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Motivation
= Listening-room compensation (LRC) / room impulse response
shaping is capable to increase speech intelligibility
= LRC algorithms may introduce distortions
= Small in Amplitude but clearly perceivable
= Commonly accepted objective quality measures not available
= This contribution analyses objective quality measures for LRC

Quality Assessment

= Subjects / humans
assess quality based on
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Subjective Listening Tests

= Room reverberation time:
{500, 1000} ms

= Room size:6mx4 mx26m

= Loudspeaker-microphone
distance: 0.8 m e

= EQ lengths: 1024, 2048, 4096,
8192 at sampling rate of 8 kHz

= 19 audio samples (male and
female) of 8 sec

= 24 normal-hearing listeners

= Assessment of four attributes:
reverberant, colored/distorted,
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Listening-Room Compensation

= An equalizer precedes the acoustic channel
= Common design method: Least-squares equalizer:

ceq = HTd
= Knowledge of channel h is needed! s

acoustic environment —
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e EQ[k]

Q/r

var { H(200..3700Hz)} = 14.365
var {Ceq(200..3700Hz) - H(200..3700H2)} = 1.0379

= The desired system d is approximated by the overall system of Hcgg

= For reducing the problem of late echoes the impulse response
should better be shaped than equalized to flat transfer function

= This can be done by a exponential decreasing window.
eEQ = W(HCEQ — d)
ceq = (WH)Twd

Room reverberation time: 400ms, EQ filter length: 4096 Samples Room reverberation time: 400ms, EQ filter length: 4096 Samples
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= The goal of impulse response shaping is not spectral flatness of
the overall system but a redistribution of the energy to a specified
temporal envelope (desired area d ;).

dd = diag{wd}HcEQ
d, = dlag{l = Wd}HCEQ

= Maximization of the energy of d,; while keeping the energy of d,,
constant leads to impulse response shaper.
Bep - cEQ,opt = A - CEQ,0pt - Amax
A= HHdiag {WBP,d}2 H

: 2
Bgp = Hfpdiag {WBP,d} Hgp

= Problem: spectral peaks may occur in overall transfer function!
= Post processing by a linear prediction filter can reduce the spectral

overshoots olk]
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Channel-based Objective Quality Measures for LRC

= Several measures can be found in the literature to evaluate

dereverberation algorithms:

Channel-based measures

Acronym Measure Acronym Measure

[ Definition (50 ms) CT Center Time

Dgo Definition(80ms) DRR Direct to Reverberation Ratio

Cgo Clarity Index (80ms) SFM Spectral Flatness Measure

Cso Clarity Index (50ms) VAR Spectral Variance
08—
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= Channel-based measures evaluate energy ratios of early and late part
of impulse response or spectral flatness of transfer function

Signal-based Objective Quality Measures for LRC

Signal-based measures . Signal-based
Acronym Measure : : : measures partly
SSRR Ségmental Signal to .Reverbleratlon Ratio incorporate
SRRE Signal to Revelrberanon Ratio Enhancement models of human
FWSSRR [ Frequency Weighted SSRR auditory systems:
WSS Weighted Spectral Slope
OMCR Objective Measure of Colouration in Reverberation Audio signal
IS, CEP Itakura-Saito-Distance, Cepstral Distance Bas"a”"e;::;'::g
LAR, LLR [Log Area Ratio, Log Likelihood Ratio Halfwave
LSD Log Spectral Distortion g ety %
X ) Low-pass filter

BSD Bark Spectral Distortion I

q . Absolute =
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PSM Perceptual Similarity Measure Adaption H el
PSM; Perceptual Similarity Measure (time) "I
APSM PSM enhancement Modulation- u
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PESQ Perceptual Evaluation of Speech Quality Internal
SRMR Speech to Reverberation Modulation Energy Ratio EPCEIE
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= Good ratings for WLS EQ and shaping approaches
= LS-EQ shows lower performance than IR shaping even for high filter

lengths
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= |IR-based measures show high correlation® ‘Winner’: C50

= Measures based on transfer functions show lower correlation ©
= Distortions in time-domain are perceptually prominent

= Low correlation of all measures with dimension coloration/distortion ©
= Measures for coloration assessment assess pure coloration only

= A measures show low correlation ©

= Simple signal-based measures like SSRR show low correlation ©

= Signal-based measures based on human speech perception better @
= At least speech production models (like for LSD) should be used

= ‘Winner’ PSM incorporates model of human auditory system @

Conclusions

= Performance of various objective quality measures for LRC was
analysed:

= LS-EQ shows lower performance than IR shaping even for high filter
lengths; distortions in time-domain perceptually disturbing

= Channel-based measures show high correlation with subjective data
= C50 and D50 show high correlation

= Coloration is difficult to assess due to perceptually relevant distortions
= Late echoes and pre-echoes

= |f channel is not available (e.g. for reverberation suppression)
objective measures relying on auditory models should be used
= Perceptual Similarity Measure (PSM) shows highest correlation to

our test data
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