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ABSTRACT
This paper  presents: a summary of features of the human
auditory system and aspects of SHL that support suspicion of an
adaptive sub-band binaural noise-cancellation process;
description of a diverse sub-band adaptive processing (DSBAP)
approach; experimental results indicating that DSBAP shows
promise as a method of  speech enhancement for hearing aids.

1. INTRODUCTION
A major cause of  sensorineural hearing loss (SHL) is the age
related cochlear degeneration, presbyacusis. European
Community demographics indicate that the over 60’s will
comprise 25% of the population by 2020 AD, and government
estimates predict that in the UK by 2025 the number of over-65s
will have grown from the present 9m to nearly 12m, and the
number of over-75s by nearly 40%.

A subject with SHL may retain the ability to communicate one-
to-one in a quiet low-reverberation environment and benefit from:
the considerable redundancy in speech; the presence of many
contextual cues; in the case of an elderly person, a lifetimes
auditory pattern recognition and language interpretation
experience; knowledge of the location of the speaker by visual or
other non-acoustic means; the ability to exploit “spectral
contrast” and to perform a degree of monaural lateralisation in
those with unilateral hearing deficiency; the likelihood that many
sufferers may be able to use binaural lateralisation through access
to low frequency signals.

In spite of the above, limited unilateral or bilateral cochlear
damage can seriously degrade the intelligibility of speech in a
complex acoustic environment containing noise and
reverberation. In 1978 Plomp [1] reported little success from
hearing aids in restoring this ability and it remains today a
frequent source of complaint and discomfort to the users of
hearing aids [2,3]. Given the current capabilities and pace of
development in microelectronics, the major problem is to find
successful processing schemes to enhance speech in everyday
conditions.

2. HUMAN HEARING
The processing functions from the outer ear to the auditory nerve
leaving the cochlea are accepted as: transduction, filtering,
amplification, non-linear compression, impedance matching and
the cochlear operation of spectral analysis. The processing
centres of the auditory brainstem receive from the cochlea a two-
channel set of time-domain signals in contiguous non-linearly

spaced frequency bands. Current interpretations of experimental
evidence [4,5,6,7] identify the separation of: left from right ear
signals, low from high frequency signals, timing from intensity
information; and their re-integration at various processing centres
and levels in the hierarchy.

Plomp [8] found the masked threshold of intelligibility to be
about 3dB lower for competing connected speech than for
continuous speech-noise. It appears that the windows in either
the desired or competing signal can be used to view and estimate
the other for interference reduction [9,10]. Experimental evidence
suggests that the auditory system is able to model a
communications channel [11]. Thus signal enhancement and
source location may be aided by estimation of the acoustic
transfer function path difference between the interference and the
desired signal.

2.1 Binaural Signal Processing
Binaural hearing is most obviously connected with the ability to
locate (lateralise) signals. Binaural information can also be used
to de-emphasise an undesired signal dependent on its binaural
correlation properties, as demonstrated by “binaural unmasking”
[12] which can lower the hearing threshold by 15dB or more [13,
14]. Moncur and Dirks [15] and Plomp [8] found binaural hearing
superior to monaural at maintaining the intelligibility of speech
in the presence of reverberation, continuous speech shaped noise,
or competing connected speech. This, supported by the results of
Carhart et al [13] emphasises the advantage of binaural noise-
cancellation over simple coherent addition of the signals at the
two ears.

Interaural correlation has been implicated in binaural
unmasking[7,16]. This  noise cancellation by contralateral
inhibition appears located in the auditory brainstem [5,6,17], and
there is evidence to suggest it may operate in frequency sub-
bands [7,17,18]. However Culling and Summerfield [19] found
that masking release was largely independent of the pattern of
interaural correlations across frequency, and did not support
masking release by source segregation (lateralisation) through
grouping frequency components with common interaural time
delay (ITD).

Since lateralisation is not necessary for effective binaural
masking release [13], how can correlation aid binaural
unmasking if not used for grouping by ITD ? One possibility is
that the sub-band signals are being grouped for selective
processing dependent on their degree of interaural correlation
rather than their ITD value. This suggests that the main
enhancement advantage of binaural hearing may be in the ability



to perform binaural unmasking, possibly as an adaptive noise
cancellation process operating in frequency sub-bands. Adaptive
noise cancellation (ANC) [20], is an operation at least
superficially analogous to binaural unmasking, and the LMS
algorithm offers a relatively simple and robust means of adaption
[21]. It is likely that the ability to exploit adaption, intermittency,
channel modelling, and lateral inhibition will be necessary
features.

3. MULTI-MICROPHONE SUB-BAND
ADAPTIVE PROCESSING

Speech enhancement combining multi-microphone methods with
intermittent adaptive processing and diversity of processing in
sub-bands (Fig.1) has been suggested by Toner and Campbell
[22].

