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1 Abstract

Acoustic feedback cancellation is a process to mitigate the acoustic coupling between
the speaker and microphone of a hearing aid. Adaptive filters are used in this process
and play a significant role by minimizing mean square error iteratively, which optimizes
the overall feedback cancellation performance. The state-of-the-art research focuses on
improving the convergence and steady-state of the adaptive filtering algorithms em-
ployed for feedback cancellation for time-varying feedback paths under various inputs
and noise conditions. A convex combination of adaptive filters based on a combined
proportionate least mean square approach has been proposed in this thesis. The pro-
posed algorithms have been analysed for mean and mean-square convergence, and sim-
ulation results have been compared with the existing combined least mean square based
approaches. The proposed feedback cancellation framework is found to achieve a per-
fect trade-off between the convergence and steady-state without degrading the overall
feedback cancellation performance. The proposed algorithm outperforms the recent
convex combination-based adaptive feedback cancellers as well.

In the past few decades, adaptive filtering algorithms have been used extensively for
addressing monophonic and stereophonic acoustic echo that usually occurs in hands-
free communication and audio conferencing. The biggest challenge in the present-day
acoustic echo cancellers is the demand for higher-order adaptive filters, which degrade
the overall convergence. State-of-the-art acoustic echo cancellation algorithms employ
sub-filters based frameworks and variable tap-length adaptive algorithms to address the
issue of slower convergence. The major issue with this framework is pseudo optimum
tap-lengths and the absence of comprehensive performance analysis of sub-filters based
variable tap-length frameworks in such scenarios. This thesis presents convergence
analysis for variable tap-length, undermodelled multiple sub-filters based monophonic
and stereophonic acoustic echo cancellers for various input signals under multiple noise
conditions. This analysis helps to set the critical parameters of variable tap-length al-
gorithms used for multiple sub-filters based acoustic echo cancellation to avoid the
implications of pseudo optimum filter length.

2  Objectives

The main goals of the thesis are as follows:
» To improve the convergence performance of the transversal digital filter by propos-
ing advanced adaptive filter-based intervention for feedback cancellation in digi-
tal hearing aids.

* To devise an improved adaptive feedback canceller with a better trade-off between
the convergence rate and steady-state using a convex combination of proportion-
ate adaptive algorithms.

* To analyse the effects of pseudo optimum tap-length for the state-of-the-art mul-
tiple sub-filters (MSF) based adaptive acoustic echo cancellers.

* To comprehensively evaluate the convergence performance of variable tap MSF
based stereophonic acoustic echo cancellation.



3 Existing gaps which were bridged

* The least mean square (LMS) based linear adaptive algorithms are commonly
used for acoustic feedback cancellation (AFC) in digital hearing aids, given the
simplicity and robustness (Kar et al., 2020). On the other hand, the LMS adaptive
filter’s primary limitation is slow convergence due to a compromised step-size se-
lection (Kar et al.l,2019). In recent times, the convex combination (Zhao et al.,
2019) (Arenas-Garcia et al., 2016) of LMS adaptive filters is found to depict
an improved trade-off between the convergence rate and steady-state while em-
ployed for AFC. However, there still exists a scope for improving the convergence
further without degrading the steady-state and overall feedback cancellation per-
formance for a time-varying feedback path under different noise conditions and
input signals.

* Adaptive MSF based algorithms have gained attention in recent times for their
potential applications in the process of acoustic echo cancellation (AEC) (Kar
and Chandra, 2015)). The most advanced combined-error MSF algorithm main-
tains a trade-off between the different-error and common-error sub-filters based
algorithms, and it is employed for echo cancellation applications that need faster
convergence. Variable tap-length adaptive filtering algorithms (Schiildt e al.l
2009) find the optimum filter length and are used for optimizing the order of
the sub-filters in MSF-based echo cancellers. In case of a long room impulse re-
sponse, the MSF-based variable tap-length algorithm achieves a pseudo-optimum
tap-length, rendering the overall design undermodelled (Kar, [2015). Therefore, it
becomes apparent to analyze the effects of the undermodelled adaptive filters for
the variable tap-length MSF (VT-MSF) based echo cancellers.

* In along room impulse response, stereophonic acoustic echo cancellation (SAEC)
is carried out with the help of more than one adaptive filter, each having hundreds
to thousands of filter coefficients (Kar and Swamy, 2017)). The large filter or-
der in SAEC degrades the convergence and increases the structural filter design
complexity. Multiple sub-filters (MSF) and variable tap-length algorithms are in-
dependently proposed for SAEC scenarios to address these issues (Messini and
Djendi, 2019). The MSF-based framework improves the convergence; on the
other hand, the variable tap-length algorithm optimizes the weight requirement
for adaptive filters. The effects of pseudo optimum filter order for VI-MSF based
SAEC needs to be analysed as it helps to set the critical parameters in the process
of dual-channel AEC.

