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Introduction

A powerful tool to investigate speech perception is the use of speech intelligibility prediction models.
Recently, a model was presented, termed correlation-based speech-based envelope power spectrum
model (sEPSMcorr) [1], based on the auditory processing of the multi-resolution speech-based Envelope
Power Spectrum Model (mr-sePSM) [2], combined with the correlation back-end of the Short-Time
Obijective Intelligibility measure (STOI) [3]. The SEPSM®' can accurately predict NH data for a broad range
of listening conditions, e.g., additive noise, phase jitter and ideal binary mask processing.

The sEPSM™ model includes audibility thresholds, such that sensitivity loss can be incorporated based
on the audiogram, but other types of impairment (e.g., loss of compression, reduced frequency
selectivity) cannot be simulated using this framework. However, speech perception can vary greatly
among listeners even when hearing sensitivity is similar. Therefore, the predictive power of the
SEPSMcorr back end was further investigated in combination with a more realistic auditory pre-

processing front end adopted from the computational auditory signal processing and perception model
(CASP) [4].
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