AUDITO Audio Engineering Society

‘% Convention Paper 8267

® Presented at the 129th Convention
2010 November 4-7 San Francisco, CA, USA

The papers at this Convention have been selectdtieobasis of a submitted abstract and extendedipthat have been peer
reviewed by at least two quali ed anonymous revisw&his convention paper has been reproduced ti@rauthor's advance
manuscript, without editing, corrections, or coreigtion by the Review Board. The AES takes no resipitity for the contents.
Additional papers may be obtained by sending regaed remittance to Audio Engineering Society, BBtE129 Street, New
York, New York 10165-2520, USA; also see www.agsAdIrrights reserved. Reproduction of this paparany portion thereof,
is not permitted without direct permission from fleeirnal of the Audio Engineering Society.

Processing and improving a head-related
Impulse response database for auralization

Ben Supperl

! Focusrite Audio Engineering Ltd, High Wycombe, UK.
Ben.Supper@focusrite.com

ABSTRACT

To convert a database of anechoic head-relatedIsepasponses [HRIRs] into a set of data that italsie for

auralization involves many stages of processing diitput data set must be precisely correcteddoust for some
circumstances of the recording. It must then beaksgd to remove colouration. Finally, the databasest be
interpolated to a ner resolution. This paper expdathese stages of correction, equalisation, gpatisd

interpolation for a frequently-used data set olgdifrom a KEMAR dummy head. The result is a usdéibbase of
HRIRs that can be applied dynamically to audio aigtior research and entertainment purposes.

processing are required to compensate for and isgqual
inherent de ciencies in the data. There is a ladk o
literature that deals with the practicalities oé tHRIR

. _ _ correction, equalisation, and improvement that is
T.h|s research supports a DS.P algonthm .th_at aims F@quired. It is the purpose of this paper to adeaac
simulate stereo loudspeaker listening realisticalgr complete method for the process

headphones by precisely reproducing an arti cialrgb
eld at the listener’s ears. This technique is kmoas our
auralization. There are four components in theesyst

model of loudspeaker sound radiation, a database
directional head-related cues, a room reverberatic§1e

simulator, and an algorithm for imposing the sintioka reproduced via an unspeci ed set of headphonesdThi

on an audio signal in real time. The rst of thesas it must do this without any provision for modifyiray

covered in a previous paper [1]. _Th|s_ second pap%ﬁstomising head-related parameters to suit indalid
concentrates on the formulation of directional cues users

1. INTRODUCTION

HRIR database is intended to full three
requirements. First, it has an angular resolutibat t
r?lﬂtches or exceeds that of the human auditory reyste
cond, it must work well for most listeners afteing

To produce a good set of generalised head-relat
impulse responses [HRIRs] from a database of anech
recordings is not trivial, and several stages akfta

%ese requirements, of general compatibility withou
%ustomisation, are demanding. The reasons behiad th
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are already understood, and will be illustratechgsiur
HRIR database in Section 6. However, the advansfige
producing satisfactory generalised data is a shello
learning curve for the user, and convincing product

input database

calculate the average correct angles

demonstrations that can be pre-processed _and spectrum of Incidence
downloaded. It also allows the benets of this 7
processing to be understood and appreciated -
. A correc
!mmedl_ately by people who are not aware of the amplitudes
intricacies of spatial psychoacoustics. 7

reduce impulses to
minimum phase

v

equalise using the
average spectrum

¥

interpolate extra
spatial co-ordinates

v

calculate and
re-introduce delays

Figure 1. Overview of HRIR database processing.

1.1. Process overview

A4

The processing we employ comprises nine stages:
reading in the database of head-related impulse
responses, generating an equalisation curve, d¢mgec
the angle of incidence of each input recording,
correcting its amplitude, reducing each impulse
response to minimum phase, equalising, interpajatn
improve spatial resolution, applying the correahdi
delay to the new impulse responses, and nally
assembling the output database (Figure 1). The
motivation and techniques behind each of these
processes will be presented over the followingisest

Our input database is the KEMAR data set recorded b
Gardner and Martin at the Massachusetts Institlite o
Technology [2]. For reasons of brevity, this will
hereafter be called the MIT database. Another mopul
ne-grained database is the CIPIC data set [3],ciwhi 2.
includes data recorded from a number of human
listeners as well as a KEMAR dummy head. This data

CORRECTING THE ANGLE OF
INCIDENCE

has not been treated extensively here, and will
referred to only for the purposes of contrast, tha
methods described in this paper are equally apgpéca
to any large set of HRIR data.

