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Abstract—Early-to-late energy ratios (ELER) are used to
quantify speech intelligibility and music clarity in acoustic spaces
from measurements of omnidirectional room impulse responses
(RIR). Nowadays, the capture of directional RIRs is possible
with spherical microphone arrays and the spherical Fourier
transform. These tools are thus motivating the enhancement
of omnidirectional metrics and the search for new metrics to
quantify directional features of sound. This research explores a
directional metric of intelligibility and clarity based on ELERs
of directional RIRs. The early-to-late transition times are chosen
according to the content: 50 ms for speech and 80 ms for music.
The proposed metrics can therefore be interpreted as directional
versions of the standard clarity indexes of speech (C50) and
music (C80). Directional RIRs were captured at many seats in
a large auditorium using a first-order ambisonics microphone.
Supporting acoustic simulations of a cuboid room with a second-
order ambisonics microphone were also used. Directional ELERs
were calculated in the octave bands within the operation range
of the microphones. Three directional ELER patterns were
identified: an omnidirectional pattern, a dipole pointing forward
and backward, and a beam pointing towards the source.

Index Terms—Room impulse response, clarity, early-to-late
energy ratio, spherical Fourier transform, ambisonics.

I. INTRODUCTION

Quantifying speech intelligibility and music clarity is crit-
ical in architectural acoustics to take decisions on material
acoustic qualities and sound source positioning. Room impulse
responses (RIRs) [1] are a key tool to objectively quantify
intelligibility and clarity. Traditionally, RIRs characterize the
room response to sound transmission from an omnidirectional
sound source to an omnidirectional receiver. The temporal
structure of omnidirectional RIRs distinguishes direct waves
from the source followed by early and late reflections from
the walls, floor, and ceiling. The early-to-late transition times
are commonly set by the source material: 50 ms for speech
and 80 ms for music [2]. With these transition times, early-to-
late energy ratios (ELER) of omnidirectional RIRs are used
as objective metrics of intelligibility and clarity. Subjectively,
the early part is regarded as the useful component whereas
the late part as the detrimental component; the term useful-
to-detrimental ratio is also used when referring to ELERs [3].
Preferred values of ELERs are between −5 and 5 dB [2], [4]
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whereas their just noticeable differences (JND), are between
1 and 3 dB [5], [6].

Nowadays, there is a growing interest in quantifying the
directional features of intelligibility and clarity to discriminate
among the different directions in which sounds may reach
a listener. The perception of late reflections from specific
angles was highlighted by Lachenmayr [7] when evaluating
sound envelopment in concert halls. Romblom [8] also found
directional changes in reverberant diffuse fields that provide
cues for spatial impression. Recently, Alary [9] suggested that
accurate sound reproduction should account for directional
properties of late reverberation. The directional dependence
of early and late reflections is also important to investigate
intelligibility of speech in the context of spatial release from
masking [10] where maskers from several directions interfere
with a target speech. Other authors as Van Wijngaarden [11]
proposed the inclusion of binaural hearing effects in a new
model for the improvement of the monoaural speech trans-
mission index prediction. Although binaural cues are crucial
to discriminate among targets and maskers, reverberant spaces
produce reflections from multiple directions that reduce this
discrimination capacity [12]. In reverberant conditions, early
or useful components can be regarded as targets, whereas late
or detrimental components, as maskers.

To investigate the directional dependence of intelligibility
and clarity in reverberant spaces, directional RIRs can be
measured with microphone arrays [13], [14] or calculated
with 3D models and numerical methods [15], [16]. In re-
cent years, spherical microphone arrays (SMA) have made
possible the analysis of reverberant sound fields and the
estimation of directions of arrival (DOA) in concert halls [17].
Amengual [18] compared the accuracy of DOA using the
spatial decomposition method and the sound intensity vector
method considering early and late reverberation. Dick [19],
on the other hand, investigated the relationship between the
perception of the listener envelopment and DOA with different
transition times. It was found that SMAs yield better metrics
than omnidirectional or dipole microphones, suggesting that a
better understanding of actual metrics and the definition of new
metrics might emerge from directional analyses with SMAs.

