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In a recent publication, we show that the algorithm of Matching Pusuit is applicable to estimating arrivals
within room impulse responses. The study of the time distribution of arrivals allows one to define a time
beyond which arrivals are statistically distributed. We call that time the cross-over time. However, these
estimates are extremely sensitive to the stopping criterion of Matching Pursuit - which is closely linked
to the precision of the approximation. When the precision is too low, we arrive at an unrealistic number
of arrivals. On the other hand, when the precision is too high, the model of room impulse responses
gives poor estimates. The best stopping criterion can be determined based on a comparison of room
acoustical indices or using listening tests. In this paper, we use both approaches in order to estimate
arrivals and the cross-over time of experimental room impulse responses of a concert hall from their
Matching Pursuit decomposition. We show how perceptually determining the stopping criterion leads to
a perceptual estimation of the cross-over time. We are thus able to make comparisons with the heuristic
formula of the mixing time proposed by Polack, which is related to the volume of the hall.

1 Introduction

One measures room impulse responses (RIRs) in order
to study and document the acoustics of a room. In prac-
tice, a source, e.g., spark gun, emits a wideband signal
into the room, and receivers, e.g., microphones, mea-
sure local changes in pressure at specific locations. We
can model a RIR, in the limit of high frequencies by
modeling sound as rays that leave a source at the speed
of sound c, and undergo reflections at boundaries be-
fore arriving at each receiver. An arrival is a sound ray
emitted by the source that has undergone at least one
reflection during its journey to the position of the re-
ceiver. What we wish to do is accurately detect arrivals
in an RIR in order gain knowledge of the room, e.g., its
volume. Such a relationship is embodied in the expected
number arrivals received at t seconds after excitation [1]

μA(t) =
4πc3

3V
t3 (1)

where V is the volume of the room in cubic meters.
Given a measured RIR, we wish to accurately find

the times and amplitudes of the arrivals. This problem
has been addressed by a few methods within the disci-
pline of room acoustics. One approach uses an adaptive
thresholding technique [2], but this requires empirically
testing a range of variables to make the detection al-
gorithm give reasonable results. Furthermore, this ap-
proach essentially detects local peaks in the RIR, and
then equates those to arrivals. A different approach uses
greedy sparse approximation to first decompose the RIR
as a linear combination of the measured direct sound,
and then to detect arrivals in a domain more sparse than
the original RIR [3, 4]. However, this approach is very

sensitive to the parameters of the decomposition algo-
rithm (Matching Pursuit [5]), especially to the stopping
criterion of the decomposition. In a previous work, we
have proposed to determine this criterion by studying
variations of usual room acoustical indices [3, 6]. In this
paper, we investigate another approach based on listen-
ing tests.

In the following, we briefly present Matching Pur-
suit (MP) and recall some results that we have obtained
in previous work. Estimation of arrivals permits one to
detect the cross-over time, which is the transition time
between early reflections and late reverberation [4, 7].
We also recall how the cross-over time (also called the
mixing time in the room acoustics literature) is related
to the stopping criterion and how it can be measured
from the set of arrivals estimated by MP. We summer-
ize our previous approach of the determination of the
stopping criterion of MP. We then use listening tests to
set a perceptual meaningful stopping criterion of MP,
i.e., we look for estimating the degree of approximation
at which there are not any perceptual differences be-
tween high and low orders of decomposition. We finally
discuss our results obtained with both approaches and
compare the models of RIRs.

2 Matching Pursuit applied to

RIRs

In this Section, we present the alogrithm of MP and
show how the stopping criterion of MP can be set based
on variations of room acoustical indices. We also briefly
recall how the cross-over time can be estimated from the
linear set of estimated arrivals and how it is dependent



on the stopping criterion of the pursuit.

2.1 Algorithm of MP

In a previous work [3, 4], we show that it is possible to
estimate arrivals within RIRs, based on the assumption
that a RIR can be approximated as a linear combination
of the direct sound delayed in time and filtered by the
boundaries of the room. Hence, a technique based on
finding the times at which the source impulse (i.e., the
direct sound) is highly correlated to the signal of the
RIR is well indicated for estimating arrivals (times of
occurrence and amplitudes).

