IEEE Nordic Signal Processing Symposium (NORSIG96), Helsinki, Finland, Sept. 24—27, 1996Comparison of Digital Filter Design Methodsfor 3-D SoundJyri Huopaniemi and Matti KarjalainenHelsinki University of TechnologyLaboratory of Acoustics and Audio Signal ProcessingOtakaari 5 A, FIN-02150 Espoo, FinlandE-mail: Jyri.Huopaniemi@hut.fi, Matti.Karjalainen@hut.fiABSTRACTIn this paper, we will compare filter design methods forbinaural and transaural processing. Most of the HRTFfilter design techniques use a linear frequency scale ap-proach with additional weighting functions in somecases. The human ear, however, processes the auditoryinformation according to a nonuniform critical band fre-quency resolution. We have presented new methods forHRTF filter design using auditory criteria [1]. Thesemethods are evaluated and compared with traditional de-sign techniques. Results of the study are applicable toreal-time auralization tasks where computational effi-ciency is at its most important.1. INTRODUCTION AND MOTIVATIONReal-time digital modeling of human spatial hearing cuesis often referred to as 3-D sound spatialization or aurali-zation. The static cues of spatial hearing are contained inhead-related transfer functions (HRTF). This transferfunction describes the transmission from a point in thefree field to a point in a human subject�s or dummyhead�s ear canal [2].Application areas of 3-D audio technology are versa-tile ranging from teleconferencing to virtual reality andmultimedia [3] [4]. In 3-D audio synthesis, two alterna-tive methods for sound production should be considered;binaural processing for headphone and transaural process-ing for loudspeaker listening. These methods require dif-ferent filter design strategies and are clearly separate prob-lem fields, although the basic data — the HRTFs — are thesame.2. HRTF PROPERTIESHRTF impulse responses are the output of a linear andtime-invariant system, that is, the diffraction and reflec-tions around the human head, the outer ear, and the torso.Thus the impulse responses can directly be represented asfinite-impulse response (FIR) filters. There are oftencomputational constraints that lead to the need of HRTFimpulse response approximation. This can be carried outusing conventional digital filter design techniques. It is,however, necessary to note that the filter design problemis not a straightforward one. We should be able to designarbitrary-shaped mixed-phase filters that meet the set cri-teria both in the amplitude and phase response.An attractive property of HRTFs is that they may bemodeled as minimum-phase filters [5] [6]. The excessphase that is the result of subtracting the original phaseresponse from its minimum-phase counterpart has beenfound to be approximately linear. This suggests that theexcess phase can be separately implemented as an allpassfilter or a simple delay line. In the case of binaural syn-thesis, the interaural time delay (ITD) part of the twoHRTFs may be modeled as a separate delay line, andminimum-phase HRTFs may be used for synthesis. Ac-cording to Kistler and Wightman [6], minimum-phasereconstruction does not have any perceptual conse-quences.2.1. HRTF EqualizationThe sound transmission in an HRTF measurement in-cludes characteristics of many subsystems that are to becompensated in order to achieve the desired response. Thetransfer functions of the driving loudspeaker, the micro-phone and the ear canal (if the measurement position wasinside an open ear canal) may thus have to be equalized.If, however, a more general database of HRTFs is de-sired, we should consider other equalization strategieslike free-field equalization or diffuse-field equalization [7][8]. Free-field equalization is achieved by dividing themeasured HRTF by a reference measured in the same earfrom a certain direction (typically chosen as 0� azimuthand 0� elevation). In diffuse-field equalization, a referencespecturm is derived by power-averaging all HRTFs fromeach ear and taking the square root of this average spec-trum. Diffuse-field equalized HRTFs are obtained by di-viding the original by the diffuse-field reference HRTF ofthat ear. This leads to the fact that the factors that are notincident-angle dependent, such as the ear canal resonance,are removed.In many cases further pre-processing of the measuredHRTF data is required before filter design. An attractiveapproach for HRTF smoothing is to apply a variable-sizewindow function to the power frequency response to ap-proximate, for example, the critical-band resolution ofthe human ear [9] [10]. This smoothing applies only tothe magnitude response, so it is assumed that the phasecan be calculated by minimum-phase reconstruction.

