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Early-to-late energy ratios are used to predict speech intelligibility. The computation
is based on the measured impulse response for a source-microphone combination. When
measurement is comrpted by extraneous noise, the upper limit of integration cannot be
the total time of acquisition, but a new time limit value defined as the useful length of
the impulse response. This limit is validated with the reverberation time computed from
the Schroeder backward integral. Results are shown for three highly reverberant rooms.

O INTRODUCTION

Reverberation time itself cannot describe completely
the acoustical perception of a listener in a room. It has
to be associated with other objective parameters in order
to really predict a subjective feeling. Concerning speech
intelligibility, Bradley [1] developed the concept of
useful-to-detrimental energy ratios computed from the
measured impulse response defining a new function ex-
pressed in decibels, called U(r), where r is the separat-
ing time limit between early and late energies. This new
function is well correlated with intelligibility tests when
r is equal to 50 ms [2] or 80 ms [1]. A new global model
(excluding the frequency aspect) has been developed

[3], based on the concept of Bradley and modifled in
order to take into account the characteristics ofboth the
room and the loudspeaker. The separated limit is stated
to be 50 ms in the case of highly reverberant rooms.
The useful-to-detrimental energy ratio consists now in
calculating a well-defined acoustical criterion called
definition D56, which is included in the mathematical
model. The computation of Dro is made from the impulse
response measurement. The most often used technique
is based on the maximum-length sequence (MLS) gener-
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ation because its autocorrelation is an impulse. So when
applying such a signal to a linear system, the cross corre-
lation of the system output and the original sequence
gives the system impulse response. Schroeder has flrst
used this technique for measuring sound decay in concert
halls [4]. The amount of computations is lowered when
using the fast Hadamard transform to compute the cross
correlation [5]. Advantages of this method in terms of
distortion immunity were discussed in [6], [7]. Some
conclusions were stated to avoid time aliasing by choos-
ing an MLS period long enough or by optimizing the
number of averages. Practical considerations are also
given by Bradley in [8] to increase the decay range of
the impulse response measurement.

But in factory halls the measured impulse responses
are often comrpted by extraneous noise. Sometimes the
ptevious requirements to increase the decay range cannot
be fulfilled. It can be seen that in such a situation, com-
putation of Dro can lead to erroneous values due to the
added noise. The reverberation time computed from the
backward integrated impulse response [9] is not the same
as that measured with analog devices. The influence of
noise has already been discussed in [ 10] - [ 1.2] . But these
considerations were developed for reverberation time
measurement not for the computation of energy ratios.

Therefore this paper discusses a simple and quick way
to compute the energy ratio Dro in the presence of extra-
neous noise in the impulse response leading to a temporal
limit defining the useful length of the impulse response.
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This point is chosen visually by the user by a mouse

click on the plot.
Point P*r: This point is taken at time 7, end of

acquisition.
The crossing of the two regression lines gives the time

,' when the decay curve reaches the background noise.
The method is implemented on a computer. From a

measured impulse response, the decay curve is plotted
on screen. The user chooses point Pr,. The software
computes t' andT* from the decay regression line and

from the Schroeder equation and, finally, various en-

ergy ratios.
It is now necessary to study the influence of the choice

of ,' on the estimation of the reverberation time.

3 ERROR ON REVERBERATION TIME

The introduction of time ,' as the upper limit of inte-
gration in the Schroeder equation leads to the following,
expressed in decibels:

ous noise. Two parameters were pointed out in the com-
putation of the reverberation time using the Schroeder
equation: the background noise level and the upper limit
of integration .Fig.2 illustrates the influence of the noise
on the slope of the decay curve. In fact, a good value
of the reverberation time is found when the measurement
is noiseless. But this kind of situation is very difficult
to obtain in real measurements. Often impulse responses
have a noise component. So a way to deal with noise is
to change the upper limit of integration of the Schroeder
equation. In a sense, changing this.limit is like truncating
the impulse response and excludirfrp contribution of the
noise. Section 3 explains the methodlo obtain the limit r'
in a systematic way. The theoretical developments show
also that without background noise, integrating over I or
r' will lead to the same result. So r' will always be used

in each case, with or without background noise.

