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Introduction

In hands-free communication scenarios the signal of the
desired speaker is corrupted by interferences, such as re-
verberation and ambient noise. The goal of this study
is to find objective quality measures, that can predict
the perceived speech quality after appliance of short-
term spectral attenuation (STSA) algorithms for sup-
pression of reverberation and ambient noise. Subjective
listening tests were conducted to determine the effects
of signal-to-noise ratio (SNR) and reverberation time on
the perceived speech quality. As test material unproces-
sed and processed output-signals of an STSA-algorithm
were used. For the same test signals, several signal-based
and psychoacoustically motivated measures were calcula-
ted. The results of the subjective test and the objective
measures were then compared by correlation analysis in
order to find a measure which can give a robust predic-
tion of speech quality.

Acoustic Scenario and Algorithm

The desired speech signal s[k] is convolved with the room
impulse response (RIR) h[k] and corrupted by ambient
noise n[k], when picked up by the microphone of a hands-
free system as visualized in Figure 1.
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Figure 1: Hands-free communication scenario.

STSA-based signal enhancement is commonly used to
suppress the interferences reverberation and ambient noi-
se. As weighting function the optimally modified log spec-
tral amplitude (OM-LSA) estimation [1] is applied in this
contribution. The estimation of the power spectral den-
sity (PSD) of the late reverberation is attained using the
generalized statistical reverberation model [2], and the
noise PSD is estimated via the speech presence probabi-
lity (SPP) based approach according to [3].

Subjective Evaluation

In subjective listening tests, 24 test signals were presen-
ted diotically to 20 normal-hearing listeners via head-
phones (Sennheiser HD650). After a mandatory training
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period the four speech quality attributes degree of rever-
beration, annoyance of noise, quality of the desired signal
and owverall quality were rated on a continuous 5-point
mean opinion score (MOS) scale, according to [4].

The 24 test signals were generated by convolving clean
speech material with RIRs and adding ambient noise.
As speech material a German sentence from the Olden-
burg Sentence Test (OLSA) was used as well as two
English sentences, that have been recorded in an an-
echoic chamber. The applied RIRs had reverberation ti-
mes of Tgo = {0.3,0.7,1.3, 3.3} seconds. The first two we-
re measured in real conference rooms, and the last two
were generated using the mirror-image-method [5]. As
noise the Oldenburg Noise, a speech-shaped noise from
the OLSA, was applied. It was designed with SNRs of
{0,5,10, 15,20} dB. Eight input signals and sixteen out-
put signals, representing the full scale of reverberation
and noise, were assessed. Due to space limitations only
results for the processed output samples will be presented
in this paper.

Objective Evaluation

Several objective quality measures, listed in Table 1, are
computed for the same test signals.

Table 1: Objective quality measures.

Abbr. Name

SSIR Segmental Signal to Interference Ratio
(6]

FWSSIR | Frequency Weighted SSIR 7]

WSS Weighted Spectral Slope [7]

OMCR Objective Measure of Colouration in
Reverberation [8]

dis Ttakura-Saito-Measure [7]

dcep Cepstral Distance (9]

drar Log Area Ratio [9]

drir Log Likelihood Ratio [7]

LSD Log Spectral Distortion [2]

BSD Bark Spectral Distortion [10]

Rpr Reverberation Decay Tail Measure [11]

PSM Perceptual Similarity Measure [12]

PSM; Perceptual Similarity Measure, 5-%-
percentile [12]

PESQ Perceptual Evaluation of Speech Quality
[7]

SRMR Speech  to Reverberation Modulation
Energy Ratio [13]
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The results of the subjective listening tests and the
measures are checked for linear dependency using a
correlation-analysis. Since a so-called blind dereverbera-
tion algorithm is applied, that does not rely on know-
ledge about the RIR between anechoic source and mi-
crophone, no impulse response is accessible. Therefore,
only signal-based measures can be computed. Some of
these measures, like the PSM, also apply psychoacousti-
cal criteria, such as an auditory filterbank. Note that all
measures (excluding the SRMR) are intrusive measures,
which means they require a reference signal. As reference
signal the anechoic speech signal s[k] was used.

Results

The results of the subjective evaluation showed a con-
siderable suppression of reverberation, and a significant
suppression of ambient noise. Nevertheless, no improve-
ment in overall speech quality could be detected, since
the signal degradation introduced by the algorithm was
too severe. The quality of the desired signal was clearly
the main criteria for the rating of the overall quality.

The correlations of the subjective and the objective eva-
luation are presented in Table 2. Since the evaluation of
the algorithm performance is of primary concern here,
only correlations for the output signals are shown.

Table 2: Correlations |p| between objective measures and the
four speech quality attributes for output signals. (Maxima are
indicated in bold red letters.)

Measures | Reverberation Noise Desired Signal Overall
SSIR 0.139 0.229 0.233 0.215
FWSSIR 0.405 |l 0.828]ll 0.806|ll 0.836
WSS 0.235|1 0.616|l 0.562 0.563
OMCR 0.181 0.416 0.331 0.207
dis 0.393 0.334 0.216 0.355
degp 0.335]lf 0.628|ll 0.674|ll 0.730
diar 0.078 0.167 0.336 0.290
dur I 0616l 0.816]l 0760l 0.886
LSD 0.505 Il 0.832|ll 0.747|ll 0.848
BSD Il 0.789 0.554 0.595 |l 0.772
Rpr Il 0.772 0.271 0.238 0.392
PSM 0.365|l 0.763ll 0.764|ll 0.827
PSM, 0.104 0.139 0.130 0.199
PESQ Il 0.758|ll 0.760}ll 0.724|l 0.898
SRMR Il 0.770 0.358 0.361|1 0.598

The results of the objective evaluation showed considera-
bly lower correlations for the degree of reverberation rela-
tive to the other speech attributes. Results furthermore
show, that an analysis in frequency bands, imitating the
auditory filter bands, is a very beneficial factor for a ro-
bust prediction of speech quality. This can be seen especi-
ally in the high correlations for the PSM and PESQ mea-
sures, which are based on auditory models. Generally, a
computation in the frequency-domain yields significantly
higher correlations than time-domain-based measures, as
can be seen in the correlation difference A|p| between the
SSIR and its frequency-weighted counterpart FWSSIR,
which ranges from Alp| = 0.23 to A|p| = 0.8. Further-
more, high correlations could be achieved for measures
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based on speech models, such as the Log Likelihood Ra-
tio dLLR-

Conclusions

The goal of this study was to find objective technical qua-
lity measures, able to predict the perceived speech quality
for signals processed by STSA speech enhancement algo-
rithms for noise and reverberation suppression. General-
ly, measures that are computed in the frequency-domain,
seem to yield better results in predicting the perceived
speech quality than those computed in the time-domain.
It is found that the best suited measures for a robust
prediction are based on auditory (e.g., PSM, PESQ) or
speech models (e.g., dLir).
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