this kind of nonlin- and, so, the estimated decay rate will be larger than the real
ear equation, where an explicit form for the gradient is avail-room decay rate. Gradual offsets occur in many natural
able, is the Newton—Raphson method which offers secondsounds, such as terminating vowels in speech. We address
order convergence(Press etal, 1992. The order of both issues here and provide a strategy for selecting the cor-
convergence can be assessed frsyfds,/da) * which is  rect room time constant.
the incremental step siz®a in the iterative procedurgFig. In the first case where the estimation frames do not fall
2(d)]. For example, with true value of=100 ms,Aa at  within a region of free decay, many of the time frames will
intermediate values in the iteration can be as small a$ 10 provide estimates od close to unity(i.e., infinite 7) or im-
whena=0.9993(7=90 m9 or a=0.9995(7=120 mg. This  plausible values. On the other hand, the estimates will accu-
corresponds to an incremental improvement of about 0.01 mstely track the true value when a free decay occurs. Intu-
for every iteration, thus providing slow convergence if theitively, a strategy for selecting from the sequence; is
initial value is far from the zero. On the other hand, theguided by the following observation: the damping of sound
bisection methodPresset al, 1992 guarantees rapid gradi- in a room cannot occur at a rafasterthan the free decay,
ent descent but works poorly in regions where the gradienand thus all estimates* must attain the true value afas a
changes relatively slowlysuch as near the true value@f  lower bound. The bound is achieved only when a sound ter-
Furthermore, it guarantees only first-order convergence. minates abruptly, upon which the model conditions will be
However, the specific structure of the root-solving prob-satisfied, and the estimator will track the true value of the
lem can be exploited because the behaviospfs known. decay rate.
Here, both methods were used to obtain rapid convergence to  Although it seems intuitive to set=min{a;}, it should
the root. First, the root was bisected until the zero was brackbe recognized that even during a free decay the estimate is
eted, after which the Newton—Raphson method was appliethherently variable(due to the underlying stochastic pro-
to polish the root. For the example shown, the root bracketeess, and so selecting the minimum is likely to underesti-
ing was accomplished in about eight steps and the root pomatea.
ishing in two to four steps. In contrast, with the same initial A robust strategy would be to select a threshold value of
conditions, the Newton—Raphson method took about 50@* such that the left tail of the probability density function of
steps to converge. Taken together, the analysis presented herge, p(a*), occupies a prespecified percentile valu€erhis
suggests that the estimation procedure is feasible and doean be implemented using an order statistics filter specified
not lead to significant errors although valueseofor real by
rooms are close to 1, and the score function and its derivative
vary over many orders of magnitude. While other root- x
solving procedures are possible, such as iterative gradient azarg{ P(X):V:P(X):fo p(a*)da*}. (12
optimization, these are not dealt with here.

o For a unimodal symmetric distribution with=0.5 the

D. Strategy for assigning the correct decay rate from filter will track the peak value, i.e., the median. Order-
the estimates statistics filters play an important role in robust estimation,

The theory presented in the preceding section providesspecially when data is contaminated with outlig¥gas and
one estimate of ando in a given time frame oN samples. Venetsanopoulos, 1992as is the case here. It should be
By advancing the frame as the signal evolves in time, a seroted that fory values approaching O, the filter EGL2)
ries of estimates will be obtained, where is the time  performs like the minimum filtera=min{a{} suggested
frame. Some of these estimates will be obtained during a fregbove.
decay following the offset of a sound segmécdrrect esti- In the second case described above, where the sound
mations, whereas some will be obtained when the sound i®ffset is gradualp(a*) is likely to be multimodal because
ongoing(incorrect estimations due to model failur&hus, a  sound offsetgsuch as terminating phonemes in speegi
strategy is required for selecting only those estimates thatave varying rates of decay, and their presence will give rise
correctly represent regions of free decay and hence the retd multiple peaks. The strategy then is to select the first
room decay rate. This requires a decision-making strateggominant peak ip(a*) whena* is increasing from zero
that examines the distribution of the estimates after a suffiti.e., left most peak that is,
cient number of frames have been processed, and makes a
decision regarding the true value of the room decay rate. a=minarddp(a*)/da* =0}, (13

In a blind estimation procedure the input is unknown,
and so the model will fail whefil) an estimate is obtained in where the minimum is taken over all zeros of the equation. If
a frame that is not occurring during a free decay. This in-the histogram is unimodal but asymmetric, the filter tracks
cludes regions where there is sound onset or sound is ongthe mode and resembles the order-statistics filter.
ing. In these periods, the MLE scheme can provide widely  In connected speech, where peaks cannot be clearly dis-
fluctuating or implausible estimates due to model fail@@®. criminated or the distribution is multi-modal, E4.2) can be
The model will also fail during a region of free decay initi- employed by choosing a value ¢fbased on the statistics of
ated by a sound with a gradual rather than rapid offset. Irgap durations. For instance, if gaps constitute approximately
this case, the offset decay of the sound will be convolvedl0% of total duration, thery=0.1 would be a reasonable
with the room response, prolonging the sound even furthechoice. A judicious choice ofy can result in the filter per-
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forming like an edge detector, because it captures the trans{1965a developed an alternate method that, in a single mea-

tion from larger to smaller values of the time-evolving se-surement, yields the average decay curve of infinitely many

quenceay . interrupted noise experiments. Thus, Schroeder’s method
The decision strategies, as depicted in EG®) and eliminates the averaging procedure.