Matching Pursuit works as follows:

1. Initialization: m = 0, xm = x0 = x

2. Computation the correlations between the signal
xm and every atom γ of a dictionary φ, using inner
products:

∀γ ∈ φ : CORR(xm, γ) = |〈xm, γ〉| (2)

The dictionary φ is a set of atoms γ, of the same
length than x, constituted by the direct sound and
translated in time, by step of one sample.

3. Search the most correlated atom, by searching for
the maximum inner product:

γ̃m = argmax(CORR(xm, γ))γ∈φ (3)

4. Substracting the corresponding weighted atom
αmγ̃m from the signal xm:

xm+1 = xm − αmγ̃m (4)

x
(m)
R =

∑
k≤m

αk.γ̃k (5)

where αm = 〈xm, γ̃m〉;
5. • stops if the desired level of accuracy is

reached: R = xm+1.

• otherwise, re-iterate the pursuit to step 2:
m← m + 1.

where x is the RIR, R the residual, γ the atom (here,

the direct sound), φ the dictionary of atoms γ, and x
(m)
R

the reconstructed signal.

2.2 Previous results

In theory, any signal x can be perfectly decomposed in
a set of atoms for an infinity of iterations. In practice,
this number must be finite and a stopping criterion has
to be set. In [3, 4], the authors propose to use the sig-
nal/residual ratio (SRR) in dB of the norm L2 of x over
the norm L2 of the residual (R) defined as:

SRR = 20log10

( ||x||2
||R||2

)
. (6)

We also show that for estimating arrivals at any time,
that is, with the same probability, it is necessary to com-
pensate for the energy decay of the signal applying an
inverse exponential based on the reverberation time and
the mean absorption of the room [4]. In the following,
this compensation is applied to all RIRs that are decom-
posed by MP.
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Figure 1: Variations in % of some room acoustical
indices (EDT10, RT20, RT30, TC) versus the SRR in

dB (with compensation of the energy decay).

2.2.1 Determining the stopping criterion

The number of estimated arrivals depends on the value
of the SRR (6). Indeed, if the SRR is low, the number
of estimated arrivals is low. On the other hand, to a
large SRR corresponds a large number of arrivals. The
problem to address is thus to determine the best value
of SRR to use.

Defrance et al. [4] investigate an approach based
on variations of room acoustical indices. For different
values of the SRR, they calculate signed variations of
room acoustical indices between reconstructed RIRs and
original ones. According to [8], acceptable variations
of acoustical indices are 5% and below. This previous
study indicates that, when the energy decay of the RIR
is compensated, the SRR should be equal or greater than
5 dB.

2.2.2 Estimating the cross-over time

What we call the cross-over time is better known as
the mixing time in the literature of room acoustics. In
this domain, this particular time defines the transition
time between early reflections and late reverberation.
However, mixing is by definition a property of some
dynamical systems that are ergodic [9]. In [7], we in-
vestigate experimental estimation of the mixing time.
We show that the mixing character of large halls is not
proved yet. Therefore, we propose the term of cross-over
time, in reference to the cross-over frequency proposed
by Schroeder [10].

In [11], Polack proposes a heuristic formulation of the
cross-over time, based on perception. It is reached when
10 arrivals occur in a window of 24 ms [1]. According
to Polack, a possible formulation of the cross-over time
could be:

ΔμA(t) =
4πc3Δt

3V
t2 (7)

t =

√
3V

4πc3

ΔμA

Δt
, (8)

where ΔμA = 10 arrivals and Δt = 24 ms. We can thus
approximate (8) by:

T ≈
√

V , (9)

where T is the cross-over time expressed in ms.
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Figure 2: Cross-over times estimated on 21
experimental RIRs using different values of SRR (dB)

(with compensation of energy decay). RIRs are
measured in Salle Pleyel, using an omnidirectional

microphone [14]. Note that at low SRR, some
cross-over times are not always found.

Using MP, the estimation of the cross-over time,
which is counted from the time of emission of the im-
pulse by the source, can be achieved by looking for [4]:

t = argmin(ti+1 − ti ≤ d̃source), (10)

where ti is the time of occurrence of the ith estimated ar-
rival, and d̃source is the equivalent duration of the source
impulse [12, 13].

