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Motivation 

•  We wish to accurately estimate T60 and DRR blindly from 
noisy reverberant speech to help improve speech enhancement 
and speech recognition

•  The impact of noise and reverberation is significant on speech 
processing

•  Environmental noise is typically inconsistently modeled
•  Multi-channel devices are now commonplace

•  Gaubitch et al. 2012 study showed that a wider study of noise 
impacts on T60 estimators was merited
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Aim 
•  Develop a novel corpus of realistic multi-channel noisy 

reverberant speech for the acoustic characterization of 
environments (ACE)

•  Run an international research challenge with colleagues in the 
field - the ACE Challenge - to
–  Determine the state-of-the-art in T60 and DRR estimation in noise in 

full-band and ISO frequency bands, single and multi-channel
–  Stimulate research in blind acoustic parameter estimation, both 

during the challenge and afterwards
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Content 
•  ACE corpus
•  ACE Challenge tasks, datasets and process
•  ACE Challenge results
•  Conclusion
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ACE corpus 
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ACE corpus 
•  Components

–  Anechoic speech
–  Measured acoustic impulse responses (AIRs)
–  Noise recorded under the same conditions as the AIRs
–  T60 and DRR measurements
–  Room dimensions and source/microphone positions
–  Software tools for generating datasets

•  Noisy reverberant speech is created by convolving the speech 
with AIRs and then adding the noise associated with that AIR
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Anechoic speech recordings 
•  Speech recorded at TU Delft 

anechoic chamber
•  4 male talkers (Development)

–  Describe the place where you live?
–  How do you get to work?

•  5 male, 5 female (Evaluation)
–  Favourite colour?
–  Which town/city do you live in?
–  Describe the place where you live
–  How do you get to work?
–  Count from zero to nine
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Corpus AIR and noise capture 
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Corpus impulse response and 
noise capture 
•  7 rooms in Imperial College London

–  2 offices, 2 meeting rooms, 2 lecture rooms, and building lobby
•  2 source-microphone configurations per room

–  Near, far
•  50 channels of audio (noise and AIRs) per source-microphone 

configuration
–  2-channel laptop array (Chromebook pixel)
–  3-channel mobile array (DPA4060)
–  5-channel cruciform array (DPA4060)
–  8-channel linear array (DPA4060)
–  32-channel spherical array (Eigenmike)

•  Noises: Ambient, fan, babble
•  4-7 “babblers” depending on room size
•  AIRs captured using exponential sine sweep method (Farina et al. 

2000)
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Ground truth calculations 
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•  EDC

–  where h is the measured impulse response at discrete time, n
EDC(n) = h2 (τ )dτ

n

∞

∫ ,

DRR =10 log10

h2 (
n=nd−n0

nd+n0

∑ n)

h2 (
n=0

n=nd−n0

∑ n)+ h2 (
n=nd+n0

n=∞

∑ n)

•  T60  then calculated using non-linear fit method of Karjalainen 
et al. 2002

•  DRR

–  where direct path arrives at sample time nd and n0=2.5ms

•  All calculations per room, per microphone configuration, per 
channel, fullband (FB) and in ISO frequency bands (SB)



Ground truth values 
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Noisy reverberant speech 

Laptop
Office 1 – Long
Fan noise - 10 dB SNR

Laptop
Building Lobby – Short
Babble noise – 0 dB SNR
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ACE Challenge tasks, datasets and 
process 
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ACE Challenge tasks 
•  Participants may submit results for one or more blind 

estimation tasks for one or more algorithms

•  T60 in fullband
•  T60 in 1/3rd octave (ISO) frequency bands
•  DRR in fullband
•  DRR in 1/3rd octave (ISO) frequency bands

•  All tasks can be performed in either single or multi-channel
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ACE challenge process 
•  Organizers produce Development and Evaluation datasets

–  Development set includes ground truth
–  Evaluation set is fully blind

•  Participants use the Development dataset to train their 
algorithms

•  Participants run their algorithms on the Evaluation dataset and 
submit their results

•  Organizers return results and ground truth values
•  Participants write up their work in a conference paper
•  Participants present their results in a workshop
•  Results are published in the proceedings
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Timeline 
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Phase 0 
Oct 2012 Conception at IWAENC 2012
May 2014 Announcement at ICASSP 2014 Florence
Jul-Nov 2015 recordings

Phase 1 
Jan 2015 Development dataset released
Mar 2015 Evaluation dataset released
Apr 2015 Phase 1 results submissions received

Phase 2 Jun 2015 Phase 2 results submissions received
Jul 2015 Paper submissions received