(13), were used to validate the model in simulated and real  Following Schroedef19653, let n(t) be a stationary

environmentgsee Sec. V. white noise source with power? per unit frequency, and
r(t) be the impulse response of the system consisting of the
IIl. EXPERIMENTAL METHODS receiver, transmitter, and the enclosure. Then a single real-

N . ization of the decay curvs(t) from the interrupted noise
In addition to simulations, the MLE approach was vali- experiment is given by

dated with real room data. The experimental methods and

: ! . . ) 0
ggaa;.analyss procedures are described in the following sec s(t) = fﬁ (P (t— rdr, 14

A. Sound recordings where the noise is assumed to be switched off=a®, and

To validate the MLE method, sound recordings werethe lower limit is meant to signify that sufficient time elapsed
made in several rooms, building corridors and an auditoriumfor the sound level to reach a steady state in the enclosure
with the aim of determining their reverberation times. Soundbefore it was switched off. The reverberation time is ob-
stimuli that were used included 18-tap maximum length setained from the decay cun&t) (see below
quences(period length of 28—1), clicks (100 us), hand- In practice, the experiment was repeated to obtain a
claps, word utterancdsnternational Phonetic Assoc., 1999 large number of decay curves, and RTs from these curves
and connected speech from the Connected Speech Tesere averaged. Schroeder used Edl) to establish a rela-
(CST) corpus(Cox et al,, 1987. Recordings were made us- tionship between the mean squared average of the decay
ing a Sennheiser MK-Il omni-directional microphofifee-  curve s(t) and the impulse response of the enclosuig,
guency response 100—20 000)HKicrophone cablesSen-  namely,
nheiser KA 100 S-60were connected to the XLR input of a
portable PC-based sound recordi_ng deviBeund Devices E[sz(t)]:azjmrz(r)dr. (15)
USBPre 1.5 The recorder transmitted data sampled at 44.1 t
kHz to a laptop computefCompaq Presario 1700, running _ ) _
Microsoft Windows XB via a USB link. The sound stimuli, While the ensemble average on the left-hand side requires
stored as single-channel presampldd.1 kH2 WAV files, ave_raging over many trials, _thfa right-_hand side requires only
were played through the headphone output of the laptop? single measuremfent, as it is thellmpulse response of the
amplified by a power amplifietADCOM GFA-5351) and  €nclosure plus receiver and transmitter.
presented through a loudspeakénalog and Digital Sys- Schroeder’s method, ca_IIed the Integrated Impulse_ Re-
tems Inc., ADS L200g Data acquisition and test material SPOnse Method (or sometimes, Backward Integration
playback were controlled by a custom-written scripviar- ~ Method, can be applied to a single broadband charisay

LAB (The MathWorks, Ing. using the Sound PC Toolbox &7 impulsive sound covering a broad range of frequeinoies
(Torsten Marquardit to a narrow-band channel consisting of a filtered impulse

(such as a pistol shptThe only requirement is that the
power spectrum of the excitation signfih Schroeder’s
method, right-side of Eq(15)] should be identical to the
power spectrum of the noise burfin the noise decay
To validate the estimation procedure, experimentally remethod, left-side of Eq(15)].t
corded data from real listening environments were processed The recorded data were filtered offline in ISO one-third
using the MLE procedure and compared to results obtainedctave band$21 bands with center frequencies ranging from
from a widely used method of Schroed@9653. Experi- 100 to 10000 Hg using a fourth-order Type Il Chebyshev
mentally, RT is determined from decay curves obtained byband-pass filter with stopband ripple 20-dB down. The out-
radiating sound into the test enclosure. The sound source jmut from each channel was processed by the MLE procedure
switched on, and when the received sound level reaches and Schroeder’s method using Ed5). For broadband esti-
steady state, it is switched off. The decay curve is the remation, the microphone output was processed directly using
ceived signal following the cessation of the sound sourcethe two methods.
according to the Interrupted Noise MethaiSO 3382, Due to the limited dynamic range of sounds in real en-
1997. When the excitation signal is a noise source, the devironments, Schroeder’s method requires the specification of
cay curve will be different from trial to trial due to random a decay range. The decay ranges normally used are frbm
fluctuations in the signal, even when the experimental conto —25 dB (20-dB rangg and from—5 to —35 dB (30-dB
ditions are unchanged. This is in part due to the randonmange. The decay curves in each range were fitted to a re-
phase and amplitudes of the normal modes at the moment tlggession line using a nonlinear least squares fitting function
excitation signal is turned off. Prior to Schroeder’s method,(function nonlinsq provided byatLAB ). The fitted function
fluctuations in RT estimates were minimized by averagingvas of the formAa;], whereA is a constantn is the sample
the RTs obtained from many decay curves. Schroedenumber within the decay window, araj; is the geometric

B. Measurement of Tgy time using Schroeder’s
method
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ratio related to the decay ratg of the integrated impulse Inf
response curve bgy=exp(—1/ry). This is in contrast to the
model depicted in Eq(2) which assumes an exponentially
decaying envelope with decay rate whereas Schroeder’s
decay curve is obtained by squaring the signal. Henge,
=7/2. Two estimates of the decay rate were obtained from

.31 4

Time constant (ms)

16
decay curves fitted to the-5- to —25-dB and —5- to
—35-dB drop-offs. For each fit, the line was extrapolated to
obtain T time (in secondsusing the expression M . W 2
0 57 1382, (16
60~ Z = 1. 19.944. .08
logio(e™!)loge(aq)  logig(e ™) o 2 4 6 8 1

The same procedure was followed for determining the Time (s)

decay rate from broadband signals. It should be noted that
the MLE procedure does not require the specification of a ‘*:
decay range, but only the specification of the estimation win-

dow length; thus, only one estimate per band is obtained. FiG. 3. lilustration of procedure for continuous estimation of decay rate. A
burst of white noise was applied at time 0.1 s(black bar, bottom trace,
100-ms duration Simulated room outputbottom trace shows the buildup

- - and decay of sound in the room. A running estimate of the pararadter
MlcrOpho_ne data W_ere prqcessed using the MLE proceioo-ms w)i/ndows is shown in the gra(xbrdingte,a converted topdecay rate
dure to obtain a running estimate of the decay rate. FoOf, seconds The true value of decay rat@00 ms is shown as horizontal
model verification, estimation was performed @nthe seg-  dashed line. The estimation window was advanced by one sample to obtain
ment following the cessation of a maximum-length sequencéhe trace, with each point at timebeing the estimate in the windowt (
or a hand-clap, an®) the entire run of a string of isolated _:24]: During the buildup and ongoing phase of the sound, estimated

! . . X . sometimes exceeded(ile., negative values af). These were discarded and

word utterances. These were considered ideal stimuli, becfre not shown. As the window moved into the region of sound detay (
cause they fulfilled the model assumptions of free decay 0r0.3s), the estimates converged to the correct value. A histogram of the
possessed long gaps between sound segments. The estima%ig‘lated decay rate is shown to the right of the trace. An order-statistics
were binned for each run and a histogram was produced. THO&ter, such as the mode of the histogram, can be used to extract the room

. . ecay rate. Sampling rate was 16 kHz.
histogram was examined for peaks, and the decay rate was
selected using the order-statistics filter Etf) if there were
multiple peaks, or Eq(12) if the histogram was unimodal.
The estimatea so obtained was used to calculafg, (in

secondsusing the formula

C. Verification of MLE procedure with ideal stimuli

lated data sets. Subsequently we will provide results for real
data that validate the room decay rate estimates, and compare
these to results from Schroeder’s method.

