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Introduction Proposed Measurement Method m Evaluation: ldentification Performance
Head-related transfer functions (HRTFs) / impulse responses (HRIRs): 1. Idea: exploit that future samples are available (offline processing) « White noise or perfect sequence (PSEQ) excitation [3]
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— Offline processing

estimated HRIR lengths, 20-second recording — 1.2 TB memory 7 i [ ¢
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zi = hf 1, hlg qj, ~ N (0,T) Simulated measurements with rigid sphere “HRTFs" for different velocities » Learning system model with EM very beneficial for spherical head model
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S 2, = Az + q / (state equation) e Exemplary results (1st segment) for single-channel and Z = 10 iterations: » Increase quality of HRTFs or reduce duration of measurement
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y(k) = Crzr +n(k) (observation equation)
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depends on excitation signals
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e State estimation requires parameters 8 = { A, T, 07%, Lo, Po}, eg., Lo-11

— Initial state p, initial error covariance P heuristically chosen

— Scalar fading factor A = ~I with 0 <1
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» Larger weights and covariances near base delay of 4.4 ms
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