4 Most important contributions

4.1 Convex combination of adaptive filters for feedback cancella-
tion
A new approach with the convex combination of two adaptive filters for feedback can-

cellation in digital hearing aids has been presented in this Section. The mixing parame-
ter controls the adaptation of the convex combination by selecting the appropriate step



size for the adaptive filter (Arenas-Garcia et al., 2016). The optimization of the mixing
parameter has been evaluated, and it improves the overall feedback cancellation and
thee by convergence performance in comparison to the algorithms presented in (Das
et al2017)(Anand et al. 2017).
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Figure 1: The proposed convex combination of two adaptive filters for AFC.

The proportionate adaptive filtering algorithms have been employed for the weight
update of the transversal filters used in the convex combination. The proposed AFC is
shown in Figure[I] where wy (n) and w; (n) are the two adaptive filters with equal step-
sizes (Song and Zhao, 2019) (Anand et al., [2018). The mean square deviation (MSD)
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Figure 2: MSD performance comparison for the proportionate adaptive algorithms for
the feedback cancellation with the white noise input signal (a) without convex
combination (b) with a convex combination.

is used as a figure-of merit for performance comparison of the proposed proportionate
normalised least mean square (PNLMS) and Improved PNLMS (IPNLMS) algorithms
for AFC. The comparison without combination have been presented in Figure 2[(a). It
can be observed that the PNLMS algorithms outperform the LMS and normalised least



mean square (NLMS) algorithms, and the IPNLMS algorithm outperforms the PNLMS
algorithm. This convex combination of PNLMS (CPNLMS) and convex combination
of IPNLMS (CIPNLMYS) for hearing aid systems has been evaluated with a white noise
input signal. The MSD performance for convex combination of LMS (CLMS) (Anand
et al., 2017), CNLMS, CPNLMS, and CIPNLMS algorithms have been presented in
Figure 2[b). However, the proposed convex combination of CPNLMS and CIPNLMS
feedback canceled algorithms outperform both above algorithms by achieving the high-
est MSD. Thus, it can be concluded that the MSD performance of the CPNLMS and
CIPNLMS feedback canceller is higher than the existing state-of-the-art algorithms
(Anand et al., 2017), at the cost of a slower convergence.
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Figure 3: ASG performance comparison for the proportionate adaptive algorithms for
the feedback cancellation with the white noise input signal (a) without convex
combination (b) with a convex combination.

Figure [3shows the added stable gain (ASG) performance comparison results for
a with and without combination of adaptive filters excited with the white noise input
signal. The ASG characteristics of proportionate algorithms present improvements
throughout all iterations, as illustrated in Figure [3(a). The convex combination of the
proposed AFC model achieves better ASG performance over the existing algorithms,
as shown in Figure [3(b). It can see that the proposed AFC algorithm outperforms the
existing CLMS (Anand et al., 2017) and CNLMS algorithms.

4.2 Effects of undermodelling in MSF based acoustic echo cancel-
lation

The effects of deficient-tap-length (Messini and Djendi, 2019)adaptive sub-filters in
the VI-MSF-based combined-error (VI-MSF-COEA) monophonic echo canceller have
been investigated in this Section. The performance of the undermodelled design is stud-
ied by evaluating the different-error and the common-error signals and analyzing them
for the mean and mean-square convergence. For an improved understanding of the con-
vergence rate under the constraints of pseudo-optimum filter length, the mean-square
stability analysis of undermodelled VI-MSF-COEA is also presented. Moreover, the
steady-state performance evaluation of the undermodelled VI-MSF-COEA presents a
thorough understanding of the statistical behavior of the undermodelled MSF in the
AEC scenario.
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Figure 4: Comparison of MSE at different noise conditions for VI-MSF-COEA, SLF
and undermodelled MSF design (a) at SNR=25 dB (Low Noise). (b) at
SNR=5 dB (High Noise)

Figureddepicts the variation of mean square error (MSE) concerning the total num-
ber of iterations for single long filter (SLF) and the most advanced MSF-based echo
cancellers and its undermodelled variant due to the pseudo optimum tap-length occur-
ring at 500. It can be seen that the undermodelled algorithm converges faster, at about
200 iterations, due to the lower number of coefficients. However, in low, moderate as
well as high-noise conditions, the steady-state is reached at a compromised value of
SNR, as evident in Figure [[(a) and Figure @(b). Moreover, it can be clearly observed
that VI-MSF-COEA maintains a perfect trade-off between the convergence rate and the
steady-state MSE.
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Figure 5: Comparison of MSE at different noise conditions for VI-MSF-COEA, SLF
and MSF designs with more than optimum tap-length (a) at SNR=25 dB (Low
Noise). (b) at SNR=5dB (High Noise)

In Figure [5(a) and Figure [5[b), the MSE comparison of VI-MSF-COEA and SLF
is shown at different SNR values for the tap-length set at a value higher than the opti-
mum filter length, i.e., 750. It can be observed from the both figures that the variable



tap-length algorithm, at the optimum filter length, has better convergence speed and
maintains a perfect MSE for low, moderate, and high SNR values. On the other hand,
SLF performs equally well for the steady-state MSE but at the cost of a slower conver-

gence speed.