Phase 3 July 2015 Acceptance notified
Oct 2015 Satellite workshop at WASPAA 2015



Development dataset 
•  288 files

–  4 male talkers
–  2 utterances
–  3 SNRs: 0 dB, 10 dB, and 20 dB
–  3 noises: Ambient, fan and babble
–  2 rooms each with 2 source-microphone configurations (near, far)

•  6 microphone arrays
–  1, 2, 3, 5, 8, and 32 channel
–  Single channel based on channel 1 of 8-channel array

•  T60 and DRR ground truth provided per channel, in fullband 
and in 1/3rd octave frequency bands
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Evaluation dataset 
•  4500 files

–  10 talkers: 5 male and 5 female
–  5 utterances
–  3 SNRs: -1 dB, 12 dB, and 18 dB
–  3 noises: Ambient, fan and babble
–  5 rooms each with 2 source-microphone positions (near, far)

•  6 microphone arrays
–  1, 2, 3, 5, 8, and 32 channel
–  Single channel based on channel 1 of 5-channel array

•  Fully blind
–  Files numbered in random permutation per microphone array
–  Ground truth not provided
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ACE Challenge results 

19 



Global participation 

20 

Single, T60, DRR FB*

Single, T60, DRR FB
Mobile, T60, DRR FB
Cruciform, , T60, DRR FB
Chromebook, T60, DRR FB

Single, T60 FB

Spherical, DRR FB

Single, T60, DRR FB

Single, T60 FB
Chromebook, DRR FB & SB*

Single, T60, DRR FB
Chromebook, T60, DRR FB
Mobile, T60, DRR FB
Cruciform, T60, DRR FB
Linear, T60, DRR FB
Spherical, T60, DRR FB

Single, T60 FB & SB

Mobile, DRR FB

*FB – Full band
 SB – Sub-band in ISO preferred frequency bands



Classes of algorithm submitted – 
T60 
•  Analytical

–  Maximum Likelihood
•  Single feature mapping

–  Blur Kernel
–  Speech-Reverberation-Modulation-Ratio (SRMR)
–  Spectral decay distributions (SDD)
–  Analysis of free decay regions

•  Machine learning
–  Speech recognition features
–  2D Gabor (auditory inspired)

•  Several joint approaches simultaneously estimating T60 and DRR
•  Mainly fullband submissions – 1 submission in frequency bands
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Results:T60, Babble, 18dB SNR 
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Results:T60, Babble, 12dB SNR 
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Results:T60, Babble, -1dB SNR 
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Results:T60, Babble, 18dB SNR 
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Classes of algorithm submitted - 
DRR 

•  Analytical
–  Beamforming

•  Single feature mapping
–  Speech-Reverberation-Modulation-Ratio (SRMR)
–  Analysis of free decay regions

•  Machine learning
–  Speech recognition features
–  2D Gabor (auditory inspired)

•  Mainly fullband - 2 teams made subband submissions
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Results: DRR, Babble, 18dB SNR 
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Results: DRR, Babble, 12dB SNR 

28 



Results: DRR, Babble, -1dB SNR 

29 



Results: DRR, Babble, 18dB SNR 
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Top 3 summary results by category 
•  T60 full-band in babble noise
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Smallest mean-squared error Smallest absolute bias

1 Octave Fullband MLRTE (FAU/RWTH Aachen) SDDSA-G (Imperial College London)

2 QA_Reverb (UFRJ) SRMR-4-40 (MuSAE Lab)

3 SDDSA-G (Imperial College London) Blur Kernel with Sliding Window (Microsoft)

Smallest mean-squared error Smallest absolute bias

1 PSD estimation in beamspace bias comp. 
(University  of Auckland/NTT)

PSD estimation in beamspace bias comp. (University 
of Auckland/NTT)

2 NIRAv1 (NUANCE) NIRAv1 (NUANCE)

3 NIRAv3 (NUANCE) NIRAv3 (NUANCE)

•  DRR full-band in babble noise



Results 
•  Noise causes significant bias in both tasks
•  T60 results are more consistent than DRR showing that this is a 

more mature field
•  Large MSE suggests that many DRR estimators may not yet 

give useful results, with the best method within 3 dB IQR
•  Few frequency dependent entries – an emerging field
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ACE Challenge Proceedings 
•  Coming soon:

–  Proceedings arXiv:1510.00383
–  ACE corpus on 

http://ace-challenge.org
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Conclusion 
•  Outcomes

–  Research stimulated
–  State-of-the art determined
–  Corpus of multi-channel noisy reverberant speech freely available 

shortly
•  Corpus applicable to T60 and DRR estimation, but also 

applicable to speech enhancement and speech recognition 
tasks such as de-reverberation

•  Excellent cooperation from all researchers involved – many 
thanks for your participation!
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Thank-you! 
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