4 ERROR ON ENERGY RATIOS

In room acoustics most criteria come from the mea-
sured impulse response. The concept of the early-to-late
energy ratio taken from the square impulse response was
introduced many years ago [20], [21]. It is useful to
describe both speech and music clarity and also intelligi-
bility. The general expression of an energy ratio (ER) is

L*,,,(t): to tog[nrr(r' - ù * NE/ (e t" - "--l)]
(12)

The value of ,' is less than the time of acquisition 7.
The term NENf - ,) will affect the slope of L*,,,(t) irr
a different way than NE (T - t) in L*,r(t). It is necessary
to quantify the errors made on the slopes if we consider
T or t' . Because lr,r,(r) is defined from 0 to t' ar,d L*,r(t)
from 0 to 7, the comparison must be made on the overlap
time, that is, from 0 to t'. Two errors are computed. The
first, e.(/), is the difference between the noisy backward
integral LN,r(t) computed with the upper limit 7 and the
pure exponential backward integral .Lr(/) showing the
deviation depending on time. The second, e,,(r), is the
difference between the noisy backward integral L*.,,(t)
computed with the upper limit r' and the pure exponential
backward integral Zr(r). The errors in decibels can be
written

where /s, 11, t2, rr.d'/3 are temporal limits. Generally
speaking, and for most parameters, ,o : 0 and t3 : æ.

Regarding the previous considerations (Sections 2 and
3), attention must be paid to rr. Integration to inf,nity is
not possible in real cases. So with a flnite duration, some
errors are made in the computation of the energy ratio
122). Background noise, like in the calculation of rever-
beration time, is also a main cause of error. A new
temporal limit r' has been introduced, leading to a noise
truncation. The aim is now to calculate errors made on

l',, hz(t\ dt
ER : 

Ëhr@ ü
(1s)

er(/) :

er(r) :

ro r"s[r .

ror.sIr.

E*(T-ù+l'e kr

? "-o'

( 13)

(14)

with 0 < t < t' . For a given time t, E*(T - l) is always
greater than E*(t' - r) and e-rr is less than e-t''. So

er(r) < er(t) for 0 < r < r'. The reverberation time
computed from Eq. (12) will be closer to the theoretical
one [see Eq. (5)].

The pftfuious sections show clearly that care must be
taken when impulse responses are comrpted by extrane-

P: PNl Puz

r(s)
Fig. 3. Logarithmic plot of squared impulse response showing
different points used in regression lines. Crossing of two re-
gression lines leads to ,', the useful length of the impulse
response.
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energy ratios integrating over h: T or /3 : /', com-
pared to the theoretical energy ratio for a pure exponen-
tial decay. For convenience, ,0 and r, will be equal to
zero. The value of /, is not very important and can be
just a variable, generally denoted by t. The denominator
of Eq. (15) is to be studied to show the influence of the
upper limit of integration.

Considering the pure exponential decay, the energy
ratio can be expressed as

ER: !5n2ç1at
( 16)

[i hz(t) dt'

To simplify the notations, ER will be written in a

basic form showing only the influence of the upper limit
of integration of the denominator.

can be estimated in the same way,

".:(H-,)
_ E*(r - T) + E*(T - e-k' - r. e-kr)

lu,, 
* 7rt -"--,)] (r - s-t";

ER,,':ffi

The numerator of Eq. (22) is a{ÿgyr negative for large
values of T (T > t). So a, will uffiàyr be negative and
ER ,, is less than the theoretical energy ratio integrated
over 7.

Now integrating the denominator of Eq. (20) to /
yields a new energy ratio, called ER,y,,,, which has the
same formulation as Eq. (21), but with Treplaced by r',

(22)

(23)

(24)

where Num is the numerator and Den- the denominator
of Eq. (16). Now integrating the denominator of Eq.
(16) to 7 yields

gR:»"ru&-1-e-t"

rD _Num_l-e-e"Lr\r-bè,.-1-;'ii

":(ffi-r) :(#;)

ER,,: Numno

" Den, -

ERiv,r: ffi
E*r*ffr-.-*')
ENT+u;tr-r-r')

The variation ct,,, made using Eqs. (23) and (18), is

",:(H-,)

(1e)

For large values of 7, ER. will be very close to ER
(a is negligible) but with a smaller value. So the upper
limit of integration is not a real problem in the case of
a pure exponential decay.