In this paper, we explore a directional metric of intelligibil-
ity and clarity based on ELERs of directional RIRs captured

mailto:acampos@perception3d.com
mailto:saka@ais.riec.tohoku.ac.jp
mailto:salvador@perception3d.com


TABLE I
OBJECTIVE METRICS OF SPEECH INTELLIGIBILITY AND MUSIC CLARITY CALCULATED FROM AN OMNIDIRECTIONAL RIR, h(t).

Source material Name Metric

Speech Definition [20] D50 =
∫ 50ms
0ms h(t)2dt∫∞
0ms h(t)

2dt
.

Speech U50 [21] U50 = 10 log
∫ 50ms
0ms h(t)2dt∫∞

50ms h(t)
2dt+η

Speech Speech clarity [22] C50 = 10 log
∫ 50ms
0ms h(t)2dt∫∞
50ms h(t)

2dt
.

Speech Articulation loss of consonants [23] ALcons =
(

200D2T2

V
+ a
)
%

Speech Speech transmission index [24], [25] STI =
∑7
k=1 αk ∗MTIk

Music Music clarity [26] C80 = 10 log
∫ 80 ms
0 h2(t)dt∫∞
80 ms h

2(t)dt
.

Music Center time [27], [28] TS =
∫∞
0ms t∗h(t)

2dt∫∞
0ms h(t)

2dt
.

with SMAs. We first review existing omnidirectional metrics
and then we select the ones based on ELERs that are suitable
for being extended to their directional versions. The remainder
of this paper is structured as follows. Section II reviews metrics
extracted from omnidirectional RIRs. Section III presents the
main proposal defining directional ELERs. Section IV details
two case studies of directional ELERs: A) The simulation of
a cuboid room, and B) The assessment of a large auditorium.
Finally, section V states the conclusions.

II. METRICS FROM OMNIDIRECTIONAL RIRS

Table I overviews objective metrics of speech intelligibility
and music clarity obtained from omnidirectional RIRs. By
h(t), we denote an omnidirectional RIR along time t.

Thiele [20] developed a room acoustical criterion for speech
intelligibility referred to as definition (D50); it is defined as
the early-to-total energy ratio of h. An extension to D50 that
includes the noise floor η is U50 [21], which is defined in a
logarithmic scale.

The metric C50 also assess the influence of room acoustics
in speech intelligibility [22]. In contrast to D50 and U50, it
is defined as an ELER of h. An alternative to C50 is the
percentage of articulation loss of consonants (ALCONS) [23].
However, in addition to h to estimate the reverberation time
(T ), ALCONS requires geometric knowledge such as the critical
distance (D) and the volume (V ) of the room.

The speech transmission index (STI) is another metric of
speech intelligibility [24]. It uses the modulation transfer index
(MTI) to measure the change of the modulation in the signal
over time, between the source and the listener, considering
the reverberation time and the signal-to-noise ratio (SNR).
STI considers a weighting factor αk for each octave band
indexed by k. Schroeder [25] proposed an alternative method
to calculate STI from an impulse response, the so called
indirect method.

Regarding metrics for music clarity, Reichardt [26] con-
ducted subjective experiments to define C80 as an ELER of
h. An alternative to C80 is the center time (TS) proposed by
Kürer [27], [28]. However, since TS is defined as the centre
of gravity of the room impulse response, a parameter strongly
linked to the decay time, TS is more correlated to reverberance
rather than to intelligibility [3].

Among the energy ratios in Table I, C50 and C80 are well
defined as ELERs; they are also linearly related to the subjec-
tive response in terms of useful-to-detrimental ratios [21]. This
paper proposes the evaluation of these metrics on directional
RIRs. Because the standard definitions of C50 and C80 only
consider omnidirectional RIRs [2], the term directional ELER
is used in this paper to avoid confusions.

