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Shaped Comb-Allpass (SCAL) Filter

Introduction
Context: Acoustic echo cancellation with stereo signals
Problem: Inter-channel coherence makes the system illconditioned
Solution: Decorrelate the left and right channels using
nonlinear processing while preserving the audio quality

Comb all-pass filter

Shaped Comb-Allpass (SCAL) adds a tilt to the phase response

Stereo Acoustic Echo Cancellation
Stereo acoustic echo cancellation can be improved by applying
non-linear processing to both channels before playback

Figure 2: Left: pole-zero representation of the SCAL filter. Right: phase response of the comb-allpass and SCAL
filters.

For the process to be non-linear, we need to vary both α and N
over time:
- N chosen randomly between [5,10]
- α chosen as a function of N with memory

Figure 1: Stereo acoustic echo cancellation system.

The goal is to minimise the inter-channel coherence at the
output, while maximising the output quality (including stereo
image)
Stereo localisation cues used by the human ear:
- Inter-aural intensity difference (high frequency)
- Inter-aural phase difference (low frequency)
We propose a two-part approach:
- Alter phase at high frequencies (where the ear is insensitive)
- Add noise at low frequencies

The SCAL filter preserves the stereo image because the low
frequency phase is not heavily altered

Results
We compare to other algorithms:
- Non-shaped comb-allpass (no noise added)
- Smoothed absolute value non-linearity
st
- 1 order all-pass filter
Comparison on 41.1 kHz audio (speech and music)

Figure 2: Overview of the proposed approach.
Figure 4: Left: MUSHRA quality of the signal from different algorithms (higher is better). Right: Inverse of the filter
misalignment (lower is better).

Psycho-acoustically masked noise
- Compute masking curve on current data
- Add in the frequency domain (WOLA)
- Only delay the noise, don't delay the signal (exploits temporal
masking)

Conclusion
The proposed solution achieves:
- Quality close to the unmodified signal
- Good coherence reduction (better convergence)
- Only 10 samples total algorithmic delay (< 1ms)
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