Considering now the noisy theoretical squared im-
pulse respon se hl,çt1, the energy ratio will take the form

The aim is now to compare the previous ratio to the
theoretical one. It can be seen that the difference is found
in the denominators Den- and Den, of Eqs. (17) and
(18). A comparison of these two denominators can quan-
tify the increase or decrease of the different energy ra-
tios. The vaiiation can be simply expressed as

arrepresents the decrease in the noisy energy ratio ERp,l
computed until I compared to the pure energy ratio ER,
computed until 7 shows just the influence of noise. In
the same manner, o,, represents the decrease in the noisy
energy ratio ER ,r, but now computed until /', compared
to the pure energy ratio ER, computed until T. o.r, shows
the influence of both the noise and the upper limit of
integration. A comparison between a, and ctr, will yield
the energy ratio closest to the theoretical one ERr. It
can be. seen that only ER ,. and ER ,,, must be compared
and, more precisely, their two denominators Den ,, and
Denry,1. It is clear that Den ,,, is less than Denry,. (because

t' < T).[n conclusion,

ctr(cr,,. (25)

Because ct. and or, âre already negative values,

lalgo)l <la-r(vo)l . (26)

Ihtegrating the denominator of Eq. (20) over ,r rather
than T leads to a smaller variation compared to the theo-
retical energy ratio. For a real squared impulse response,
an energy ratio calculated with r' will give a value that
can be interpreted as being noiseless, that is, truncated
to eliminate the noisy last part, but with no noise sub-
traction.

5 MEASUREMENTS

Acoustical measurements have been made in three
different rooms. Room 1 (Rl) and room 2 (R2) are two
highly reverberant rooms. Room 3 (R3) is a typical fac-

(11)

(18)

(20)

(2t)

Integrating the denominator of Eq. (20) over infinity,
ER, will converge to zero. So integrating over T, the
time of acquisition, yields

itl
The variation ct, due to the amount of added back-

ground noise energy compared to the noiseless ratio ER,

J. Audio Eng. Soc., Vol. 46, No. s, tSge'èeperUe,



tory hall with a lower reverberation time. Rl and R2
have shoe-box shapes, R3 has a more complex shape.

5.1 lmpulse Response Measurements
The impulse responses have been measured at differ-

ent source-to-microphone distances. The device used for
the measurements was a maximum-length-sequence
(MLS) equipment. For rooms Rl and R2, the sampling
frequency wasf, : 8000 Hz and the number of averages
was N : 4. The MLS generated was a l6th-order one,
leading to a time of acquisitioî T : 8.192 s. Z was

large enough to exceed the real duration of the impulse
response, avoiding time aliasing [6]. In Rl and R2 a

single loudspeaker was chosen with regard to its direc-
tivity properties close to those of human voice. In Rl,
measurements were made on the diagonal at 2, 4, and
6 m. The first point (2 m) is considered to be in the
direct field and the last point (6 m) in the reverberant
field. The 4-m point is an intermediate point. Two points
were measured in R2 at distances of 7 and 8.5 m. In Rl
and R2, loudspeaker and microphone were on axis.

The electroacoustic device was different in R3. The
measurements were made using the existing sound re-
inforcement system composed of the same six loud-
speakers. The sampling frequency wasÂ : 16 000 Hz
and the number of averages was N : 4. The order of
the MLS was 15, leading toT : 2.048 s. Three points
were chosen in R3 in order to cover the entire surface.
Each point had at least one loudspeaker in direct sight.
In the first part of the experiments, impulse responses

were measured without noise. Some other measurements

have been performed to check the background noise in-
fluence. An additional noise source, including a loud-
speaker driven by a white noise source, was added to
simulate a real machine. Three other impulse responses
were measured with noise.

5.2 Reverberation Time Measurements
Table 1 shows the mean of the reverberation times in

the three rooms with their standard deviations and the

number of measurements ,?. Reverberation times have

been measured in each room using a sound level recorder
(Brüel & Kjaer type 2307) and a white noise source
(Brüel & Kjaer type 1405). The different Iuo were com-
puted without filtering over a 30-dB dynamic range.
In room R1, the number of measurements (n : 96)
corresponds to the characterization ofthe entire volume.
ln this reverberant room, reverberation times appear to
be globally equal everywhere in the room.

6 EXPERIMENTAL RESULTS

6.1 Validation of t' from Measurements of
Reverberation Time

From the logarithmic plot of the squared impulse re-
sponse, the crossing of the regression lines of both the
decay and the background noise gives the value of r'.

Fig..4 shows differences in integration of the Schroeder
bu"[îurà'irtegral over 1) 7 (total time of acquisition)
and 2) r' (useful length of the decay curve) to compute

the reverberation time. The plot is made for an impulse
response measured in R3 (point 2). The upper curve of
Fig. 4 is obtained by integration over T : 2 s. It can
be seen that no straight line can be found easily in the
first part of the,curve to compute the reverberation time
(the last part is due to background noise). Only the very
first part can be considered as a straight line, but here
the lack of dynamic range can lead to consistent errors.
In iontrast, the lower curve of Fig. 4 can be considered
as a straight line until a value close to ,' : 0.5 s. Here
the dynamic range is large enow,b (about 15 dB) to
compute the reverberation time. €6

The reverberation time is computed by means of
Schroeder's backward integral with the upper limit of
integration equal to f'. But considering Section 3, Eq.
(12), one can see that L*,,, --) -oo when , : t'.Lx,,,
cannot be approximated by a straight line over 0 < t < t' .