III. DIRECTIONAL ELER

The directional features of sound have an important role in
the decisions taken by acousticians to decide on the treatment
of surfaces and the positioning of sources in acoustic spaces.
Omnidirectional metrics provide general information that help
with the use of materials but lacks to identify a desire position
for those component. On the other hand, directional RIRs wit
the use of ELERs can provide not only useful information
on positioning but can indicate the directions where early
reflections dominates among the late components, providing
then practical guidance for clarity or intelligibility.

Figure 1 overviews the proposed assessment of directional
ELERs. A SMA with a sparse number of microphones
mounted on an acoustically rigid spherical baffle is used as
a directional receiver to capture directional RIRs in the space
under test. The spherical Fourier transform (SFT) [29] analyses
the directional RIRs with the sparse grid where microphones
are placed. A scattering removal filter operates in the SFT
domain to compensate for the effects of having a rigid baffle,



providing a free-field representation on the surface of the
spherical baffle [29]. The inverse spherical Fourier transform
(ISFT) synthesizes RIRs for the directions Ω in the dense grid,
yielding a dense set of directional RIRs g(Ω, t).

Spherical microphone
array

Source

Array
signals

Signal 

generator

Calculation of room impulse response

Sparse 
grid
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grid

Calculation of early-to late ratios

Sparse room impulse response

Auditorium

Spherical Fourier transform

Scattering removal filtering

Inverse spherical Fourier transform

Directional patterns of 

early-to-late-energy ratios

g : Dense room impulse response

g' : Pre-processed 
      dense room impulse response

Fig. 1. Assessment of directional ELERs with a spherical microphone array.

A pre-processing stage takes g(Ω, t) as input to yield
g′(Ω, t). This stage is independently applied along each di-
rection Ω. Pre-processing comprises the steps below.

• Spatial anti-aliasing low-pass filtering. The low-pass
filter cutoff frequency is

fmax =
cN

2πr
, (1)

where c is the speed of sound in air, N is the order of
the SFT, and r is the radius of the spherical array.

• Normalization. Along time, in each direction.
• Onset-time truncation. An amplitude threshold of −30

dB defines the onset time before which all samples are
discarded.

• Octave-band filter bank. Each RIR is analyzed with
octave-band filters, the center frequencies of which are
the ones recommended by IEC [30].

• Noise floor removal. In each IEC frequency band, the
noise floor is estimated from the last RIR samples and
subsequently the noise floor power is subtracted from the
same RIR.

Finally, a directional ELER is defined as

ELERτ (Ω) =

∫ τ
0
g′(Ω, t)2dt∫∞

τ
g′(Ω, t)2dt

, (2)

where τ denotes the early-to-late transition time. A transition
time τ = 50 ms is recommended for speech, defining ELER50,
whereas τ = 80 ms is recommended for music, defining
ELER80. When ELERs are displayed in the logarithmic scale
of decibels (dB), 0 dB indicates that the energies of the early
and late components are equal. Positive values of ELER indi-
cate that the early component is dominant, whereas negative
values indicate that the late component is dominant.

IV. CASE STUDIES

We discuss two case studies: A) Simulations of ELERs in
a cuboid room using an omnidirectional source and a rigid
spherical array of 12 microphones (N = 2), and B) Assess-
ment of ELERs in a large auditorium with a dipole source and
a first-order ambisonic (FOA) microphone (N = 1).

A. Simulation of a cuboid room

A cuboid room was used first to numerically test the ELER
values and their directional patterns. Using the Cox aspect
ratios [31], [32] for smooth distribution of modes in a room,
the following dimensions were chosen: 4.62 m wide (along x),
3.84 m long (along y), and 3 m high (along z). The algorithm
in [33] was used to calculate RIRs for an omnidirectional
sound source and a spherical array of 12 microphones mounted
on a rigid spherical baffle of radius 8.5 cm. Diffuse-field
equalization was also applied to the calculated RIRs using 12
additional sources surrounding the SMA with the algorithm
in [33]. According to (1), the maximum frequency for the
SMA radius 8.5 cm is fmax = 1285 Hz. Figure 2 shows the
top-view geometry of two cases: a source in the front of the
array and a source in a rear corner.

