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Correction to “A Normalized Beamforming Algorithm
for Broadband Speech Using a Continuous Interleaved
Sampling Strategy”

UE to a production error in the paper “A Normalized Beam-
D forming Algorithm for Broadband Speech Using a Continuous
Interleaved Sampling Strategy” (Y. Chen and Q. Gong, Vol. 20, iss. 3,
pp- 868-874, March 2012), Fig. 3 did not appear correctly. The correct
version appears here.

Date of current version June 29, 2012.

Color versions of one or more of the figures in this paper are available online
at http://ieeexplore.ieee.org.

Digital Object Identifier 10.1109/TASL.2012.2203169

0.01k

0.008%

0.006k

0.004k

Magnitude response

0.002k

ideal first-order low pass filter

0

0.01%

0.008%

0.006k

0.004k

Magnitude response

0.002% +

1000 2000 3000 4000 5000 6000

Frequency/ Hz
@

ideal first-order low pass filter

o —f=44.1kHz
77 —f=22kHz
/7 —f=11kHz
7 f=8kHz

b
/

0.1 0.2 0.3 0.4 0.5

Normalized frequency

®)

Fig. 3. Response of an ideal first-order low-pass filter. (a) Actual frequency.
(b) Normalized frequency.
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