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The performance of deep neural network (DNN) based monaural speech * The attenuation of sound: f = % * The number of layers: 6 (4 hidden layers).
separation methods Is limited in reverberant and noisy room + The propagation time: 7 = fs g * The number of units: 1024.
environments. Therefore, we propose a new DNN training target which The di . I. C | * The activation function of hidden unit: rectified linear unit (ReLLU) function.
Incorporates geometric information describing the target speaker and e direct path Impulse response: f  Dropout rate:0.2.
microphone to improve the performance in reverberant and noisy room hy(t) = B6(t — 1) = Cos(—)5(t — _Sd) Evaluations with synthetic RIRs
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Speech Teleconferencing Robotic Hearing aid 2 7 =8 | e = m H o o P b b b L
recognition DRM(t’ f) — ( 5 SD (t, f) ) zj J ﬂ | zj ‘ ﬂ ﬂ Zj J ﬂ DRM = o0 e 7 > o0
SD (t, f ) _I_ NZ (t’ f ) 0.3 Olf"r(zt))g; 0.9 0.3 0;“0(0)7 0.9 0.3 0;ng((:)7 0.9
Related methods » Sz(t, f) denotes the energy of the_direct path speech_at time t a_nd | |
o _ _ _ _ _ frequency frame f, and N“ (¢, f) is the energy of noise. And 7 is the * Interms of PESQ and STOI, the proposed DRM outperforms the ideal ratio mask (IRM) at
 Statistical signal processing and computational auditory scene analysis tunable parameter to scale the mask all RT60s
E)CASA) ba?ed methli)d; I[\Illll o acod methods (9113 + Advantage: the proposed DRM requires less accuracy in the
eep neural network (DNN) based methods [2][3]. separation of noisy reverberant speech mixture, because the DRM Evaluations with real RIRS
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Challenges | | | .+ The direct path impulse response based speech is estimated as: B I R e e Fee Fone f o Fone | oo f o
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* The new training target that can better reflect the relation between the ’ RT60 (9 RT60 RT6D 9 | Rv | 217 | 243 | 109 | om | 180 | 214
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» The reverberant speech mixture can be modelled as: . [ prmeton [ P ] o | - |
y(t) = s(t) * h(t) S L ST S S B  The direct to reverberant ratio (DDR) has positive effect on separation performance.
« The impulse response can be divided into the direct path and reflections | estng Data |——  Featwe DRM | Speech | * The proposed method can separate the target speech from the noisy reverberant mixture in
ag: R— l g both simulated and real room environments, effectively.
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The block diagram of the propose reverberant and noisy speech separation system

without any reflections.

- The geometric information provides the distance and bearing between  We exploited the geometric information to provide the position of the target speaker and

the speech source and the microphone, which helps to estimate direct EXpe I'l mentS microphone to _estlmate the direct path impulse response. . .
vath impulse response Setti » Based on the direct path speech, we calculated the DRM that iIs a new training target. The
| ettngs experimental results confirmed the DRM outperforms the state-of-the-art IRM based method.
Reflections * Speech database: IEEE corpus. | | « More effort will be dedicated to improve the proposed method for moving sources.
* Noise database: NOISEX (Factory noise and Babble noise).
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Monaural speech separation setup within a reverberant room environment