2.2. HRTF ModelingThe synthesis of binaural or transaural signals can be ac-complished based on two approaches: the computational,and the empirical approach. The empirical approach usesHRTF data obtained from measurements on dummyheads or real persons. Approximations for HRTFs canalso be calculated by analytical means, using computermodels that resemble wave propagation and diffractionaround a sphere or a replica of a human head [12]. Thelatter approach is applicable, e.g., in the design of cross-talk canceling filters for transaural processing [13] [14].The difference in the complexity of analytical and em-pirical HRTF models is illustrated in Fig. 1. The rawmeasurement (solid line) includes the transfer characteris-tics of the measurement system. It can be seen that thecomputational model (dotted line) resembles the meas-ured data, but lacks the idiosyncratic features of the headsuch as the pinnae.2.3. Structural AnalysisInterest in functional representations of HRTFs has risenover the past years in search of efficient auralizationtechniques. These methods resemble the computationalhead models, but can also be used to approximate realHRTF data.Principal components analysis (PCA) has been usedby Kistler and Wightman to approximate minimum-phase HRTFs [6]. In this method the magnitude spectraof the HRTFs were approximated using five principalspectral components of the response. With this methodthe order of the resulting FIR filters was successfully re-duced to 1/3 of the original impulse response with only aslight decrease in localization accuracy.Chen et al. [15] have proposed a feature extractionmethod, where a complex valued HRTF is represented asa weighted sum of eigentransfer functions generated us-ing the Karhunen—Lo�ve expansion. The difference com-pared to the previous PCA model is that a complexHRTF transfer function including magnitude and phaseinformation can be modeled.3. HRTF FILTER DESIGN3.1. FIR ModelsThe most straightforward way to approximate HRTFmeasurements is to use the windowing FIR filter design.A filter of the desired order is obtained by windowing themeasured impulse response with, e.g., a rectangular win-dow (frequency sampling method). The use of a rectangu-lar window may be motivated because it is the closestapproximation to the original frequency response in theleast-squares sense [16].3.2. IIR ModelsA comparison of FIR and IIR filter design methods waspresented by Sandvad and Hammersh¿i [16]. The FIR fil-ters were designed using rectangular windowing. The IIRfilters were generated using a modified Yule-Walker algo-rithm that performs least-squares magnitude response er-ror minimization. The low-order fit was enhanced aposteriori by applying a weighting function and discard-ing selected pole-zero pairs at high frequencies. Listeningtests showed that an FIR of order 72 equivalent to a 1.5ms impulse response was capable of retaining all of thedesired localization information, whereas an IIR filter oforder 48 was needed for the same localization accuracy.In [17], the error criteria in the ARMA filter designwere based on log-magnitude spectrum differences ratherthan magnitude or magnitude-squared spectrum differ-ences. Furthermore, a new approximation for the log-magnitude error minimization was defined. Other IIR ap-proximation models for HRTFs have been presented byAsano et al. [18], and Kulkarni and Colburn [19].3.2.1. Balanced Model TruncationAn attractive technique for HRTF modeling has beenproposed by Mackenzie et al. [10]. By using balancedmodel truncation (BMT) it is possible to approximateHRTF magnitude and phase response with low order IIRfilters (down to order 10). A complex HRTF systemtransfer function is written as a state-space differencefunction, which is then represented in balanced matrixform. A truncated state-space realization

Fm(z)

can befound with a similarity to the original system F(z) whichis approximately quantified by the Hankel norm:

FzFztrace m H ( ) ( ) ( )

- £ 2 2S

(1)where

S2

is the sum of Hankel singular values of therejected system after truncation. In our experiments,minimum-phase diffuse-field equalized auditory smoothedHRTFs were modeled by 10th order IIR filters created us-ing BMT. The signal-to-error power ratios (SER) werecompared to IIR models designed using Prony’s methodand the Yule-Walker method. The average SER wasfound to be approximately 10dB better in BMT models.

z D z z

z

-

-

-

� =

-

-

1

1

1

1

1

( )

l

l

l l - ll

H z( )

H D z

w( ())_{1H z}( )

H D z

w( ())_1D z1( )_l

10^2 10^3 10^4 -30

-20

-10

0

10

20

Frequency / Hz

Relative Magnitude / dB

10^2 10^3 10^4 -30 -20 -10 0 10 20

Frequency / Hz

Relative Magnitude / dB