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Abstract
The need for the acquisition of individual head-related transfer functions with high spatial resolution
requires techniques to reduce the measurement duration. This thesis studies two of these techniques
and simulates the measurements to analyse the different parameters influencing the efficiency of the
methods. The goal is to specify the optimal parameters. Within another thesis a real HRTF measuring
setup will be constructed for which the results of the present thesis could be used.
Introduction and motivation
The head-related transfer functions (HRTFs) as the basis of the binaural technology describe the freefield sound propagation between the sound source and the listener’s ears. According to Møller [Møl92,
Møl95] this propagation can be divided in to two parts, a direction dependent part and a part
independent of the direction. The direction dependent part is defined as the ratio between the pressure
at the entrance to the (blocked) ear canal to the one measured at the centre position of the head with
listener absent and includes the spatial cues which the listener uses to perceive a sound’s direction.
Despite the possibility of interpolating between measured HRTFs, still a large number of source
positions have to be measured for a correct representation of the binaural space [Lin08, Min05]. In
most practical applications the time consuming measurement of HRTFs is carried out using recordings
of one listener or, more often, of an artificial head. But since HRTFs also include the highly individual
filtering information due to reflection and diffraction of the listener’s head, torso and pinna, listening
to the recordings acquired from another listener or an artificial head will cause coloration and
localization errors [Møl96, Wen93]. Therefore for applications with high demands on fidelity
individual HRTFs gain more importance. There have been attempts to acquire personalized HRTFs
using anthropometric measurements of the pinna and approximating head and torso by models
[Zot03], simulations with ray tracing methods [Röb06] or computation using multipole accelerated
boundary element method [Gum10], but the most accurate are real measurements with individual
subjects although this is not without its own restrictions: during the long measurement time subjects
must keep still to avoid the artefacts caused by head movements. Thus it is of interest to decrease the
measurement duration as far as possible to make it comfortable for subjects and at the same time
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reduce the effects of time varying elements in the measurement system such as temperature change or
unavoidable head movements.
In this thesis two methods for fast measurement of HRTFs [Enz09, Maj07] are studied and simulated.
As described in these methods speeding up the measurement of HRTFs is limited by required accuracy
and technical effort. The goal is to acquire optimized parameter for each method regarding measuring
time, accuracy and signal to noise ratio (SNR).
State of Art
The continuous azimuth measurement of HRTFs using Normalized Least Mean Square (NLMS)
algorithm and adaptive filtering introduced by [Enz09] is based on the idea of simultaneous
measurement with loudspeakers arranged at discrete elevations. The listener is placed at the centre of
the loudspeaker array and is continuously rotated above the vertical axis. During a single rotation of
360° all loudspeakers produce the excitation signal simultaneously and the recordings in the left and
right ear together with the known excitation signal lead to the complete set of the HRIRs as a function
of continuous azimuth angle. Simultaneous system identification is achieved using multichannel
adaptive filtering [Ben01] and the NLMS algorithm [Hay02]. The advantage of continuous azimuth
measurement is that there will be no need of interpolations between discrete measurements. Fukudome
et al [Fuk07] also had the idea of continuous azimuth measurement using Maximum Length
Sequences. According to the fact that the maximum convergence speed of the NLMS algorithm is
achieved by perfect sequences these should be chosen to overcome the problem of the time variant
acoustic transmission path. Sweeps have shown to come off well as excitation signals having high
energy and reducing the limitations due to nonlinear distortions [Mül01]. Telle et al [Tel10]
introduced the perfect sweep as excitation signal and Antweiler et al [Ant12] show the rapid tracking
ability of NLMS algorithm when using perfect sweeps in comparison to white noise.
Majdak et al [Maj07] introduced the multiple exponential sweep method (MESM) for shortening the
measurement time by simultaneous measurement with loudspeakers which are arranged in a vertical
arc. Since the measurement equipment consisting of loudspeakers or power amplifiers introduces
nonlinear distortions the measurement system can be described as weakly nonlinear, which will result
in higher order harmonics in the impulse response. By exciting the system with logarithmic sweeps
linear and non linear parts of the response can be separated. MESM takes advantage of this property
and interleaves logarithmic sweeps, by starting each sweep one after another so that all impulse
responses are located between the linear and the first harmonic impulse response of the last sweep.
Dividing the existing channels into groups which are interleaved one can furthermore overlap these
groups by starting the next group before the last sweep of the present group has reached its end. In
order to maintain the desired SNR the number of channels to be interleaved should be optimized.
