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Summary of session 5: “Binaural and spatial signal processing/computational 

auditory scene analysis” 

The session discussed latest developments in the area of binaural and spatial processing for 

noise reduction and speech enhancement in hearing devices, in particular hearing aids and 

cochlea implants. Perspectives ranged from practical problems of multichannel sound 

processing in current hearing devices to future possibilities of computational auditory scene 

analysis and using “big data” for learning and mastering complex acoustic scenes. 

V. Kühnel (Phonak) presented an overview of the different types of wireless body-area 

networks (BAN) that are currently available for hearing devices. Depending on the required 

data rate and limited by its power consumption, BANs with different complexity have already 

been implemented, ranging from systems for exchanging parameters at low data rates up to 

systems that allow transferring the full audio signal. Due to limitations in power consumption, 

relay devices are necessary to connect the BAN to mid-range networks such as Bluetooth. In 

summary, the technological basis for implementing advanced multichannel algorithms as well 

as wireless interconnectivity services has been established in the recent years. 

H. Puder (SAT) discussed the suitability of filterbanks for subband-processing of spatial 

information. A low-complexity high-resolution linear-phase filterbank seems to be suited best 

for this kind of processing. Surprisingly, analysis-synthesis systems based on the auditory 

Gammatone filterbank, which should be particularly useful for simulating auditory scene 

analysis, seem to distort inter-channel timing cues when combined with sub-band 

amplification/compression. This finding, however, needs further consideration and should be 

tested with established models of binaural processing. 

H. Löllmann (U Erlangen) discussed the possibilities of using independent component 

analysis (ICA) for binaural signal extraction. Many acoustic conditions in general meet the 

requirements for successfully applying ICA, and a benefit is expected that could already be 

demonstrated for special cases. What remains questionable is whether the ACA analysis can 

be adapted fast enough to accommodate rapidly changing acoustic environments. 

S. Doclo and D. Marquardt (U Oldenburg) presented an extension to the well-known 

multichannel Wiener filter that is able to preserve, in a binaural microphone setup, the spatial 

cues associated with the (directional) target signal and those of the interferer/background. It 

was shown that the amount of noise reduction is slightly lower than that of the standard 

approach, but that spatial cues are significantly better preserved, as shown by a binaural 

auditory perception model. It remains to be shown experimentally, whether this compromise 

between noise reduction and spatial acuity leads to better performance in terms of quality 

and acceptance. 

S. Fredelake (Advanced Bionics) presented an evaluation of a commercial binaural 

beamformer (Phonak) in a large group of CI users. Speech reception thresholds in noise 

were measured in several spatial acoustic conditions and different processing conditions. 

Processing conditions included combinations of directional microphones, single-channel-

noise reduction, bilateral and binaural beamformers. Significant improvements in SRT were 

found for the binaural beamformer in comparison to the bilateral processing alone. This 

shows the effectiveness of binaural processing, at least at the moderate-to-high SNRs at 

which CI users can operate. 



J. Barker (U Sheffield) presented an overview of the latest findings in computational auditory 

scene analysis. Results show that “perceptual streams are formed from interplay of innate 

'bottom-up' grouping rules and learnt sound source 'schemas'”. Based on the experimental 

results, one hypothesis of how perception of complex scenes could be improved in hearing-

impaired listeners would be to “simplify” the scene by enhancing the target- and interferer-

specific grouping cues (so called “glimpses”). This way, the brain’s classifier system would 

be enabled to better separate target and interferer. Concepts of how this could be 

implemented were introduced but it remains clear that “online low-latency multisource source 

separation and analysis presents a huge challenge“. 

E. Vincent (INRIA Nancy) presented his research on source separation using nonnegative 

matrix factorization (NMF) and discussed possibilities and challenges of applying these 

techniques to signal processing in hearing devices. He showed that, to achieve noise 

reduction and high signal quality in challenging acoustic conditions, room-dependent spatial 

models and speaker- or noise-dependent spectral models are required, which are not 

available to date for hearing-aid scenarios and which require large amounts of data. This 

data could be gathered by applying learning schemes during online sound exposure and by 

using “big-data” learning approaches. In any case, this approach requires large 

computational and memory resources during the learning phase. Furthermore, the 

applicability of the available learning algorithms remains to be shown. Challenges thus 

remain, “but some algorithms already run in real time on a smartphone today”. 

In summary, the session covered issues relevant for current devices as well as future 

perspectives. From what we heard from the speakers, it seems the field is somewhat mature. 

First devices using binaural technology have already been introduced successfully in 

commercial devices, both in hearing aids and cochlea implants. However, the complexity and 

variability of acoustic scenes encountered by the hearing impaired in daily life requires 

further efforts towards improving speech and audio processing in these scenes, including 

adaptive learning and modeling of the variability of scenes. Basic research towards this goal 

is ongoing and first promising results have been presented that point towards a better 

understanding and modeling of auditory scene analysis. 


