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* In this research, we experimentally verify performance degradation Teo (s) direct-to-reverberant ratio (DRR)
of the SEC for reverberant environments, through various AIR Booth 12 0.27 RO27 Fig 3. The results of each model in the original clean test set (Clean) and the SImL:I|atEd test sets..
b 0 ditions WDR CR7 360 0.29 RO29 (a) shows performance related to the T60 and (b) shows performance related to the DRR in the chosen six rooms.
reverberation con . . , L o
. o S AIR Office 12 039 RO39 * Reverberation significantly degrades the SEC performance and degradation is
* Then we propose a performance enhancement technique, it utilizes mue MARDY - 73 0.55 RO5S , - ,
dabtive inf " hich i . | RIR AR ecture o 0cs ~068 intensified as T, increases.
room adaptive information, which is room impulse response . A del <t rent. but th 4 model <h
. . . e AIR Stai 78 0.77 RO77 * Aug model works to some extent, but the proposed model shows a
It is done by the feature-wise transformation conditioning method. el gm Y - ‘ prop o
QMuL Classroom 130 0.134 R134 statistically significant additional performance improvement, especially in the
Recorded - Corridor 1 0.20 Recordl
Test set - Boardroom 1 0.22 Record?2 room that has Iong T6O' . _ .
BAC KG ROU N D Tab 1. The specification of the simulated and recorded test sets. * The prOpOSEd method works for not Only in the various T6O environment but
also various DRR environment.
Room Impulse Response (RIR) Network Architecture | o
« Shows the complete acoustic path of source sound with room | Fig 2. The networ architecture o A Clean  Fig 4. The results of the fake conditioning
b . d he LTI diti 'M‘Input i Lu_..___ — o % | S R029 experiment’ that gives RIR of other room rather than
reverberation unader the conaition. ! ‘ %0 - . e Rro39  the same RIR with the input audio. It means that the
* Source audio is distorted more as reverberation time (T¢) Mel spectrogram l | l s ° "®>  pair of the input is mismatched intendedly.
increases and direct-to-reverberation ratio (DRR) decreases. Jr il Conw : convolution (333) fiter £ o i gpe : e
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* RIR can be easily acquired on the edge devices like Al speakers by size, (1,1) strides 5 ol
simple clapping or testing with sine swee ’ : =" sructire srucire T T e o o o
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Fig 1. The proposed method architecture Convs12—Conv512-Max m With the filter dimension o i . o . .
I,.,, 1 Embedding l 4,7,512) o . * |f we condition with the RIR that have similar Ty of the room, it still works.
OC o . Y Dcaiing Y biasing . . . .
Room Impulse Response Conditioning Flatten I > | However as the T¢y gap between the input audio and conditioning RIR
(RIR) Mel-spectrogram : 32 ms . 60
Same —— S Embediling fREEn ] l window length, 10 ms hop increases, the performance decreases. The proposed method tends to
room : Classificati Outpbut 3 k . . . . . .
mlnpu.t'a"u. d".io' block transformation e P block FOST2-FEOT2-FC90 | Jength, (64, 100) input size enhance performance with reverberation time-related information. (Fig 4)
. e * The proposed method works not only in the simulated en- vironments but
* The proposed method is a conditioning method that uses room Training Strategies <o in th | d " N . ts. (Tab2)
L . DL also in the real-world reverberant environments. (Ta
adaptive information of the target room, which is RIR. * Base : The baseline model without the RIR embedding blocks.
r - the RIR of the room (Trained using original train set)
x : the input source audio Rs(r) : the (scaling) embedding block of r e Deconv : Same with Base, but at the inference time, deconvolve
H(x) : the embedding block of x R, (1) : the (biasing) embedding block of r . . . .
b7 J ? the test audio with the RIR of random points in the same room. . . £ . o
y = G(H(x) % Rs(r)) + R, (1) + Aug : Trained using an augmented train set that convolved We experimentally verified the SEC's performance degradation in reverberant

environments through various reverb conditions (T, and DRR).

* We proposed the room adaptive conditioning methods which uses room
impulse response (RIR) of the target room.

 We showed the proposed method tends to enhance performance with

 The proposed method can be attached to the conventional deep reverberation time-related information, which implies that only with the
Iearning-based SEC models. 'Allen, Jont B., and David A. Berkley, 2017, 2https://github.com/ehabets/RIR-Generator approximate RIR of the target room, our method still has benefits.

o : non-linear activation /

* . element-wise multiplication

random virtual RIR generated by image method*-2.

* Cndt: Trained using an augmented train set and applied the
proposed RIR conditioning method. The exact virtual RIR that
convolved with the input audio is given as a RIR input pair

* We use two embedding blocks for scaling and biasing conditioning.
Then the output y is fed into the classification network.