Obviously, when SRR is large, the number of arrivals
is large too, and thus, the cross-over time is statistically
low. On the other hand, if the SRR is low, the number of
estimated arrivals is low, and thus, the cross-over time
is either large, or even does not exist (Fig. 2). See Ref.
[4] for more details.

3 A novel approach for estimat-

ing the SRR

In the following, we investigate a different approach for
determining the SRR. We use listening tests in order to
set the order of decomposition of MP such that there
are no perceptual differences between a reference RIR
and the approximated version returned by MP.

3.1 Experimental set up

In Salle Pleyel, we have measured 21 RIRs using a B-
format microphone [15] and spark guns, in the same
experimental configurations as in [14].

In the following, we only use three different RIRs, at
thee different receiver positions:

• The microphone is placed in front of the stage,
on the floor. The source is seen from the receiver
position (dSR = 8 m)1.

• The microphone is placed on the first balcony in
front of the stage. The source is seen from the
receiver position (dSR = 30 m).

1dSR stands for the source/receiver distance.

• The microphone is placed on the second balcony
(right side of the stage). The source is not seen
from the receiver position (dSR = 20 m).

Each of the four channels of the B-format recording is
decomposed using MP for several values of SRR [0.5:20]
dB. Each approximated channel is then convolved by
three different pieces of music [16] recorded in an ane-
choic chamber:

1. W.A. Mozart, The marriage of Figaro (first 80 s);

2. Johann and Joseph Strauss, Pizzicata Polka, (first
80 s);

3. J. Brahms, first mouvement, Symphony # 4, bars
386-407 (first 35 s).

Therefore, nine pieces of music are played and sent on
an Ambisonics sound system in a damped room, that
comprises 12 loudspeakers and one subwoofer [17].

3.2 Listening test

Subjects that run the listening test have to answer one
question from a user interface developped under Mat-
Lab (Fig. 3). The task is the following: the subject
faces three buttons, each one corresponding to a sound.
One of these buttons is called “Reference”; the refer-
ence sound uses a RIR decomposed with SRR = 20 dB,
that is, a high order of approximation since variations
of room acoustical indices are below 0.1% (Fig. 1). The
two other buttons are called “Sound A” and “Sound B”.
If “Sound A” (or alternatively “Sound B”) is the refer-
ence sound, then “Sound B” uses the same RIR, but ap-
proximated with a different SRR (SRR= [0.5 : 20] dB).
Further, the reference sound is always either “Sound A”
or “Sound B”, but never both. The subject is asked
to identify the reference sound between “Sound A” and
“B”. Each time the subject is able to make the differ-
ence between the two sounds, he/she is asked to confirm
his/her answer (Fig. 4). When the answer is the right
one, the test uses a higher SRR (e.g., SRR goes from
0.5 to 1.0 dB). As long as the subject gives the good
answer, the test becomes more difficult.When the sub-
ject is not able to make the difference between the two
sounds, he/she is asked to answer the question using
an inferior SRR (e.g., SRR goes from 9 to 8 dB). The
test ends when a total of three wrong answers has been
given. In practice, the test starts using a SRR equal to
0.5 dB.

The goal of this procedure is to estimate the value of
SRR for which subjects are not able to make the differ-
ence between two orders of decomposition. Therefore,
final answers of the subject vary around a limit value of
the SRR (SRRlim). For this particular SRR, one can
assume that the two sounds are perceptively identical.
This test is derived from the Adaptive staircase tech-
nique proposed by Levitt [18] and studied by Kollmeier
et al. [19].

3.3 Results

Twenty six persons have run the test. Table 1 presents
the results (averaged SRRlim and the standard devia-
tion) as functions of the type of music played. We first



Figure 3: User interface used for listening tests.
Subjects are asked to find the Reference sound within

“Sound A” and “Sound B”.
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Figure 4: Example of the results of the listening test.

notice that the SRRlim depends on the type of piece
of music that is played. For instance, the SRRlim is
greater when percussive instruments are played than
when it is only an ensemble of violins. Therefore,
one can assume that, from a perceptual viewpoint, the
“best” stopping criterion is the greatest (SRRlim = 8
dB). Note also the large standard deviations when pieces
of music are slightly percussive (pieces 1 and 2, Table
1). The averaged SRRlim of this test is approximately
6 dB, that is, approximately the estimated SRR found
using room acoustical indices (Section 2.2.1).