3 —-37

* logy(e Hloge(d) logig(e 1)

=6.91r. (17 A. Broadband white noise bursts in simulated rooms

. . A 100-ms burst of broadband white noi&&kHz band-

In theory, theTg, expressions given by Eqg$l6) and . . . .
: : . . width) was convolved with the impulse response of a simu-

(17) are identical due to the relationship betweeand 7. . .

' . lated room having a decay rate=100 ms(Fig. 3). Room
However, the calculated values may differ, and this can be ; L
. . : . . . " output (bottom trace of Fig. Bshows the characteristic rise
ascribed to either model inadequacies or discrepancies in f :
measurement and analvsis and decay of sound following onset and offset of noise burst
ysIs. (horizontal bay. The graph shows the running estimate of
decay rate obtained in a 200-ms time window by advancing

D. Verification of MLE procedure for speech every sample. Time frames up to abdet0.3s are not re-

The performance of the MLE was also verified usinggions of free decay, and so the estimator tended to produce
connected speech played back in a circular building foyeralues of a>1. When this was observed in the root-
(6-m diameter. Test materials were connected sentencedracketing step of the estimate, the root-solving procedure
from the CST corpus. Estimates from nonoverlapping 1-Vas aborted. Thus all estimatesadivere bounded above by
intervals were binned to yield a histogram, and the firstl- It can be seen that when the window crosses into the
dominant peak from the left of the histogram was selected téegion of free decay, the estimator output stabilizes at the

determine the room decay rate. The procedure for calculatinfue value(horizontal dashed lineA histogram of the decay
Teo time followed Eq.(17). rate estimategright axi9 was input to the order statistics

filter Eq. (12) with y=0.5. The reported decay rate from the
filter was 7=101 ms.
For comparison, the procedure was repeated with the
The estimation procedure was applied to a variety ofsimulated noise burst inpui.e., before it was convolved
data sets, including simulated data and real room responsesith the room impulse responst mimic anechoic condi-
To illustrate the methods and identify the strengths and defitions. The histogram cd* demonstrated a strong peakeaat
ciencies of the estimation procedure, we first consider simu=1 (7=«) (not shown. This showed that in the absence of

IV. RESULTS
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Inf 4 .04
300 + T=12

be of the order ofr or longer, but if the gaps are short, then
increasing the filter length beyond the mean gap will produce
undesirable effects where the next sound segment creeps into
the window. Thus, the window length should not be less than
one-half or one-third ofr, but the upper limit is dictated by

the mean duration of gaps.

.02 1
100 —

T
Fq

223
o

0 0.5 1 100 300 Inf

C. Speech sounds in simulated room

300 - T=1 The examples considered above illustrated the perfor-
mance of the algorithm when the input was broadband white
noise. To be applicable in realistic conditions, the algorithm
must perform in a variety of conditions and with different
signal types. Speech represents an example where the algo-
100 300 Inf rithm is expected to perform poorly, because it is nonstation-
ary and non-Gaussian. Further, the offset transients in speech
sounds(including plosiveg have a natural decay rafeot to
be confused with the room decay ratbat can vary from
5-40 ms? Thus, estimation of room decay rate with speech
presents a challenge to the algorithm. We took a sequence of
15 distinct and isolated American-English words recorded in
100 300 Inf an anechoic environment at a sampling rate of 20 Kkidz
ternational Phonetic Assoc., 1999These included 11
consonant—vowel—-consonant  words/p,b,g/V/d/, e.g.,
“bed”), and four consonant—vowel wordgb/V/, e.g.,
“bay” ) separated by a mean interval of 200 ms. These were
convolved with a simulated room impulse response having
decay rater=100 ms. The task of the estimator was to track
60 . o : 060 100 300 I the decays for the entire duration of the sequefapproxi-
Time (s) Time constant (ms) mately 11.4 5 The control condition was the clean input
(i.e., anechoig The results are shown in Fig. 5. Four differ-
F'hG- 4. Erf?_Ct of ﬁSﬁm’flﬁC‘Fﬁ‘ Wia[‘dOW 'engfhto(;‘f‘he V_afc;ance (;fdthe ?S“"c‘)aée-ent filter lengths were used as in Fig. 4. For the control
I;’f;mng Z'E’tg;té’ggﬁ'g n)"%\',he‘r’ﬁs:;%%eis s ‘t’t:e""t':mo\‘;gu‘; o?{r?;?gorﬁ condition (left column no reliable estimates were produced
decay rate. The left column shows the running estimate of pararaeter fOr the smallest three windowtop three panejsbecause the
(ordinate, shown as decay rate in)nas a function of timeabscissp The  histogram peaked at values af approachinge. For the
right column shows th_e histogrgm of_the estimates. The variance of thgjmulated room respons(eight column, the peak shifted
\e/zltllrza;feT;j'ecreases with increasing window lengtiiowheads mark true towa_rds the true value O‘f‘,.With th(_e best e_stimates being
obtained for the largest window size ofr 4right column,

reverberation, as in an anechoic environment or open spacBOttom row. In all the histograms the peak was located

. . at about 115 mgarrow). This estimate deviated from the
h h ksaat 1 . .
Istograms showing strong pea are to be expected real decay rate of 100 ms due to the lack of sharp transients

