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Figure 1. Proposed AEC system
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Figure 2. Two band analysis filter

Yo(n) E1(z%) 12

T2

n®) Eo(2%) 2(n)

-1

Figure 3. Two band synthesis filter

Table 1. IIR filter coefficients

Filter Coefficients
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0.74596983516706
0.91928513358894
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Figure 4. Magnitude response of notch filter

5. Residual Echo Suppression
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Table 2. Recognition Rate

speaker 2
96.55

speaker 1
95.24

Recognition Rate (%)
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Table 3. Computational Complexity

MCPS

Filterbank 29.2

Adaptive Filter 87.0

Notch Filter 3.15

Residual Echo Suppressor 49.2

TOTAL 168.6
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