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Introduction

• Listening to music is challenging for most cochlear implant (CI) listeners.

• Music processing can reduce polyphony (spectral complexity) and im-

prove music appreciation.

• Most existing music processing algorithms cannot be easily implemented

in current CIs (high computational complexity and latency).

• We propose a computationally efficient music processing algorithm

that is based on a simple auditory adaptation model. The algorithm at-

tenuates slowly varying signal components such as sustained accompa-

niments and retains important sounds like vocals and drums.

Auditory Adaptation Model (AAM)

Analog model [1, 2]
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Equivalent discrete-time model
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dvC(t)

dt
=

1

τ
(vout(t)− vC(t))

with τ = RC.

vout(t) =
vin(t)

vC(t)

vC[n] = vout[n− 1] + (1− b) · vC[n− 1]

with b = ∆t/τ , ∆t: sampling period

vout[n] =
1

b
·

vin[n]

vC[n− 1]

Effect of adaptation model
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 = 0.5 s Asymptote

• Enhancement of onsets

• Square-root compression

of steady-state components
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Proposed Music Processing Algorithm
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• LP: low-pass filter for temporal smoothing of magnitude spectrum.

• AAM enhances onsets, min operators + parameters s, e limit overshoots.

• Expansion stage controls output dynamics (d: exponent).

• Remix stage adds attenuated input signal to processed signal (G: gain).

Experimental Setup

Signal processing parameters:

• Sampling frequency: fs =
1
∆t = 22.05 kHz

• DFT length: N = 512, Hann window, 75% overlap

Parameter optimization:

• Parameter ranges: τi/sec. ∈ [0.005, 0.2], s ∈ [0.9, 3], d ∈ [1, 4], e ∈ [0.5, 3]

• Optimization criterion: ModA measure [3] (quantifies the modulation

strength by calculating the area under the modulation spectrum)

Data set:

• DSD100 multi-track data set (vocals, bass, drums, accompaniment)

Baseline algorithm:

• Iterative Harmonic-Percussive Sound Separation (HPSS) [4] & remix [5]

• Estimates sustained (“harmonic”) & transient (“percussive”) sound com-

ponents and attenuates sustained components.

• fs = 22.05 kHz, DFT length: N = 4096, Hann window, 75% overlap

Listening experiment:

• 10 postlingually deafened CI listeners (5 female, 5 male)

• Mean age: 65.1 ± 14.53 years (range: 40 to 86 years)

• 16 music excerpts (not used during optimization)

• 2AFC tests: Proposed algorithm (G = −9 dB)

– vs. unprocessed input signal

– vs. HPSS remix (harmonic attenuated by -9 dB w.r.t. percussive)

• Signed-rank significance tests with Bonferroni-Holm correction.

Results

Example spectrograms:
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• Proposed algorithm increases spectro-temporal contrast and yields

distinct vocals and drums.

Listening experiment:

Proposed vs.

Unprocessed

Proposed vs.

HPSS remix
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Song-wise scores

Linear fit

• Significant preference over unprocessed music.

• Most effective at lower vocal-to-accompaniment ratios (VAR).

• No significant difference in preference compared to HPSS remix.

Computational complexity and latency:

(Signal length: 10 s; PC: Intel Core Ultra 7 165U, 64 GB RAM)

Proposed HPSS remix

Processing time 0.234 s ± 0.009 s 0.582 s ± 0.024 s

Latency (N/fs) 23.2 ms 185.8 ms

Conclusions
Proposed music processing algorithm

• improves music appreciation and is on par with HPSS remix,

• has lower computational complexity and latency than HPSS,

• could be implemented as a real-time application in a CI.
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