Weinzierl et al [Wei09] also introduced a more generalized multiple sweep measurement with sweeps
which are spectrally adapted to the noise floor to improve the SNR. Masiero et al [Mas11] described a
setup for a rapid measurement of HRTFs also using interleaved sweeps as excitation signal with
subject standing on a turntable inside a vertical arc of up to 40 loudspeakers. In contrast to Majdak et
al [Maj07] who used discrete azimuth measurements Masiero et al [Mas11] discuss the electroacoustical and mechanical aspects to be considered for a correct quasi continuous acquisition. Dietrich
et al [Die13] also introduced the optimized MESM, which goes further than overlapping and
interleaving and takes advantage of temporal structure of the linear impulse response to place the
single harmonics among arbitrary fundamentals to yield even shorter measurement times.
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Methods
The path to be simulated consists of loudspeakers and amplifiers, sound propagation path through air
and the HRTF as recorded by the blocked ear canal microphones. To have an estimation of the
recorded signals at microphones the HRTF dataset of the audio communication group (ground proof
data) can be used. For both methods which are to be simulated [Enz09, Maj07], sweeps are generated
[Mül01] as excitation signal. Using the ground proof data and the excitation signal HRTF
measurements can be simulated and HRTFs obtained from these simulations can then be compared to
the ground proof dataset. To verify the implementation of the measurement algorithms simulations can
be run for the ideal transfer path, with only one channel system, a fixed azimuth angle, without noise,
non-harmonic distortion and air sound attenuation. Second, the transfer path as shown in Fig. 1 can be
modelled and lastly, a simulation of continuous azimuth measurement can be included.
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Figure 1. Transfer path model

In Fig.1 x represents the excitation signal. Using Volterra series [Nov10] harmonic distortions can be
supplied to a typical loudspeaker transfer function modelled by a second order butterworth high-pass.
Hair represents air attenuations with negligible spectral coloration. Speed of sound is to be modelled as
fractional delay. The continuous rotation can be modelled by time-variant convolution using
interpolated HRTFs from the ground proof data set. The noise which will be added to the recorded
signal has to be modelled with spectral adaptation to the noise which is present in the measurement
room. For sweep generation and calculation of simulated HRTFs the preliminary works of audio
communication group can be used. The goal of the current work is to optimize the measurement time
of both methods [Enz09, Maj07] while maintaining a desired SNR and HRTF length. The minimum
HRTF length is given by the time of the arrival of the latest considerable reflection (shoulder or legs)
and the decay of the modes in the pinna and will be determined by exemplary measurements. The
dynamic range of HRTF during this time gives the minimum required SNR.
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For the method introduced by Enzner [Enz09] (NLMS adaptive filtering method) T360 (duration of a
complete rotation) and μ (step size) are two key parameters which play an important role in the
behaviour of the NLMS adaptive filtering method. Faster rotations require larger μ, since μ decides for
the convergence behaviour of the NLMS algorithm [Hay02]. But larger μ also means less accuracy.
Therefore an optimized μ should be found to have the best T360 with minimum error. [Enz08]
introduces calculable and measurable quantities for the HRIR inaccuracy as functions of μ and T360.
Extending the single channel system to multichannel, for a perfect simultaneous excitation of all N
channels Antweiler et al [Ant08] suggest an N-time extended excitation signal to be supplied to the
first channel with phase shifted versions for other channels. Again the optimization parameters should
be acquired since the number of channels also influences the accuracy.
For the method suggested by Majdak et al and Masiero et al [Maj07, Mas11] (Multiple Exponential
Sweep Method - MESM) one of the most important questions is the number of channels (η) to be
interleaved. Since the interleaving occurs in the time between the linear impulse response and the first
higher order harmonic response the sweep duration should be adapted according to the length of the
linear impulse response (L1), the length of second harmonic response (L2) and the number of channels
to be interleaved (η). Furthermore overlapping N/η groups of interleaved channels requires the number
of all existing higher order harmonics (K) in the impulse response. For the method introduced by
Dietrich et al [Die13] (Optimized MESM) there may also be the need to have a measurement of the
length of all higher order impulse responses. It should also be noticed that the MESM algorithm will
not always lead to shorter measurement time. The efficiency of the method with respect to the
measurement time can be compared to the normal single excitation method according to a time
compression or acceleration factor as a function of channel number, L1, L2 and K [Wei09].
Both methods should be compared to each other and to the ground proof dataset with respect to SNR,
measurement duration, technical effort and accuracy. The most important parameters to be determined
by simulations are the rotation speed (T360), the number of channels, the number of interleaved
channels (η) and the exact excitation time for each sweep signal.
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