The sections that follow will cover different aspeof
the owchart of Figure 1. The concluding sectionsl w

derge HRIR data sets with high spatial de nitiory b

necessity, are acquired by automated movement of a
sound source. The spatial positions of the regultin

measurements are determined by the mechanicss# the
systems. Different databases are therefore oriented
differently.

present and examine the output database, and nallj’® MIT database was acquired on a vertical padar c

discuss its strengths and limitations with regaod
auralization.

tordinate grid, in which the poles are immediatéip\ze

and below the head. The CIPIC database was recorded
on a lateral polar grid, with the poles at eithar. &'he
differences in the data are summarised in Tabland,
illustrated in Figure 2.

MIT CIPIC
Recording distance / m 1.4 1
Number of data points 710 1250
Polar orientation vertical lateral

Table 1. Comparison of MIT and CIPIC data sets.
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In this paper, azimuth (odateral anglg will be

we P din,, . "
ase e b, represented by, and elevation by. Positive changes to
P L S AL ICX YT S indicate clockwise movement, and positive changes t
Py R I R R T TT signify upward movement.

-‘22.'0...0...0......22’.

2.1. Manipulating the co-ordinate system
m........Q... ® & o o o ...0...0.0.0‘.”

To translate between different polar co-ordinate
systems, we convert the recorded positions to Siarte
co-ordinates.

In the Cartesian system, three unit vectors arel tse
describe the position of a HRIR with respect to the
listener.n is the nose vector, extending from the centre
of the head through the nose;is the crown vector,
extending from the centre of the head throughaits it
extends from the centre of the head through thht rig
ear. These unit vectors have a length of one matr,
are orthogonal.

The three labels for the axes are not commonly
encountered, but they more descriptive than xny, B
and even more useful during the nal database lopk-
for auralizationn, r, andc are unambiguously xed to
the listener's frame of reference, so thatpoints
towards the listener's nose regardless of head
orientation. This simpli es co-ordinate transfortiaa:

the trigonometry of head movement is far easighdf
world is assumed to rotate while the head remadiths s

i
.3
® e
ve
3
s
o %

‘e

We can translate from the MIT HRTF co-ordinate
system into the Cartesian system using the follgwin

equations:
Figure 2. Top: MIT database co-ordinates. d = deost ,
Bottom: CIPIC database co-ordinates. n = GCOSYCO8T
d, = dsinf cosn
d. = dsiny

Mathematically, one co-ordinate system is as go®d a
the other, and translating between them is fair%hered is the distance to the sourak, d., andd, are
straightforward. We the_refore use the one that mak e lengths along the, r, andc axes, e{nc;, and ¢ are
the. most psychqacoustlc. SEense. The_lateral polar Wsed explicitly for azimuth and elevation in thetical
ordinate system is acoustically interesting becaumss olar svstem

with similar interaural time and intensity diffexms P y '

(those that are said to lie on the satnee of confusion When using the CIPIC database:

share the same azimuth. This relationship makesyman '
aspects of HRTF processing easier. In the MIT co-

. X - . : d, = dcosfcos
ordinate system, the interaural time and intensity " ) g
differences for a given angle of azimuth converge t dy = dsinf
zero as elevation increases or decreases. Hence, d. = dcosfsiny

although we start with MIT's impulse responses,
CIPIC’s co-ordinate system is the one employedun o
output database.
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The conversion of data from Cartesian co-ordinatea3. Correcting the amplitude

back to lateral angle is derived directly from ti@ove

formulae: A further modi cation to the input data, which issa
included in Table 2, assumes that the measurement

0 — sin! dr loudspeaker obeys the inverse pressure law. As the
= s — .
d measurement loudspeaker is steered around the head,
the distance between it and each ear varies, amd th
n = tan! de changes the recorded sound pressure level. To Icance
dn, this effect, the distance between the loudspeahkeear

is calculated for every measurement position. lsgul
There is one adjustment that is a little easientédke in  responses are attenuated accordingly on the ipsilat
the Cartesian system than the polar system, tlside, and amplied on the contralateral side. This
reasoning and details of which shall now be desdrib  correction can make a difference of more than 1.8dB
interaural amplitude.
2.2. Calculating the angle of incidence
Change in angle

