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Current standardised methods of measuring speech intelligibility are
non-inclusive of the human auditory system’s binaural advantages;
specifying omnidirectional receivers (British Standards Institution,
2011) (Wijngaarden & Drullman, 2008, p. 4514).

Research has been completed into replacing omnidirectional
receivers with Head and Torso Simulators (HATS). However, these
are not commercially or practically viable. In solution, a binaural
decode of a first-order Ambisonics microphone (DUT) was
implemented.

To investigate using a binaural decode of a First-Order Ambisonics
(FOA) microphone to measure speech intelligibility.

Difference in S

1. With a noise source at arbitrary azimuths, gather STIPA results for
various decoders and synthesis approaches and compare to HATS

2. Conduct STIPA measurements in accordance with BS 60268-
16:2011, setting a noise source at multiple azimuth’s

3. Repeat measurements using the HATS and DUT

4. Repeat all measurements in contrasting acoustic environments

5. Measure interaural level differences of the HATS and DUT

e STIPA measurements were complete in hemi-anechoic, semi-
reverberant and reverberant environments (Wijngaarden &
Drullman, 2008) (Tang et. al., 2017)(Andreopoulou et. al., 2015)

e The target source was fixed on-axis to the receiver; with a noise
source at NR52 & NR63 masking levels rotated in 15° increments

¢ Measurements were conducted in accordance with BS 60268-
16:2011 to provide standardised data and repeated using the
HATS and DUT

e The DUT was calibrated to level match the HATS when no masking
was present

e DUT performance was measured through the extent at which
STIPA results resembled those obtained with a HATS

¢ Encapsulation of diffuse components in parametric decoders mitigate
better-ear listening (McCormack & Delikaris-Manias, 2019, p. 2)

e Magnitude Least-Squares (MLS) decoding and diffuse field correction
improves shadowed ear accuracy where partial shadowing occurs

« Diffuse field correction reduces accuracy where opaque shadowing of
high frequency occurs and mitigates pinna shadowing

o Normalising signal vectors in the binaural decode decreases accuracy
due to altering signal-to-noise ratio’s
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e ‘W’ trend exhibited in the above figure is a result of spreading of the
contralateral pressure lobe resulting from diffraction due to FOA low
resolution (Politis, et al., 2018)

e Low resolution caused sound field localisation errors, inducing error
no matter the synthesis approach (Politis, et al., 2018)

e Accuracy decreases at lower masking levels and longer reverberation

times due to localisation error increasing

MLS With Diffuse Correction in All Environments - Masking NR63
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1. Low resolution of FOA incorrectly encodes the sound field, with
error increasing for lower masking levels and in diffuse fields

2. For future investigations with a higher-order microphone:
a) Must use a linear decoder
b) MLS is most accurate synthesis method
c¢) Straight decodes and diffuse field correction improve accuracy for
opaque and partial shadowing of high frequencies respectively;
with the latter underestimating pinna shadowing
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