in the clean speech. A gradual sound offset tends to pro-
long the reverberated sound even further. This can be seen
A parameter that is critical for estimation performance isin the *anechoic” control condition where a small peak
the window lengthN specified in Eq.(8). Small window is noticeable when window size is74(bottom panel,
lengths are expected to increase the variance of the estimateft column. The peak occurs around 60 ms, and corre-
as also indicated by the Greer—Rao lower bounfEq. (21)]. sponds to the gradual offsets of speech sounds. Thus, this
To test the effect of window length a burst of white noiseintroduces a bias in the estimates under reverberant condi-
(100-ms durationwas convolved with a simulated room im- tions.
pulse responsér=100 mg, and the estimator tracked the The results of the preceding sections demonstrate the
decay curve using four different window lengths. The resultdmportance of selection of a suitable estimation window
are shown in Fig. 4. As window length increased from70.5 length. The choice of window length determines the variabil-
to 47, the MLE procedure gave improved estimates. Furtherity of the estimates, and is critical to obtaining a histogram
for all four window lengths, there was no bias in the esti-with a clearly resolved peak at the true value of the room
mates of the peak position. We concluded that increasingecay rate. However, the effect of variability on the order-
window length reduced the variability in the estimates, andstatistics filter is difficult to determine as the filtering opera-
did not introduce significant bias. tion is nonlinear. Further, bimodal or multimodal histograms
Although it is desirable to have long window lengths, in may be obtained if there is fluctuating background noise or if
practice this is limited by the duration and occurrence ofthe sound segments have an intrinsic offset decay (age
gaps between sound segments. Ideally the filter length shoukhown in Fig. 5.
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Time constant (ms) Time constant (ms) FIG. 6. lllustration of decay rate estimation when a terminating phoneme is

encountered. The word “bough” recorded under aneclidiean conditions

FIG. 5. Estimation of room decay rate from speech. Fifteen words recorde§fOP oW has a gradually decaying offset. The envelope was extracted by
in an anechoidclean environment(200-ms interword spacingvere con- f_lltermg th_e absolute value of the analytic sigriaecond row, heavy out-
volved with a room modelr=100 ms. Histograms of decay rates were I!ne), and its decay rate was estimated for the segment following the dashed
estimated from clearfleft column and simulated reverberant responses lin€ Using two methodgbottom row. Overlapping segmentsluration given

(right column), and are shown for window durations 8,5, 27, and 4 (top by bar, with step size indicated by the thickness of‘ the vertica) eree _
to bottom. The histogram for clean speech served as a control. Descriptioif@nverted to a decibel scale and the decay rate obtained by a least squares fit
follows Fig. 4. Estimation from reverberant speech produces a clearly del© @ straight line(dotted tracg The same segments were analyzed using the

fined peak, especially for the longer window lengths, albeit with a small biagILE @lgorithm to obtain a second estimate of the decay ¢sodd trace.
(right column, 2 and 4). The bias can be attributed to the gradually de- While the estimators provide somewhat different results, they are in quali-

caying offsets inherent in speech so that the resultant decay is a convolutid@tive agreement. Both methods suggest that the fastest decay rate is in the
of speech offset and the room response. For the control condiétircol- range of 5070 mésee also Fig. b

umn), the offset decay is visible only in the bottom two rows where the

histogram exhibits a broad bump between 50 and 100 ms. The 15 words

included 11 /p,b,g/V/d/ and 4 /b/V/ sampled at 20 kHz. guency components above 100 Hz. The envelope is shown in

the middle panel(heavy outling. The envelope was then
squared and transformed to a decibel scale, and the decay
rate was estimated in windows of duration 0.éhsrizontal
ban, using a least squares fit to a straight line. Successive
The preceding section introduced the problem of esti-estimates were obtained by sliding the window forward in
mating the room decay rate when the input signal exhibitedgteps of one sample. Note that the time at which an estimate
varying offset decay time courses. Here we examine ins reported for any given window is the end point of the
greater detail the performance of the estimator with inputwindow. The estimate for the window indicated by the hori-
comprising a single word/b/V/, “bough”). The word was zontal bar, for instance, is plotted at time 0.85s. A curve
recorded under anechoic conditions and presented to the esfthe estimated decay rates was thus obtaidetted curve,
timator without modification so that the effect of the vowel bottom panel The envelope-based method employed here is
offset could be determined. The results are shown in Fig. 6similar to the method of Lebaet al. (2001), except that they
The terminating vowel has a gradually decaying offéep  performed a one-time RT estimation over the entire decay
pane). Estimation of the offset decay was performed fromperiod using linear regression. The MLE procedure was ap-
t=0.45s(vertical dashed lineusing two procedures. First, plied to the same segments and produced an independent
the envelope was extracted from the analytic signal via @stimate of the decay ratsolid line, bottom pangl While
Hilbert transform, windowed, and filtered to eliminate fre- the estimates differ somewhat, they are in qualitative agree-

D. The effect of gradual offsets in speech sounds on
decay rate estimation
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ment. Both procedures indicate that the terminating vowel 51 5
had a time-dependent decay rate, and the greatest rate was
between 50 and 70 ms.

The results confirm the presence of the peak in Fig. 5
(left column, bottom pangl although the histogram shown
in Fig. 5 was obtained for a sequence of 15 words. The
analysis shown in Fig. 6 also indicates the reason for estima-

tion bias under reverberant conditions using speech samples.

.506 —

Mean Teo (s)
(3]
1

The offset decays present in clean speech segments will be .495
convolved with the room impulse response, and the esti- ::_ 'é""fmeder(zo dB)
mated decay rates will consequently be greater than the room - & Schroeder (30 dB)
decay rate. Taken together, the results from Figs. 4—6 sug- AT T
gest that the factors responsible for estimation performance 10° 10° 10*
are the presence of adequate numbers of gaps, sharp offset Frequency (Hz)
transients, and estimation window length. B 044
Q
E. Validation of method d a0
.03 \ O‘OA
The above results demonstrate that estimation of decay ) o LR ®q
rate is possible for a variety of sounds including impulses, B8 \ QR
noise bursts, and speech. Although we have shown that a 3027 2 eoq P d y
reasonable agreement exists with a nonlinear least squares fit S VL G g
to the data(Fig. 6), a more careful evaluation is necessary to @ o1 4 v oo
determine the conditions under which the MLE procedure is ) W
likely to provide accurate estimates. Here we establish that M
the estimated decay rates are comparable to decay rates ob- 0 f,l - :
tained from the method by Schroed@®65a. Furthermore, 102 10° 10°
any data collected must be under sufficiently realistic condi- Frequency (Hz)

tions where there is background noise and where the testing
sound is not subject to experimental control. A comparisorf!G. 7. Comparison of RT estimates obtained from MLE method and
of MLE performance with the standard method i real envi-oemor e ey oo s RT(Crdnate i one- octve bandsb-
ronments will therefore establish the utility of the method. (rT=0.5 3. RT estimates were obtained using the MLE proceddireles,
We compared the estimates using the method bynd Schroeder's method in 20-dB decay rafigeenge, and 30-dB decay