4 Discussion

In [4] the cross-over time is found to be a function
of the source/receiver distance. Using values of SRR
found with the listening test (SRR = [5,6,8] dB), we
can compute relationships between cross-over times and

SRR (dB) Cross-over time and dSR

5 Tm = 0.0026× dSR + 0.026 (r = 0.82)
6 Tm = 0.0027× dSR + 0.017 (r = 0.90)
8 Tm = 0.0030× dSR (r = 0.99)

Table 2: Relationships between cross-over time and
source/receiver distance (dSR) for different SRRs in

Salle Pleyel. Note that r is the correlation coefficient of
the linear relationship.

SRR (dB) RIR–1 RIR–2 RIR–3
5 9 38 32
6 11 32 25
7 17 57 61
8 25 74 75

Table 3: Mean numbers of estimated arrivals within a
window of 24 ms at three given locations in Salle

Pleyel. Note that the number of arrivals is counted for
times earlier than the cross-over time. In bold font are
the numbers of arrivals that correspond to the mean
number predicted by Cremer and that agrees with
Polack’s proposition of the cross-over time [1, 11].

the source/receiver distances (Table 2). For SRR=8dB,
the system is almot immediatly diffuse, that is, the tran-
sition to late reverberation occurs just after the direct
sound has reached the receiver positions. The relation-
ship obtained with SRR=6 dB is close to the one ob-
tained in our previous work [4] (Fig. 5 and Table 2). It
is difficult to conclude to the best SRR, since this study
only concerns one concert hall and a few participants.
However, results are quite consistent together if one con-
siders the mean SRR estimated with listening tests and
the one found in Section 2.2.1.

As said above, the order of decomposition of MP
specifies the number of arrivals that one estimates
within one given RIR. Table 2 shows that the greater
the SRR, the larger the number of estimated arrivals
and the earlier the cross-over time, thus the more dif-
fuse the concert hall. We clearly see here the relation-
ship that exists between the perceptual estimations of
the SRR and the cross-over time.

One original aspect of using MP for estimating ar-
rivals is that we are now able to compare our estimation
of cross-over time to the formulation proposed by Polack
(9). Table 3 presents the relationship between SRR and
the mean number of estimated arrivals2 in a windows of
24 ms. The number of estimated arrivals is not in total
agreement with the one predicted by Cremer [1]. One
obvious reason for that is that measurements are always
carried out in particular configurations (balconies, ceil-
ing, seats, etc.). However, one may notice that in the
near field, the number of estimated arrivals agrees with
Polack’s proposition (5≤ SRR<8 dB (RIR–1), Table 3).

2Note that the number of arrivals is counted for times earlier
than the cross-over times.



Piece of music # Specifications SRRlim (dB) σ (%)
1 Grand orchestra / mainly violins / not percussive 5.0 34
2 Harp / percussive 8.0 17
3 Small orchestra / mainly violins / quite percussive 7.0 22

Table 1: Specifications of each piece of music used in the test. To each piece of music is associated the averaged limit
value of the SRR (SRRlim) and the standard deviation on the 26 subjects.
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Figure 5: Cross-over times (T ) estimated on 21 experimental RIRs using SRR [5,6,8]dB (with compensation of
energy decay). The abscissa is the source/receiver distance. Note that as SRR increases, cross-over times occur just

after the direct sound has reached the receiver position.

5 Conclusion

In this study, we use an algorithm based on maxima
of correlation for estimating arrivals within RIRs. We
show that the number of estimated arrivals, as well as
the cross-over time are some functions of one impor-
tant parameter of this algorithm. We investigate the
use of listening tests to determining the best perceptual
value of this criterion. We show that the mean value
estimated is close to the one proposed in our previous
work. Finally, we compare the number of arrivals esti-
mated using this approach to the heuristic formulation
of the cross-over time proposed by one of the authors
and show that our results are in agreement in the near
field. In a future work, we wish to carry out the same lis-
tening tests with a larger number of subjects and RIRs
from several other concert halls.
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dans les salles, Ph.D. thesis, Thèse de doctorat
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