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Motivations and context
This PhD takes place within the ANR-DFG project AWESOME. The project involves researchers from 
Université de Lorraine/LORIA in Nancy (France), INRIA in Strasbourg (France) and Dept. of Medical 
Physics and Acoustics at the University of Oldenburg in Oldenburg (Germany). 

In  many  speech  communication  applications,  such  as  conferencing  systems  and  hearing  aids,  the 
microphones  capture  not  only  the  desired  talker  but  also  ambient  noise,  competing  talkers  and 
reverberation,  i.e.  acoustic  reflections  from  walls  and  other  objects.  To  improve  the  quality  and 
intelligibility of recorded speech, various model-based and deep-learning-based speech enhancement 
algorithms  have  been  proposed,  aiming  to  suppress  undesired  noise  and  reverberation  without 
distorting  the  desired  talker  [1],  [2].  In  general,  multi-microphone  algorithms  outperform  single-
microphone algorithms as they can exploit the spatial information of the sound field in addition to  
spectro-temporal information.

By considering multiple spatially distributed 
devices, more detailed information about the 
sound  field  can  be  acquired  and  the 
likelihood that some microphones are closer 
to the (desired and undesired) sound sources 
is increased. Nevertheless, unlike traditional 
microphone arrays, acoustic sensor networks 
can be highly dynamic in the sense that the 
number  and  position  of  the  devices  is  not 
known  and  may  even  vary  over  time.  To 
support  multi-microphone  speech  enhancement,  methods  to  estimate  acoustic  parameters  of  the 
environment such as reverberation time, room geometry and acoustic reflections can provide valuable 
information [3].
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Goals and Objectives
During this PhD we will explore how acoustic scene parameters can be integrated explicitly into the 
loss  function  of  the  speech  enhancement  algorithms.  This  approach  aims  to  improve  the  model's 
performance by providing additional guidance during the training process. One method is multi-task 
training, where the model is trained to perform multiple related tasks simultaneously. For example, the 
model can be trained to extract speech while also estimating acoustic parameters such as reverberation 
time or the positions of the microphone arrays [4].  The motivation here is  to incorporate acoustic  
knowledge  within  the  model  and  improve  its  robustness  to  different  acoustic  environments.  An 
alternative to multi-task learning is adversarial training [5], where the model is deliberately trained 
using  adversarially  altered  inputs  to  force  prediction  errors.  The  primary  motivation  behind  these 
approaches is to enable the model to disentangle the target speech from other scene parameters. By 
doing so, the model becomes more robust to changes in acoustic conditions such as changes in the  
positions of the microphone arrays.

Profile
• Excellent level in Python programming. PyTorch knowledge is an added value.
•  Training in Deep Learning and Signal Processing. Additional knowledge or interest for audio, 

acoustics, numerical methods or optimization are an added value.
• 2nd year master level (in computer science, signal processing, machine learning, acoustics or 

applied mathematics) with a strong interest for academic research
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