Schroede(19656) in both single-channe{l.e., the broadband range(square. The filled symbols are broad-bar_1d estimai@s. Standard

. . . deviation of the RT for broadband and one-third octave bands over 100
signa), and multi-channel frameworké.e., narrow-band trials. Symbols follow(a).
signals occupying ISO one-third octave band&chroeder’s
method requires a fitting procedure to estimate the decay rate
in a preselected decay rangeither 20 or 30 dB below a difference between the two methods was in the variability of
reference level of-5 dB, see Sec. IJl The MLE procedure the estimates as measured by the standard deviation over the
does not require the specification of such a range. trials [Fig. 7(b)]. The MLE method demonstrated lower SD

To determine whether the two methods provide the samacross trials than Schroeder’s method, by factors (@2the

RT value, estimations were performed on a simulated roon20-dB curve and 3 (for the 30-dB curve Further, MLE
decay curve with R¥0.5 s(Fig. 7). Broadband and one- estimates were similar across one-third octave bands at fre-
third octave band estimates were obtained using the MLEuencies above 200 HFig. 7(a)], whereas estimates from
method(circle) and Schroeder’'s metha@0 dB: lozenge, 30 Schroeder’s method exhibited greater variability. The results
dB: squarg¢ Figure {a) shows the mean value of RT as a establish that the MLE method and Schroeder’s method are
function of center frequency of the one-third octave bandsn good agreement when tested on model data. While the
(open symbolsand the broadband estimaftilled symbols MLE method may overestimate the RT when using broad-
neary axis). range averaged over 100 trials. The broadbandband signalgalthough this is no more than 1%he narrow-
estimates were 0.504 §MLE) and 0.5 s(Schroeder's band estimates are comparable to those obtained from
method for both 20- and 30-dB decay ranges. While the Schroeder’s method, are consistent over a wide range of fre-
MLE estimate was significantly different from Schroeder’s quencies, and subject to less variability.
method <0.0001, Wilcoxon rank sum testthe discrep- We first report on the comparison between the methods
ancy was less than 1%. The one-third band MLE estimates insing a hand-clap in a small offic€8xX3X3 m). Subse-
most cases were somewhat higher than the Schroeder esgjuently we will summarize results obtained in rooms of dif-
mates by about 0.5%mean RT over all bands were, MLE: ferent sizes. Figures(& and (b) depict a hand-clap event
0.505, Schroeder’s method: 0.502 s for 20 dB and 0.501 s faand its spectrogram, respectively. The data in pémek the
30 dB). However, the estimates were not significantly differ-same as shown in Fig.(d), except that Fig. & also in-
ent, except for one estimate obtained from the 30-dB decagludes the direct sound. The rms noise level in the room was
curve in the band centered at 8 kHz. The most noticeabl&0 dBA SPL, and the peak sound pressure level resulting
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T 811 FIG. 9. Comparison of Schroeder's method and the MLE procedur&gfpr
@ _40 - o times obtained in one-third octave bands. Three environments were tested: a
moderately reverberant environméaircles; the environment is the same as
shown in Fig. 8, a highly reverberant circular foyésquarel and a highly
-60 T T 0+ reverberant enclosed cafetefidiamonds$. In each environment, a single
0 0.2 0.4 23 45 Inf hand-clap was filtered using a bank of ISO one-third octave band-pass filters
Time (s) Decay time constant (ms) with center frequencies exceeding 1 kHz. The ordinate shows the best esti-

mates obtained from the MLE procedure for each band, and the abscissa

FIG. 8. Estimation of decay rate from real room d&#The room response ~ Shows theTg, times obtained from Schroeder’s method. Averages over all
to a hand-clagsame as Fig. (8 but includes the direct souhdb) Spec- ~ bands for each environment are shown as filled symbols. The diagonal

trogram of the hand-clap demonstrates a sharp broadband onset transié’r?cshed_””e(wnh unity slopg is shown for reference, and points lying close
and the decay as a function of frequen@). The decay rate was estimated 10 this line suggest good agreement between the two procedures.

using Schroeder’s backward impulse integration method in-t6ealB (loz-

enge to —25-dB (circle) range, followed by a least-squares fit to a straight

line to obtain the decay rate=56 ms,Teo=0.39 5) (d) Histogram of decay ,sing the MLE procedure, and thevalue for each band was
rate obtained from signal shown {g) using MLE. The median value of the - . . .
histogram(arrow) is 7=53 ms, Ts=0.37. obtained from the histogram by selecting the dominant peak.
For Schroeder’s method, a 20-dB decay range was used. Fig-
ure 9 shows thd g, estimates from Schroeder’s meth@b-

from the hand-clap was 85 dBA SPL. The decay curve obscissa versus the MLE estimate®@rdinate for each ISO
tained using Schroeder’s method is shown in Fig),8nor-  one-third bandopen symbols and the average over these
malized so that the peak SPL was 0 dB. This is the broadbands(closed symbols
band curve obtained by integrating the recorded microphone Figure 9 shows that the variability of estimates for
signal. A straight-line fit to the 20-dB drop-off poiftircle) highly reverberant environments increases with increasing
from a reference level of-5 dB (lozenge yielded =56 ms  mean RT for both methods. However, the two methods are in
(Teo=0.395s). The discrepancy between this value and thagood agreement, especially in the high-frequency bétis
presented in Fig. 17=59 m9 was due to the inclusion of the single outlier falling below the diagonal in Fig. 9 is the low-
direct sound in Fig. 8. The windows over which the 20-dB est center frequency used in the analysis, namely 1.KHe
drop-off was computed were not identical for the two casesagreement between the methods is best wheT gh@alues
The data were run through the MLE procedure and a histoare averaged over all bandslled symbolg, as is usually
gram of estimates was obtained, and the decay rate was cakported in the literature.
culated from the peak of the histogram using EtR). This A more extensive test to determine the variability in es-
gave an estimate=53 ms (Tg,=0.37s), which is in good timates across different environments, and between bands,
agreement with the estimate obtained using Schroederiwas performed in 12 environments, including small office
method. Note that the estimates reported in this work areooms, an auditorium, large conference rooms, corridors, and
based on a single trial. The normal practice is to average ovduilding foyers. The data were analyzed as in Fig. 9 and are
large numbers of trials. However, our goal is to develop arshown in Fig. 108). In comparison with Schroeder’s
online estimation procedure, and so we felt that it would benethod, the MLE procedure consistently overestimatggl
more realistic to use a single trial. in low to moderately reverberant environmenigd<0.3s)