4.3 Convergence analysis of adaptive filter for undermodelled stereo-
phonic acoustic echo cancellation

The VT-MSF-SAEC mean and mean-square convergence behavior for independent
white Gaussian input data under deficient-length adaptive filter conditions have been
presented in this Section (Kar and Swamy, 2017) (Messini and Djendi, 2019). The
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Figure 7: Performance characteristics comparision for proposed VT- MSF- based

SAEC model for white Gaussian input signal (a) MSE. (b) ERLE.

convergence and the MSE of the VI-MSF-SAEC algorithm and final error-based VT-
MSF-SAEC (FE-MSF-SAEC) algorithm on the stereophonic channels have been per-
formed (Djendi and Bounif, 2012). These analyses are done based on the assumption



that the current input signal and the present coefficients of the adaptive filter are sta-
tistically independent. The undermodelled VI-MSF-SAEC algorithm mean and mean-
square convergence update equations are analyzed mathematically.

The MSE performance comparison for the proposed undermodelled VI-MSF-SAEC
adaptive algorithm for strongly correlated Gaussian input (Djendi and Bounif, 2012)) is
shown in Figure [6[a). The proposed adaptive algorithms converge faster than existing
algorithms. The echo return loss enhancement (ERLE) characteristics of the proposed
undermodelled VT-MSF-SAEC adaptive algorithm are illustrated in Figure [6{b). The
proposed algorithm’s ERLE performance is improved than the other counter parts. The
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Figure 8: Performance characteristics comparision for proposed VT- MSF- based
SAEC model for weakly correlated white Gaussian input signal (a) MSE.
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Figure 9: ERLE characteristics comparison for proposed VT- MSF- based SAEC model
for speech input signal at (a) SNR=30dB. (b) SNR=40dB.

MSE and ERLE characteristics of the undermodelled VI-MSF-SAEC and FE-MSF-
SAEC algorithms have been presented in Figure [6(a) and Figure [6(b), respectively.
From Figure [0 It can be observed that the proposed adaptive algorithm improves the
steady-state MSE performance for fewer iterations as compared with the other algo-
rithms. The MSE and ERLE characteristics for white noise and weakly correlated input



signals (Djendi and Bounif}, 2012) have been presented in Figure [/|and Figure 8|respec-
tively. The FE-MSF-SAEC algorithm performs better compared with the other existing
algorithms. The ERLE performance characteristics for speech signal input have been
presented in Figure[Qjunder different SNR conditions. It clearly shows that the FE-MSF-
SAEC algorithm depicts better ERLE performance over the other existing algorithms.

5 Conclusions

In this thesis, advanced adaptive filter based interventions have been proposed for fast
converging acoustic feedback cancellation. The proposed convex combination of pro-
portionate adaptive filters not only brings a perfect trade off between convergence and
steady state performance but also depicts improved overall performance in comparison
to the state-of-the-art feedback cancellation algorithms. A detailed mathematical anal-
ysis along with the simulation results have been presented in supporting of proposed
proportionate adaptive algorithms.

An undermodelled adaptive filter degrades the overall acoustic echo cancellation
performance in a system identification framework. In this thesis, the effect of under-
modelled adaptive filter to pseudo optimum filter length in a variable tap length algo-
rithm have been thoroughly analysed. The analysis have been extended to the most
recent VI-MSF based acoustic echo cancellers. The effect of pseudo fractional tap-
lengths for both monophonic and stereophonic sub-filters based different error, common
error,combined error and final error have been presented and analysed respectively. The
mean and mean square convergence analysis, stability and tracking analysis of the un-
demodelled AEC and SAEC helps to fix the key parameters which in return improves
the overall echo cancellation.

6 Organization of the thesis

* Chapter 1: Introduction.
e Chapter 2: Literature Survey.

* Chapter 3: Feedback cancellation in digital hearing aids using proportionate
adaptive algorithms.

» Chapter 4: Performance evaluation of an undermodelled monophonic acoustic
echo canceller.

» Chapter 5: Effects of pseudo optimum tap-length on a stereophonic acoustic echo
canceller.

* Chapter 6: Conclusion and future Scope.

¢ References.
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