It allows noise features within sub-bands, such as the noise
power, the correlation or coherence between signals from
multiple sensors, and the behaviour of the adaptive algorithm
(Fig. 2), to influence the subsequent processing during the “noisy
speech” period.  Close spacing of the sensors reduces the
required order (complexity) of the adaptive filter and thus the
sub-band computational load both for adaptive and intermittent
fixed processing. It also reduces the misadjustment noise when
using continuously adapting schemes. Sub-band operation gives
faster adaption through the freedom to use different adaptive
step-sizes in each band [23,24]. Separate decisions can be made
on the appropriate form of processing for each sub-band. The
inherent parallelism of the approach allows for future parallel
processor implementation.

4. EXPERIMENTS WITH DIVERSE SUB-
BAND ADAPTIVE PROCESSING (DSBAP)

Utilising the experience of previous experiments the form of sub-
band processing was selected depending on the cross-correlation
of the sub-band noise. Three ANC treatments were compared:
Conventional wideband (CLMS); Identical processing in all sub-
bands (USBAP); Sub-band processing chosen based on the inter-
channel correlation of the noise (DSBAP).

4.1 Simulated Environment

Initial testing of the method was by simulation of an echoic
environment. Noise signals were synthesised with a correlation
coefficient between L and R channels that varied with frequency
(Fig. 3), and added to clean monophonic speech signals.

The data was then processed by the three treatments. Typical
comparative results (Fig. 4) indicate that DSBAP has potential
for signal to noise ratio (SNR) improvement over the other
methods when noise correlation varies between channels within
sub-bands.
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Figure 1:  Diverse Sub-band adaptive processing

F IR

F ilte r

Σ

L M S

C r oss -

C or r e l.

S
O u tp u t

F ro m

V A D

S u b-b a n d
C h a n n el  1

S u b-b a n d
C h a n n el  2

Figure 2: Sub-band processor (SBP)
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Figure 3: Correlation vs Frequency, simulated room.



4.2 Real Environment
Realistic noise data was gathered in a room containing desks,
cabinets, computer system etc., using a pair of microphones.
Three microphone-to-microphone (MTM) spacings (0.05m,
0.15m and 0.5m) were used. Three noise-to-microphone (NTM)
distances and three azimuths (AZ) of the noise source with
respect to the microphones were applied (0 deg. i.e. equidistant
from the microphones, 45 deg., and 90 deg). The NTM distances
were representative of everyday conditions (0.5m, 1.0m and
3.0m). The noise data was combined with clean monophonic
speech and processed by the three treatments. Sixteen of  the
twenty-seven possible configurations for the independent
variables NTM, MTM and AZ were used to test the three
treatments at raw SNR’s ranging from  6.9dB to 11.7dB at the
microphone pair.

A Wilcoxon test revealed the raw (unprocessed) SNR’s and those
of the three treatments as significantly different at the 5% level.
Summary statistics of the SNR of the raw, CLMS, USBAP and
DSBAP data imply that DSBAP processes more configurations to
better effect. Correlation coefficients between the SNR’s of the
raw data and the three treatments across configurations (Fig 5)
indicate that the result of DSBAP tends to maintain the same
relationship with configuration as the raw data, and suggest that
the results of CLMS and USBAP may tend to be dominated by
selected aspects of  configuration.

Results for SNR improvement achieved by the DSBAP method
compared with the CLMS and USBAP methods for all
microphone and noise source configurations tested are shown in

Fig. 6. In the case of a high correlation in all sub-bands (MTM
small), low reverberation (NTM small) and the noise source
relatively closer to one microphone (AZ = 90deg) CLMS
performs better than USBAP or DSBAP as expected. Typically,
but not uniformly, DSBAP is better than USBAP which is better
than CLMS, a conclusion supported by informal listening tests.
Comparison of USBAP with DSBAP indicates that the latter is
degraded less by  reverberation through taking sub-band noise
correlation into account. Fig 6 also shows the general trend of
SNR improvement decreasing as NTM increases ( i.e. as direct-
to-reverberant ratio decreases) in agreement with Lu and
Clarkson using CLMS [25], with however DSBAP holding up
better with increasing NTM.

5. CONCLUSION
Binaural unmasking appears to be an important enhancement
process for noisy reverberant signals. Sub-band adaptive noise
cancellation offers a possibility of performing “binaural
unmasking” outwith the body, providing signals of improved
SNR to the better ear, a conventional aid or a cochlear implant
processor. In comparisons with the conventional wide-band ANC
approach, DSBAP has been shown capable of lower susceptibility
to the effects of reverberation, and to deliver SNR improvements
for the majority of the configurations reported here. Current work
is concentrating on defining the importance of adaptive filter
order, the number and distribution of sub-bands, metrics for
selecting between processing methods, and quantitative listening
tests using a standard speech corpus and assessment methods.
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Figure 6: %SNR improvement vs Configuration and Treatment