To test a range of room RTs, ISO one-third octave bandvhereas it underestimated the reverberation time for more
analysis(exceeding 1 kHz center frequenayas performed reverberant environmentsT{,>1.3s). There was a good
in three environments. These wdig the moderately rever- agreement between the two methods for intermediate ranges.
berant room described abov€ig. 8), (2) a highly reverber- The averagelg, over all banddfilled squares were, how-
ant circular foyer, and3) a highly reverberant enclosed caf- ever, in good agreement. Broadband estimates were made
eteria. In all cases, the signal was a hand-clap generated atiging the same procedures but without band-pass filtering of
distance 62 m from the recording microphon@eak value recorded signals. These are shown in FigbLOThe trend in
90 dB SPL. Output from the band-pass filters were analyzedthe estimates was similar to that observed with narrow-band
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histogram is the best RT estimate from connected spée@8 9. The
horizontal bar is the range of RT estimates obtained from Schroeder’s
method, and the triangle indicates the MLE estiméte Peak values from

FIG. 1.0' Rever_beratlon-nme estimates from r_eal en_wronments. Seventeeﬂstogram of estimates were obtained every 1 s, and the 50 peak values were
tests in 12 environments were conducted using noise bursts. Decay rate

: . - - Red to produce the histogram shown. The best estimate of RT from this
were estimated using the MLE algorithiordinate and the extrapolate@y, histogram is at the dominant peék7 9
times were compared with estimates from Schroeder’s metabscissa '
(a) Estimates ofTg, in one-third octave bands with center frequencies ex-

ceeding 1 kHZopen circle and their averagéilled square. (b) Broad-band the various estimation methods, and has not been attempted
estimates ofTg, from the recorded room response. Data shown by OPeN, are

circles are from different locations in an auditorium. Results are from one

presentation of noise burst in each test. These results raise the issue of estimation in narrow

bands. It appears, although it is by no means conclusive, that

the upper one-third octave banf@s/er 1 kH2 may provide
signals, except for one outlier. The outlier along with threemore accurate estimates than the lower bands. Frequency
other data pointgopen circles were obtained in a large au- decomposition is a standard part of most audio signal pro-
ditorium. The outlying data point was obtained at a sourcecessing algorithms, and so it may be useful to track estimates
to-microphone distance of 4 m, whereas the three remaining the higher frequency bands, or in select bands where the
data points were obtained at a source-to-microphone distan@nergy is greatest. Tracking high-energy bands is likely to
of 1.5 m(at three different locations in the auditoriurifhe  provide more temporal range in tracking decays before en-
sound levels were not adjusted to compensate for the digountering the noise floor, and thus sharpen the peak in the
tance, and hence the experiment corresponding to the outlidistogram of estimates. Alternatively, averaging over all
was at a lower SPL, resulting in reduced dynamic rangeéigh-frequency bands can provide estimates that are in closer
(from peak SPL to noise flonrFor the four experiments in agreement witfl gy times obtained from Schroeder’s method.
the auditorium, the Schroeder estimatesTgf (in seconds The above findings suggest that there is good correlation
were 2.18(outlier), 0.39, 0.39, and 0.33, respectively. The between the estimates obtained with the MLE procedure and
MLE estimates, on the other hand, were 0(68tlier), 0.77,  those obtained with Schroeder’s method. While Schroeder’s
0.80, and 0.67, respectively. Schroeder’s method appears tnethod provides the most accurate estimates, in situations
be sensitive to the peak-SPL to noise-floor range, because thehere the peak to noise-floor range is limited, the MLE
remaining three locations provided RT values that were immethod can provide robust estimation.
good agreement. On the other hand, the MLE estimates,
while larger than the Schroeder estimates, were consistent o )
and relatively robust irrespective of the source-to-F- EStimation of RT from connected speech in real
microphone distance. That is, a reduction in dynamic ranggStenmg environments
appears to affect estimates from the MLE to a lesser extent The results presented in the preceding sections indicate
than estimates from Schroeder’s method. A more detailethat the MLE output is in good agreement with actual or
study is required to quantify the effect of dynamic range onsimulated room RTs. In particular, the estimator can be ap-
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plied to isolated word utterances, even though the naturallyaken. The RT is computed analytically using formulas that
decaying offsets of terminating phonemes may lead to aincorporate the geometry and absorptive characteristics of
overestimation of RTsee Fig. 6. Here, we test the perfor- the reflecting surfaces, or empirically using a test sound with
mance of the procedure explicitly in a challenging estimatiorknown properties that is radiated into the environment, and
task, namely estimating room RT from connected speech. for which the RT is estimated from the received sounds. The
A segment of speectabout 50 s in durationfrom the  former approach is embodied in the Sabine-type formulas
Connected Speech Te&ZST) corpus was played back in a (Sabine, 1922; Eyring, 1930; Millington, 1932; Sette, 1933;
partially open, circular foyefone-third octave band analysis see Young, 1959; Kuttruff, 1991, for reviewsvhile the lat-
shown in Fig. 9, square symbalsThe RT for this environ-  ter js based on the analysis of decay curves, such as using
ment was first estimated with hand-claps using Schroeder'schroeder’s methodSchroeder, 1965a; Chu, 1978; Xiang,
method(1.66+0.07 9 and independently confirmed with the 1995 These methods have wide applicability and have been
MLE procedure(estimated RT from histogram was 1.62 S ysed extensively since they were developed. The current
The MLE procedure was then applied to the recorded speecfjork complements these methods, and provides a technique

data[Fig. 11(@)]. A histogram of room decay rates for the ¢o; eyaiuating RT from passively received microphone sig-
duration of the recorded data was construdte. 11b)]. s

The order-statistics filter was used to select the first dominant In the Interrupted Noise Method the excitation signal is
peak in the histograntRT=1.83 9. This is the best RT esti- broadband or narrow-band filtered noise that is abruptly

q ; . { the best estimate b ving th r%9\/itched off at a known time, and is followed by a suffi-
procedure for arriving at the best esimate by applying ecien'[ly long pause to track the decay. The reverberation ex-
order-statistics filter at much shorter time intervals. Towards_ . .

