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ABSTRACT

Convincing sound reproduction via headphones requires
filtering of virtual sound sources with head related transfer
functions (HRTF). HRTFs describe signal differences at the two
ear drums in level, time and frequency weighting [1,2]. Another
psychoacoustic phenomenon of the human auditory system
concerning hearing in natural sound fields is the improvement of
source localization if small head movements are possible [3]. In
this paper a computational efficient implementation to get
dynamic binaural signals (in dependence on the head position) is
proposed. This realtime modell is based on Ambisonic sound
reproduction [4,5].

1. INTRODUCTION

To obtain auditory localization cues from head movements,
binaural headphone signals have to be updated in realtime
according to head the position (figure 1). HRTFs are only
available in form of impulse respones at certain discrete
directions, so the problem of impulse response interpolation
arises which is difficult to handle in realtime.
The proposed approach has the advantage of constant filters.
Instead, the filter input signals are controlled by head movements.
As a result, the interpolation of impulse responses can be
avoided.
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Figure 1. 

2. AMBISONIC

2.1. Definitions and Equations

The aim of Ambisonic [7-10] is to reproduce the soundfield of a
plane wave, (1) and figure 2, with an array of loudspeakers.
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Figure 2. Ambisonic axis and angle notation.

The original plane wave (= reference wave) according to figure 2
arrives from direction , the listening point is situated at

),(r .The number of transmission channels for a 2D-system is

(2m+1) and (m+1)2 for a 3D-system where m specifies the system
order. This mathematical model compares a reference plane wave
with the wave produced by the ambisonic system.
Regarding to equation (1) a soundfield can be written as a series
expansion of cosinus and bessel funcions.
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This soundfield has to be approximated by a loudspeaker array.
The output of the n-th speaker (plane wave radiation presumed) is
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Superposing all loudspeaker signals, the array field results in
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A comparison of equation (2) and (4) supplies matching
conditions (5,6,7) for N loudspeaker feeds.
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A limited number of transmission channels and loudspeakers
means that the series expansion ends at a certain order m.
Equation system (5,6,7) provides the so-called Ambisonic signals
(spherical harmonics) for the encoding of the original soundfield.
A first order 2-dimensional system consists of the Ambisonic
signals W, X and Y.
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Solving Equation (5,6,7) for the loudspeaker feeds Pn with the

angle n  of the nth speaker, one obtains Equation (10) for a

symmetric array like in figure (3). This results in an
approximation of the original sound field near the origin.
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Figure 3. Reproduction with a symmetric loudspeaker
layout.

For a 2D - second order system, we need two additional
ambisonic signals U,V:
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The loudspeaker feeds are
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2.2. Computation of a dynamic binaural stereo signal

The loudspeaker signals (10) or (12) are used as virtual mono
sources for spatialisation via headphones. Each loudspeaker
signal has to be convolved with a HRTF corresponding to its

direction n :
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For a second order 2D system we obtain the Ambisonic signals
W,X,Y,U and V and as a result the loudspeaker feeds (14).
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1=====  for symmetric loudspeaker layouts.

2.3. Soundfield Rotation

The great benefit of our approach is that soundfield rotation with
respect to head movements can be performed in a very easy way
using a rotation matrix (15). Consequently spatial interpolation is
less complex at the ambisonic stage than at HRTF stage.
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To summarise the above points, we calculate a binaural
headphone signal as follows:

(16)
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3. IMPLEMENTATION

The rotated Ambisonic signals are the input signals for 256 point
FIR filters representing the KEMAR HRTFs [6].Computation of
the constant filter coefficients was performed with MATLAB 5.1.
A third order realtime system was implemented in MAX/FTS on
a SGI/O2. The system block diagram is shown in figure 4.

Figure 4. Block diagram of a system for generating
dynamic binaural signals. Interactivity is provided via
head position.
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