(a) (b)

Fig. 2. Top-view of the cuboid rooms containing an omnidirectional source
(black point) and a spherical array with 12 microphones near the center of
the room. (a) Source at front. (b) Source at rear corner.

The algorithm in [33] is based on the image source method
and includes high-order reflections from the walls, floor, and
ceiling. All surfaces had a constant reflection coefficient β.
For each geometry in Fig. 2, two reverberant conditions were
tested: β = 0.2 and β = 0.5.

Figure 3 shows directional ELER patterns in a horizontal
plane for the reverberant condition β = 0.2. Panels (a) and
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Fig. 3. Directional ELER patterns for the cuboid room. Reflection coefficient
β = 0.2. (a) ELER50, source at front. (b) ELER50, source at rear corner. (c)
ELER80, source at front. (d) ELER80, source at rear corner.

(b) show ELER50 patterns with values ranging from −1 dB to
22 dB. In all IEC frequency bands, ELER50 patterns present
positive values with higher values pointing towards the source;
this indicates that the early components are more dominant in
the side of the source. The 250 Hz band presents the lower
values, whereas the 500 Hz and 1000 Hz bands expand the
contribution of early energy to all the directions. In panel (b),
the 1000 Hz band expands the contribution of early energy
to the lateral directions making these lobes more prominent;
ELER50 patterns in this case tend to have higher values due
to oblique reflections near the source position at the corner.
Panels (c) and (d) show ELER80 patterns with values ranging
from 11.5 dB to 33.5 dB. The energy of the early components
is higher due to the larger transition time of 80 ms and,
therefore, ELER80 yield larger values than ELER50. In all
IEC frequency bands, ELER80 patterns also have a lobe in
the direction of the source. The 250 Hz band exposes higher
values towards the source than those in the opposite direction.
The ELER80 patterns for the 250 Hz band forms a cardiod-
shaped pattern, whereas the 500 Hz and 1000 Hz bands expand
the patterns into the lateral directions.

Table II shows dynamic ranges of ELERs for β = 0.2 shown
in Fig 3. The 250 Hz band yields the lowest dynamic range
along directions for ELER50. A tendency exist for the 1000 Hz
band showing the highest dynamic range for almost all cases
in both ELER50 and ELER80.

Figure 4 shows directional ELER patterns in a horizontal
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Fig. 4. Directional ELER patterns for the cuboid room. Reflection coefficient
β = 0.5. (a) ELER50, source at front. (b) ELER50, source at rear corner. (c)
ELER80, source at front. (d) ELER80, source at rear corner.

TABLE II
DYNAMIC RANGE OF ELER FOR β = 0.2

ELER Frequency band Source at front Source at rear corner

ELER50
250 Hz 3.15 dB 6.52 dB
500 Hz 6.80 dB 7.23 dB
1000 Hz 9.86 dB 8.02 dB

ELER80
250 Hz 7.79 dB 8.23 dB
500 Hz 6.74 dB 9.35 dB
1000 Hz 10.42 dB 8.13 dB

TABLE III
DYNAMIC RANGE OF ELER FOR β = 0.5

ELER Frequency band Source at front Source at rear corner

ELER50
250 Hz 4.03 dB 9.65 dB
500 Hz 5.26 dB 8.77 dB
1000 Hz 7.34 dB 5.78 dB

ELER80
250 Hz 4.75 dB 3.78 dB
500 Hz 5.95 dB 8.15 dB
1000 Hz 5.71 dB 6.23 dB

plane for the reverberant condition β = 0.5. This condition
yields lower ELER values than the case β = 0.2 because the
diffuse late reflections are more prominent. Panels (a) and (b)
show ELER50 patterns with values ranging from −12 dB to
7.5 dB. In all IEC frequency bands, ELER50 patterns present
a lobe with higher values pointing towards the source position
that increase with increasing frequency; this indicates that the
diffuse components are less dominant in the side of the source.
In panel (a), the 500 Hz and 1000 Hz bands expand the