. ) . eriment thus requires careful control of a known sound
this end, a histogram was constructed at intervals of 1 s, an%

the best RT estimate for this interval was obtained. The re_source(the excitation signgJ and is repeated many times to

sulting best estimates from all 1-s duratids® in all) were arrive at an average RT estimate. In contrast, Schroeder’s
binned to produce the histogram shown in Fig(cLLlt can method eliminates multiple trials, and can be carried out with
be seen that the number of estimates peaks atRT s an impulsive sound, such as a pistol shot, to obtain a reliable

which agrees with the mean value of 1.66 s from Schroeder’ T estimate on a single trial. For narrow-band estimates, a

method (using hand-claps and is well within its standard _iltered impul;e can be usedee ?ISO footnote)lFor the.
deviation[0.07 s; the one-sigma interval is indicated by thelNterrupted noise method, the RT is determined by selecting a
horizontal bar in Figs. 1b) and (c)]. decay range, beginning 5 dB below the initial level at sound

Given that terminal phonemes have a natural decay ratgffset and going down a further 20 or 30 dB, taking care to
(see Fig. 6, it is not surprising that the MLE procedure pro- "émain above the noise floor. For this method, sound offset
duces estimates somewhat larger than the real room RT. Fu#me should be known. In Schroeder's method, precise
ther, the discrepancy between the actual RT and those eskiowledge of the impulse occurrence time is not necessary,
mated from connected speech arise from the absence 8Kcept that the decay range should be above the noise floor
adequate numbers, and the limited duration, of gaps Fig.  [see 1SO 33821997 for a discussion of this poihtWhen
11(a)]. Thus, regions of free decay where estimation is accuthe impulsive sound is well-isolated, i.e., preceded and fol-
rate are limited. Not withstanding these constraints, the prolowed by a sufficiently long period of silence, and the back-
cedure works well, in part due to the decision-making capaground noise level is well outside the measured decay range,
bility built into the order-statistics filter. By selecting the first Schroeder’s method will provide the best estimates of RT.
dominant peakfrom the lefy in the histogram, the filter in The motivation for developing the MLE procedure was
effect rejects spurious estimates, thereby reducing the errdo extend the utility of the decay curve method to situations
in the estimation procedure. The mean value of the histograrwhere excitation signals are not available to conduct a rever-
or its median, for instance, would result in significantly beration experiment. Instead one has to rely on passively
higher estimates of RT. The performance of the orderteceived microphone signals consisting of unknown sound
statistics filter can be further improved if one were to obtainsegments with randomly occurring gaps. In such a blind situ-
a statistical characterization of gap duration from a large coration, it is expected that the method will be less reliable than
pus of connected speech or other sounds. Such a charact&ehroeder’'s method, and so the goal was to combine a theo-
ization can provide a robust percentile cutoff valsee Eq. retically proven procedurgthe maximum-likelihood ap-
(12)] which could then be used to select the best RT value fObroach followed by a decision strategy that reduces the es-
the room(results not shown timation error. It was hoped that such an approach would

order-statistics filtering, provides a robust means for blindschroeder’s method.

estimation of room RT. The procedure has been validated The MLE procedure is similar to the noise decay curve

against Schroeder’s method, and with real room data such ag,q Schroeder’'s methods. It differs from these methods in
hand-claps, isolated word utterances, and connected speegfiy; it is parametric, and is based on a widely accepted model
of the reverberant tail, namely the exponential decay model
[see Young(1959 for a discussion on how the Sabine type
The estimation of reverberation time is a widely inves-formulas are related to a linear decay of the sound pressure
tigated problem. Traditionally, two approaches have beetevel after the source is turned gfffhe model assumes that

