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Abstract

Hands-free communication devices are commonly used
e.g. in offices or car environments. These devices have to
cope with several problems such as ambient noise, acou-
stic echoes and room reverberation. Reverberation is cau-
sed by reflections at room boundaries in enclosed spaces
and increases with the spatial distance between the loud-
speaker and the near-end user. A high amount of rever-
beration decreases speech intelligibility at the position
of the near-end listener. Approaches for listening-room
compensation (LRC) can be used to reduce the influence
of reverberation on acoustic signals by equalization of the
acoustic channel. However, such algorithms may also ha-
ve negative impact on the perception of the sound quality
of the dereverberated signal if they are not designed pro-
perly. In this contribution, objective measures that are
expected to be able to assess quality of LRC algorithms
are identified since a commonly accepted objective mea-
sure is not yet available.

Listening Room Compensation

The equalization of acoustic channels is topic of research
for some decades now [1]. Figure 1 shows a common setup
for LRC with the equalization filter cEQ preceding the
room impulse respose (RIR) h.
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Figure 1: General setup for listening-room compensation.

To reduce the reverberation that is introduced by the
RIR h the equalizer cEQ tries to minimize the Euclidean
distance between the concatenated system of cEQ convol-
ved with h and the desired target system d [2]. The mini-
mization of the mean squared error signal E{||eEQ||

2} =
E{||HcEQ − d||2} leads to the least-squares equalizer [2]

cEQ = H
+
d. (1)

Here, H+ is the Moore-Penrose pseudoinverse of the con-
volution matrix H built up by the RIR coefficiens. A
weighting of the error vector eEQ as used in [3] leads the
weighed least squares equalizer that was also used in this
contribution. Another concept used here for LRC is RIR
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shaping as introduced in [4] which is based on solving a
generalized eigenvalue problem.

Quality Assessment

The objective quality assessment for the dereverberated
signals generated by the LRC approaches described above
was done by using different objective measures that were
classified in (i) measures that are based on the impulse
response of the equalized systems v[k] = h[k] ∗ cEQ[k] or
of the transfer function of the system V [n] = H[n]CEQ[n]
(system-based measures) and (ii) measures that are ba-
sed on signals only. Six different measures belong to the
class of system-based measures. The Definition calcula-
tes a ratio between the first 50ms (80ms) after the main
peak and the overall energy of the equalized system. The
Clarity [5] is the logarithmic ratio of 50ms (80ms) af-
ter the main peak to the rest of the impulse response.
The Direct-to-Reverberation-Ratio (DRR) describes the
logarithmic ratio between the main peak and the rest
of the impulse response [5]. The variance (VAR) [1] of
the logarithmic transfer function V [n] and the so-called
Spectral Flatness Measure (SFM) [6] evaluate the equa-
lization performance in frequency domain.
For some dereverberation approaches, e.g. blind rever-
beration suppression [7], impulse responses are not ac-
cessible, thus, only signal based measures can be used
for quality assessment. The simplest signal-based mea-
sures are the Segmental Signal-to-Reverberation Ratio

(SSRR) [8] that compares the reference signal and si-
gnal under test block by block in time-domain and the
Frequency-Weighted SSRR (FWSSRR) [9] that is simi-
larly computed in the frequency-domain. Furthermore,
measures based on the LPC models such as the Log-Area

Ratio (LAR) [10], the Log-Likelihood Ratio (LLR) [9],
the Itakura-Saito Distance (IS) [9], and the Cepstral Di-

stance (CD) [9] can be used. Recently, quality measures
have been proposed based on the human auditory system.
We tested the Bark Spectral Distortion measure (BSD)
[11], the Reverberation Decay Tail (RDT) measure [12]
and the Objective Measure for Coloration in Reverberati-

on (OMCR) [13]. Additionally, we analyzed the Speech-

to-Reverberation Modulation Energy Ratio (SRMR) [14]
that, by the way, was the only non-intrusive measure.
Moreover, we used the Perceptual Evaluation of Speech

Quality (PESQ) measure [9, 15] and the Perceptual Si-

milarity Measure (PSM) from PEMO-Q [16] that were
developed for objective quality assessment in the field of
audio coding.
A more elaborate description and a correlation analy-
sis with the subjective data that was carried out can be
found in [17]. The tested signals, impulse responses and



transfer functions of the systems used for this correlation
analysis are available at [18].

Results

Figure 2 shows the equalized impulse responses and
transfer functions obtained by the three LRC approa-
ches.
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Figure 2: Different LRC approaches: (a) least-squares equa-
lizer in time domain; (b) transfer function of (a); (c) weighted
least-squares equalizer in time domain; (d) transfer function
of (c); (e) room shaping [4] in time domain; (f) transfer func-
tion of (e); Reverberation time of RIR was τ60 = 0.5s, EQ
filter length was 4096 samples, v[k] denotes equalized impulse
response.

The least-squares algorithm (1) achieves a flat spectrum
but leads to mathematically small but perceptually an-
noying late echoes even for large filter lengths that can
be seen around sample k = 4000 in Figure 2 a). The
analysis of the subjective data yields to the conclusion
that the distortions in time-domain caused by the LRC
algorithms are perceptually much more annoying than
the distortions in frequency-domain [17]. Thus, the least-
squares algorithm shows a poor overall performance in
comparison to the shaping approaches in terms of per-
ceived quality.
Furthermore, as shown in [17] in more detail, quality
measures based on impulse responses (with the excep-
tion of the DRR) measure were highly correlated with
the subjective data for the tested attributes reverberant,
distant and overall quality. No objective measure showed
a high correlation with the subjective ratings for the at-
tribute colored/distorted. The frequency-domain system-
based measures VAR and SFM showed low correlation
since they failed in judgement of the specific distortions
introduced by the algorithms [17].
Only the Perceptual Similarity Measure (PSM and
PSMt) showed a high correlation with the subjective data
from the class of signal-based measures. PSM and PSMt
use an auditory model and compare internal representati-
ons that are assumed to be found in the human auditory
system. These internal representations are correlated in

a certain scheme considering the weighting of the loud-
ness levels. The authors believe that the application of an
auditory model is necessary to obtain objective quality
measures that show high correlation to subjective quality
assessment.

Conclusion

Various objective quality measures were briefly described
that can be used for the evaluation of LRC algorithms.
The correlations between objective and subjective da-
ta show that the measures based on impulse responses
(like Definition or Central Time) showed high correlati-
on to subjective quality assessment. Most of the signal-
based measures failed to assess the quality of the derever-
berated signals. Only the Perceptual Similarity Measure

(PSM) showed high correlation to subjective data.
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