contribution of early energy to all the directions with slightly
highers values of ELER50 coming from the right wall. In
panel (b), the 250 Hz band yields a cardioid-shaped ELER50

pattern. The 500 Hz band expand the contribution of early
energy from the lateral directions relative to the source at
the corner. Panels (c) and (d) show ELER80 patterns with
values ranging from 2 dB to 11 dB. The energy of the early
components is higher due to the larger transition time of 80
ms and, hence, ELER80 yields larger values than ELER50. In
panel (c) ELER80 patterns expand into different directions;
the 250 Hz and 500 Hz bands show a clear cardioid-shaped
pattern towards the source and the right wall. In contrast, in
panel (d), all patterns are more directive towards the source.

Table III shows dynamic ranges of ELERs for β = 0.5
shown in Fig 4. The 250 Hz band yields the lowest dynamic
range along directions only for ELER50 when the source is
at front. When the source is at the rear corner, the ELER50

dynamic range decreases when the frequency increases. In
contrast to table II, the 1000 Hz band does not always posses
the highest dynamic range.

When comparing panels (a) and (b) in Fig. 3 and Fig. 4,
ELER50 shows similar patterns oriented towards the source.
However, there are different ranges of ELER50 values in the
two reverberant conditions; ELER50 values are higher in β =
0.2 than in β = 0.5 due to detrimental contributions of late
components. The ELER80 patterns, are different in the two
reverberant conditions.

B. Measurements in a large auditorium

Directional RIRs were captured at many seats in a large
auditorium (volume 90000 m3, reverberation time 5 s) using an
FOA microphone and the SFT algorithms [29]. The auditorium
did not have lateral walls. Considering a small sphere of radius
2.5 cm fully containing the four concentric microphones of
the FOA array, the maximum frequency according to (1) is
fmax = 2183 Hz. However, ELERs have only been calculated
in the octave bands of 250 Hz, 500 Hz, and 1000 Hz.

The source position was the stage scenario pointing towards
the front (audience) and the back (concave hard wall). Two
full range JBL model SRX815P loudspeakers were used as the
sound sources, each with 2000 Watts peak of power rating. For
the low frequency range a JBL sub woofer model SRX818SP
with 1000 Watts peak of power rating was used.

Figure 5 overviews the assesment of directional ELERs
using the FOA microphone. The signal generator emitted a
logarithmic sweep tone of 11.5 s duration, reproduced over a
dipole loudspeaker system in the stage. The FOA microphone
(Sennheiser AMBEO) and the audio interface (Zoom F8) were
used to capture the RIRs at the three receiver positions shown
in Fig. 6, Fig. 7, and Fig. 9. The Zoom F8 built-in FOA
encoder (SFT for cardioid microphones) was used to produce
the FOA encoded RIRs. Subsequently, the SFT was used to
extract RIRs for a dense number of directions in the horizontal
and median planes of the FOA microphone. Pre-processing
and calculation of ELERs from dense RIRs was performed
according to Sec. III. Due to the highly reverberant conditions,
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Fig. 5. Assessment of ELERs with a first-order ambisonic microphone.

most of ELER50 and ELER80 yielded negative values because
the diffused field produced late reflections that were more
dominant than the late reflections.