To have a systematic determination of the reverberation
time, an algorithm computes a backward correlation co-
efficient based on the L*.,, curve [17]. First a correlation
coefficient is computed from 0 to ,' from all the decay
points. If the correlation coefûcient is greater than

- 0.99, ,' is decreased by 10 ms and another correlation
coefficient is computed. These operations are made until
the correlation coefficient is less than -0.99, defining
a time value denoted by t" with the highest dynamic
range (Fig. 5). So a new reverberation time is found,
computed from 0 to ," from Schroeder's decay curve.
Results for the three rooms are shown in Table 2.

In these tables, columns I and 2 describe the room

Table l. Linear analog measured reverberation times.

V
(-3)Room

Tao
(s)

Standard Deviation
(s)

RI
R2
R3

I 100
318

3000

6.1
7.2
1.9

0.5
0.2
0.1

96
t6
30

15

o

'50'
--o o.s , 

,(", 
.t.s 2 2.s

Fig. 4. Backward integrated impulse response «nf , a : O.S
m). Upper curve-plot of Zr,,,/t). Here no straight line can be
found to compute reverberation time due to noise energy.
Lower curve-plot of Lx.,,(t). A straight line can be defined
until t:0.5 s. giving a dynamic range of 15 dB.

15
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and the point considered, column 3 is the reverberation
time calculated from Schroeder's backward integral
from 0 to r", column 4 is the useful duration of the
impulse response t' , and column 5 gives the new time
value, which allows the computation of the reverberation
time from the logarithmic backward integral.

These results must be compared to the analog ones

with the corresponding standard deviations. Looking at

Table 2 one can see that for the three points of R1,
values of I*,r"n are quite different (Table l). Although
the values are different, the corresponding deviations
are not so important and the values are in the confidence
interval for the analog measurements.

Results for R2 lead to the same conclusion, but the
values are clo'ser. This can be explained because the
standard deviation is smaller for the analog measure-

ments than for R1.
R3 is a factory hall filled with machines. The reverber-

ation time is lower than the previous values. Further-
more, the standard deviation of the measurements is
small. Only the position d : 5.5 m is just out of the
confidence interval. Good results are even found when
background noise is present in R3 during the measure-

ments. The difference is just in t', which is less than
that for the same points without noise.

The results of the different experiments in the three
rooms validate the choice of ,'. In all the cases the values
of the computed reverberation times are equal to the
measured ones (within the confidence interval). In addi-
tion the influence of noise has been checked, showing
also satisfactory results. The introduction of/', whatever
the measurement (long or short reverberation, with or
without noise), allows a good computation of the rever-
beration time using Schroeder's backward integral taken
from the measured impulse response.

6.2 Real Error in Energy Ratios
As Dro is used as the main variable to estimate speech

intelligibility, it will also be used to compute energy
ratios [3]. It consists in summing the energies from the

f' t'

Fig.t5. FTdal plot of software treatment showing t' and t"
limits leading to maximum dynamic range to compute Iuo from
Schroeder's integral.

J. Audio Eng. Soc., vol. 46, No. s, tssa'September

direct sound and the first reflections arriving within 50
ms and dividing by the total energy,

(27)

The inequality of Eq. (26) shows that an energy ratio
computed from 0 to l' will yield a value that is closer
to the theoretical one than an energy ratio computed with
T when noise is present. To confirm the developments
of Section 5, the measurements dffiqrjUea in this section
have been used. -"

In R3 two kinds of impulse responses have been re-
corded, the first in a classical way, and the second with
an additional background noise generated by an external
source. From these two types of impulse responses, en-
ergy ratios are computed 1221. First the upper limit of
integration of the denominator of Eq. (27) is not equal
to infinity but equal to 7 : 2.048 s, the total time of
acquisition. Then 7 is replaced by /', the useful length
of the impulse response. Results of these calculations
are gathered in Table 3, columns 3 and 4, for the three
points of interest. It can be seen that energy ratios com-
puted with 7 give very different values, depending
whether or not noise is considered. For example, for the
point d : 4.8 m, using T leads to a relative error of

Table 2. Results of reverberation time calculation ,' and ," for
rooms Rl, R2, and R3 using Schroeder's

backward integral.