V. DISCUSSION
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the amplitude of successive reflections are damped exponephase, a condition that most listening environments fail to
tially, while the fine structure is a random uncorrelated pro-satisfy (Neely and Allen, 1979; Miyoshi and Kaneda, 1988
cess. The random fine structure is a reasonable assumption The MLE procedure presented here is just one method
because the excitation signal is random, and so the roorfor estimating room RT. Other methods are also possible. For
output is also random. Schroeder makes this assumption ekistance the envelope of the sound can be extracted in the
plicit when developing his metho@&chroeder, 1965aargu-  estimation interval, converted to sound pressure level, and a
ing that the phase and amplitudes of the normal modes at thegression line could be fitted to obtain thg, time. This is
time of sound offset are unknown, and so the decaying nora blind version of the RT estimation procedure followed by
mal modes(of different frequenciesconstitute a random Lebartet al. (2001). The order-statistics filter can be applied
process even if the room response is deterministic. For mosb the histogram of estimates as with the MLE procedure.
diffusive environments, this approximates the reverberanThe method is nonparametric and so is not subject to model
tail fairly well (see Fig. 1 and forms the central assumption uncertainties. This approach was used to estimate the decay
of the work reported here. rate of isolated word utteranc€Big. 6). While a detailed
The success of the MLE approach derives largely fromcomparison of the methods is beyond the scope of this work,
the analytically tractable nature of the maximum-likelihoodwe note that the MLE procedure is a theoretically principled
formulation, reducing the problem to the estimation of away of extracting the decay rate from the sound envelope.
single parameter that can be determined computationally. We The MLE procedure is model-based and is expected to
also showed that for ongoing and onset segments of thperform reasonably well in diffuse sound field®., uniform
sound, the estimates will assume implausible values as theith respect to directional distributiorand where a single
model is not valid in these regions. However, an order-decay rate describes the reverberant tail. For most sound
statistics filter downstream to the maximum-likelihood esti-fields this is a reasonable approximat{eee Kuttruff(1991)
mator can reject these estimates and extract the room Rbr a discussion on this poihtThe estimates o g, are in
with improved confidence. This is based on the intuitive ideagood agreement with Schroeder’s method in most of the lis-
that sounds cannot decay faster than the rate prescribed lbgning environments tested, including challenging situations
the room decay rate, and thus selecting the earliest peak imvhere the source or recording microphone was close to a
proves the confidence of the estimates. To our best knowhall, or there was moderate background ndisee Fig. 8.
edge, this MLE approach to blind decay rate estimation inWhile the MLE procedure produces best results when there
enclosures has not been reported in the major acoustical ligre isolated impulsive sounds or abruptly terminating white
erature. noise bursts, the results of tests with isolated word utterances
The two encouraging results of this study are the validaand connected speech are in good agreement with the actual
tion of the estimates using Schroeder’s method, and the RTg,. Thus, the procedure is expected to work under most
estimates obtained from speech sounds. Under ideal condistening conditions.
tions (impulsive hand-claps the MLE method produced re- A result that was particularly interesting was the appar-
sults that were comparable to Schroeder’s mettfigs. 1 ent robustness of the MLE method to reduced dynamic range
and 7, and provided motivation to carry out further tests of soundd(i.e., situations where the peak to noise floor range
using speech sounds. Speech sounds present particular pralf-the decay curve was smallThe MLE method provided
lems to most estimation algorithms because they violate theonsistent estimates even when the dynamic range of sound
two most commonly held assumptions, namely stationaritydecay was reduced. This is illustrated in Fig.(d0which
and Gaussian statistics. Further, even abruptly terminatinghows the effect of source-to-microphone distance on RT
phonemes such as stop consonants demonstrate a gradaatimation. The four open circles were broadband estimates
decay, with a rate that may be in the range of 5-40 ms. Thusbtained in an auditorium, of which one experimécrre-
gradual offsets can increase the overall decay rate estimategponding to the outligiwas at a larger source-to-microphone
in reverberant environments. However, except for the indistance(4 m) than the remaining thre@.5 m (see Sec. llI
crease in estimated decay rdgevariation up to about 15% for detail9. Broadly speaking, at constant sound level output
for sounds terminating in /g/ the tracking and histogram from the source, the MLE method provided comparable es-
procedure works rather well, indicating that the method istimates of RT including when the source-to-microphone dis-
relatively robust to model uncertainties. tance ranged from 1.5 to 4 m, with reduced dynamic range of
Partially blind approaches to RT estimation have previ-the sound decay curve. In contrast, Schroeder’s method is
ously been describedl) A neural network can be trained to dependent on the peak to noise floor range of the decay
learn the characteristics of room reverberatidlannariello  curve, and reducing the range can result in overestimation of
and Fricke, 1999; Coxet al, 2001). Here, it is necessary to the RT® Consequently, increasing the source-to-microphone
train the network whenever the environment chandgs. distance affected estimates for Schroeder’s method more
The signal is explicitly segmented to identify gaps whereinthan those for the MLE method. The ISO recommendations
decays can be tracked.ebart et al, 200]). It should be for measurement using Schroeder’s method specify that “the
noted that the order-statistics filter developed in this workievel of the noise floor shall be at least 10 dB below the
performs an implicit segmentation of the signal by rejectinglower value of the evaluation rangélSO 3382, 199Y. For
estimates that are implausiblé8) A blind dereverberation example, if a 20-dB range is to be used, then the recom-
procedure can be used to obtain the room impulse responsemended peak to noise floor range must be at least 35 dB
However, the room impulse response must be minimun{including the initial 5-dB response from pgaKhis finding
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should be interpreted with caution because the MLE methodions could include hands-free telephony, and room acoustics
was not tested in high levels of background noise or wherevaluation in sound-level meters. A limitation of the method
the dynamic range was drastically reduced. The method aps its relatively poor performance with narrow-band signals
pears to be more robust than Schroeder’s method only for thehose center frequencies are below 1 kHz. However, the
conditions tested here. To properly evaluate this effect twgerformance is good for broadband signals, and narrow-band
lines of inquiry need to be pursued) quantify the effect of signals whose center frequencies exceed 1 kHz.
source-to-microphone distance on the RT estimates from the The computational costs of implementing the procedure
two methods, and2) explicitly incorporate additive back- are largely due to the iterative solution of the maximum-
ground noise in the MLE procedure. Incorporating back-likelihood equation. We have developed fast algorithms for
ground noise would require the estimation of an additionareducing the computational cost so that the procedure can be
parameter, the power of the background noise. This wouldmplemented in real-timgRatnamet al, 2003. Thus, the
help to determine more precisely the relative merits of themethod can be implemented in passive listening devices to
different methods, and, in particular, to indentify situationsdetermine the reverberation characteristics of the environ-
where the MLE method can provide improvements overment.
Schroeder’s method.
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modal histograms with peaks that may not be easily discrimiRATE ESTIMATION

nate_lc_jr.] blind estimati d ted h b Bounds on the estimate afando are obtained from the
€ blind estimation procedure suggested nere can b, jance of the score function, also called the Fisher infor-

applied in a number of situations. Because only PasSIVE ation J. This is more conveniently expressed in terms of

sounds are used, any audio processor that has access to e derivatives of the score functioff@oor, 1994. Given the
crophone input can estimate the room reverberation timeparameter 0'=[ac] and the score ,functionsT(y' 0)
= y;

either in single-channel(broadbanyl or multi-channel _ ; . h
(narrow-banyl mode. Further, while the method presented [sa(y;a,0)s,(y;a,0)], we have

here is for a single microphone, it can be applied with no ﬁSB(yﬁ)

modifications to an array of microphones, providing several J(9)=-E 90 | (A1)
independent estimates of the RT. One of the most interesting

applications is in the selection of signal processing strategies From Eqgs.(7), (9), and(Al), we have

tailored to specific listening environments. These include N(N—1)(2N—1) N(N-1)

hearing aids and hands-free telephony. Programmable hear- 2

. . L . 3a ao

ing aids often have the ability to switch between several J0)= . (A2)
processing schemes depending on the listening environment N(N—1) 2N

(Allegro et al,, 2001). For instance, in highly diffusive envi- Tar ;

ronments, where the source-to-listener distance exceeds the

critical distance, adaptive beamformers are ineffective By the Craner—Rao theoren(Poor, 1994, a lower
(Greenberg and Zurek, 2001n such situations, it would be bound on the variance of any unbiased estimator is simply
convenient to switch off the adaptive algorithm and revert tod " 1(6), which is
the relatively simplgfixed) delay-and-sum beamformer. Al-

ternatively, in highly confined listening environments such as _

automobile interiors, where a reflecting surface is located in 1 )= N(N?—1) N(N+1) (A3)
close proximity to the ear, it may be convenient to switch-off (6)= 3a0 oc2(2N—1) :

the proximal ear microphone, and use the input from the —

microphone located in the bettémore distal ear. Such de- N(N+1)  N(N+1)
cisions can be made if there is a passive method for deter- From the asymptotic properties of maximum-likelihood
mining reverberation characteristics. Other potential applicaestimatorgPoor, 1994, we know that the estimates afand

6a® 3ac
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