Figure 8 shows ELER patterns in the horizontal plane of
receivers. Panels (a), (b), and (c) show ELER50 patterns with
values ranging from −44 dB to 0 dB. Panels (d), (e), and
(f) show ELER80 patterns with values ranging from −20 dB
to 1.5 dB. In panel (a), ELER50 at 250 Hz shows that the
late components are less dominant in the direction of the
source because the values are less negative; a small lobe in
the opposite side of the source appears due to the presence
of a rear wall, whose early reflections reduces the effect of
the overall late reflections. In panels (b) and (c), ELER50 at
500 Hz becomes more directive in the direction of the source
in the stage. In panels (a), (b), and (c), ELER50 patterns at
1000 Hz, in contrast, tend to be omnidirectional. In panel (d),
ELER80 values in all bands tend to be a dipole pattern. In
panels (e) and (f) ELER80 values tend to be more directive
towards the source.

Figure 10 shows ELER patterns in the median plane of
receivers with the same scales used in Fig. 10. Panels (a), (b),
and (c) show ELER50. Panels (d), (e), and (f) show ELER80

patterns. In panel (a), ELER50 at 250 Hz shows that the late
components are less dominant in the direction of the source;
a small lobe in the opposite side of the source appears due to
dominant early reflections. In panels (b) and (c), ELER50 at
500 Hz becomes more directive in the direction of the source
in the stage. In panels (a), (b), and (c), ELER50 patterns at
1000 Hz, in contrast, tend to be omnidirectional. In panel (d),
ELER80 values in all bands tend to be a dipole pattern. In
panels (e) and (f) ELER80 values tend to be more directive



towards the source.
In all cases, when moving away from the source, ELER50

and ELER80 patterns at 500 Hz present a more dominant
diffuse component. When contrasting the assessment in the
auditorium with the cuboid room, it can be observed that the
FOA microphone was not as selective as the second-order
SMA. Despite this, in Fig. 10, panels (a) and (b), the 250 Hz
band shows that the FOA microphone could manage to capture
a reflection from the floor. As in the top view, the 500 Hz band
shows an improvement in the way the useful energy is related
to the source direction.

(a)

(b)

(c)

Fig. 6. Panoramic view from receivers. (a) Receiver 1. (b) Receiver 2. (c)
Receiver 3.



Fig. 7. Schematic top view of the auditorium. The blue dots indicate the receiver positions. The red dot indicate the source position.
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Fig. 8. Directional ELER patterns in a horizontal plane. (a) ELER50 at receiver 1. (b) ELER50 at receiver 2. (c) ELER50 at receiver 3. (d) ELER80 at
receiver 1. (e) ELER80 at receiver 2. (f) ELER80 at receiver 3.



Fig. 9. Schematic lateral view of the auditorium. The blue dots indicate the receiver positions. The red dot indicate the source position.
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V. CONCLUSION

The importance of directional ELERs has been addressed in
this paper. The current omnidirectional metrics of intelligibility
C50 and C80 were extended to their directional versions. When
comparing with these omnidirectional metrics, we found that
ELER50 and ELER80 are also highly dependent on the receiver
position since each position in the room is affected by specific
reflections.

Directional ELERs were assessed in two situations: a cuboid
room and a large auditorium. Directional patterns were iden-
tified in both cases. The results highlighted two directional
ELER patterns that might correlate with subjective speech
intelligibility and music clarity: an omnidirectional pattern and
a beam pointing towards the source in the stage. A third
pattern with a beam towards the source and a tail with a
small pattern in the back was also found in areas where strong
reflections from the back wall are present. Further discussion
for the correct association of each pattern to the enhancement
or detriment of intelligibility and clarity is needed.

Extensions to this work might consider binaural room im-
pulse responses [34] and the paradigm of spatial release from
masking to include a target direction Ωtarget in the numerator
of (2) and a masker direction Ωmasker in the denominator.
This approach would allow to examine speech intelligibility
in terms of energy ratios of a useful target from a specific di-
rection and detrimental diffuse maskers from other directions.
Furthermore, the inclusion of directional sources simulating
the pattern of musical instruments can be also consider as a
future line of investigation. Perceptual evaluations by means
of detectability of differences, and localization tests along
angles, could also provide more insight into the validity of
the suggested approach.
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