Room
Distance

(m)
t"
(s)

Drs:100#ffi

Too,s.r, t'
(s) (s)

R1

R2

R3 without noise

R3 with added noise

3.20 3.16
3.01 2.83
3.36 3.31

1.85 1.60
1.80 1.53

0.88 0.74
1.04 0.89
0.78 0.63

0.53 0.39
0.45 0.25
0.52 0.39

2
4
6

8.5

4.8
5.5
6.8

4.8
5.5
6.8

5.9
5.6
5.7

7.2
6.8

2.0
2.2
2.0

1.9
2.0
2.0

Tgble 3. Results of the calculation of D5o (in Vo) lusing T, t' ,
and after the cleaning.

Room
Distance

(m) Dso(T) Dso(t') Dso,"r"uo(T)

R3 4.8, with noise
without noise

5.5, with noise
without noise

6.8, with noise
without noise

2
4
6
7
8.5

38.0 38.9
38.5 39.0
34.1 35.8
36.2. 36.3
38.6 39.7
39.6 39.8
50.e sti.s
26.7 26.8
22.7 22.7
7.9 8.8
7.6 8.3

29.5
38.4
18.5
36.1
28.5
39.4
50.7
26.4
22.6
6.4
6.r

R1
T(s)

R2

747



23Vo. On the other hand, when /' is used, the relative
errors decrease. For the same example, the error takes
now the value of l7o. The maximum error encountered
is for the point d : 5.5 m, where the error is about 6Vo.

Furthermore, a comparison can be made when /' is used
instead of 7 with noiseless measurements. It can be seen

that using 7 or /' with a noiseless impulse response leads
to the same results (the maximum error is O.4Vo for the
pointd:6.8m).

To ensure the previous results, a numerical cleaning
of the impulse responses has been made. The aim is to
compare the real measured squared impulse response
with the theoretical one. The method is based on the
minimization of the squared errors. To avoid the fluctu-
ations of the measured squared impulse responses, the
Schroeder equations [Eqs. (4) and (9) are used instead
of Eqs. (1) and (8)1. The minimization is made by an
algorithm leading to Es, EN, and È. So rearranging Eq.
(8) gives

h(t) : ÿt +EJE;.;4
h*(t) (28)

which is the noiseless impulse response. The noisy im-
pulse response is multiplied by a window, which de-
creases depending on time. The details of this method
are described in[23].

This treatment is applied to all the impulse responses
measured in R3. Energy ratios are computed with the
upper limit of integration equal to 7. The results (Table
3, column 5) show that the noiseless values of Dro are

the same and that the "cleaning" does not really affect
a noiseless impulse response. But it can be seen that the
error is less when using /' instead of 7 in every case

with noise, as compared to the cleaned impulse response.
The maximum error encountered is about lVo. On the
other hand, the Dro(r') computed from the noisy impulse
responses give also satisfying results, the maximum er-
ror being 67o. Results for R1 and R2 are also presented
in Table 3.

7 CONCLUSTON

This paper has shown the importance of the upper limit
of integration in both the reverberation time computed by
Schroeder's integral method and the energy ratios such
as Drs. The first part has pointed out the fact that when
using the MLS method to compute the impulse response,
the period of measurement should be long enough to
avoid time aliasing. The theoretical approach leads to
the conclusion that the upper limit cannot be simply this
total time duration of the impulse response when the
measurement is cornrpted by extraneous noise, but the
time limit must be revised. So a new time limit is de-
fined, denotedby t' , which is the crossing of two regres-
sion lines computed from the decay and the last part of
the impulse response where noise is present. Results
obtaine{rshow good agreement in the computation of
botll reverberation time and energy ratio for measure-
ments made with and without noise.

In the case of energy ratios, which is the main concern
of this paper, comparison between noiseless measure-
ments and noisy measurements leads to very similar
values. The maximum error encountered is about 67o.

So the computation of /' is a simple and quick way to
obtain the real value of Dro just after the measurement,
even if a noise component is present in the impulse
response. Furthermore, the numerical cleaning of the
impulse response proposed in this paper leads also to
good results. The maximum error encountered between
noiseless and cleaned impulse Æsponses has now de-
creased to only l%o. Bttt this mffi(Etl, while satisfying,
uses more computation time because of the least mean
squared algorithm. This method can be used in the labo-
ratory to obtain the results obtained previously with r'.

Now the energy ratio Dro can be used in a mathemati-
cal model to predict speech intelligibility in noisy and
highly reverberant rooms.
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