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ABSTRACT: Estimating the mutual time delay between two acoustic sensors is used in various fields such as
tracking and estimating the location of a target in room acoustics and sonar. In the time delay estimation methods,
there are a non-parametric method, such as Generalized Cross Correlation (GCC), and a parametric method based
on system identification. In this paper, we propose a time delay estimation method based on the parametric method.
In particular, we propose a method that considers the noise in each receiving acoustic sensor. Simulation confirms
that the proposed algorithm is superior to the existing generalized cross-correlation and adaptive eigenvalue
analysis methods in white noise and reverberation environments.
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Fig. 1. Time delay estimation modeling by system
identification approach,
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Fig. 2. Corrected time delay estimation system dia—
gram for added noise sensors,
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Fig. 3. Time delay estimation system diagram for
added noise sensors.
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Table 1. Summary of Time Delay Estimation (TDE)
using RTLS algorithm from Reference [12].
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Table 2. Summary of the proposed time delay
estimation algorithm.,
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