The ears are spatially offset from the centre effihad, of incidence

so sound waves emanating from a central sound soutdncorrected azimuth Q

hit each ear at an angle. The source’s effectiggeanf Corrected to physical size 31

incidence is greater the nearer it is to the head. Corrected to acoustic size 24
Compensating for this situation is complicated bg t Change in sound
fact that acoustically, an object is bigger thaa it pressure level
physical dimensions would suggest. This is caused BJncorrected distance dB

effects that occur at the boundary between theamir Corrected to physical distance ~ +0.46 / -@IB8
the object. John Vanderkooy provides an explanaifon Corrected to acoustic distance ~ +0.65 / —-@BO0
the physics of this phenomenon with regard to
loudspeakers [4]. Although the KEMAR head measuresrapje 2. The maximum changes in angle of incidence and
15.2 cm from ear to ear, it is best to use a differ overall level observed when correcting for the aosition.
dimension for acoustic modelling. From examinatidn
measurements of the peak interaural time and level
differences encountered the MIT data at IowAs the maximum possible sensitivity of the human
frequencies, it is clear that the effective heathditer is auditory system to a change in lateral angle is
actually around 21-22 cm. Moreover, the measuresktablished as around one degree of arc [5], these
distance between the loudspeaker and ears may4be fhodi cations are signi cant. It is easier to makbet
metres, but when the acoustic centre of theubstitution for angle of incidence in the Cartasia
measurement loudspeaker is accounted for, thiardist domain, by adding or subtracting the effective head
may be reduced by approximately ve centimetres tgadius from ther axis co-ordinate, before transforming
1.35m. Assuming an adjusted head diameter @®fack to the polar system. It is also easier toutate the
21.0cm, the difference that these corrections make tsffective distance to the sound source while in the
the angle of incidence is summarised in Table 2. Cartesian system, and then to adjust the amplibfitiee
data to correct for this.
Nothing is done to change the impulse responses
themselves in the light of this angular correctitinis These adjustments make the data set correct for an
applied implicity when the data set is spatiallyincident plane wave, of the kind that would emanate
interpolated. The revision of source positions ctfehe from a sound source placed far away. When the
proximity, and hence the weighting factors, of gverdatabase is used for rendering auditory scenes, the
output data point. sound eld is computed at each ear separatelyntpki
into account their different positions in spaceisTie-
introduces angular changes that are commensuréte wi
the source’s distance.
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3. RE-INTRODUCING DELAY phase data to nd group delay. That approach is
vulnerable to disparities at certain frequenciesd a
In our method, the time of arrival is obtained fram especially to ambiguities encountered when unwrappi
impulse response by locating the earliest sam@eith the phase data. In a typical data set, the timaral
at 4% of the maximum sample’'s level. Workingwill vary by about 620-650 microseconds between the
backwards from this point, the highest rst-ordertwo extremes, which is about 28 samples at 44.1 kHz
derivative is then found. To obtain a more accutiate
of arrival, the time-domain signal is interpolatey a The resulting data provides several points whictieha
factor of four prior to processing, so that theuitisy been modelled using a tting formula (Figures 3alan
time of arrival is accurate to a quarter of a samgpl 3b). In these gures, a small number of outlyingrie
interval. This method was found to be more reliablare present with times of arrival approximately 100
than using the classical approach of differentgatine microseconds less than would seem plausible. These

Time of arrival / microseconds (cues in front of head)
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Figure 3a. Time-of-arrival information for the KEMAR data sstandard ear. The large crosses mark data atiegrees
elevation. The black curve is thgfitting parameter, and the grey curve is the foarfitted to 90 degrees of elevation.
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Figure 3b. Time-of-arrival information for the KEMAR data sstandard ear. The large crosses mark data ald@@es
elevation. The black curve is thefitting parameter, and the grey curve is the fdaritted to 270 degrees of elevation.
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disparities appear at certain elevations in botnakls The tting formulae, with the output given in saraplof
of the MIT data set, and are manifested irrespeadfs 44.1kHz, are as follows:
the method used to extract time-of-arrival inforimat

() = 14.2
When convolved and replayed, the outliers sound lik — 14.2sin(0.85(8 + 14°))
anomalies generated by time misalignment in the — 1.55cosf
recording equipment. Considering the age of thiw da () = 14.9

set, and the technological challenges that exiateen 15.15in(0.74(8 + 18°))

1.1 Olil

it was recorded, this possibility cannot be dis¢edn + 0.30cosé
T7(0) = 0 cos?(n/2)
3.1. Fitting the time of arrival + 7psin®(n/2)

o ] . — 3.00sinmn cosf
When considering the horizontal plane, the time of

arrival can be matched to within ten microsecor&gie@l The two values, and t the time of arrival data for
only two components: a fragment of a sinusoid e  front and rear hemispheres respectively. To amivihe
been stretched and cropped to t the curve, an@@& 1 3| value of , the two are combined and a third
degree span of a_cosmusgnd that bends the cugllgl component is added to take care of the range of
towards the data in the middle of the graph. elevation data. The output of the formula,captures

) ) almost all of the plausible data points.
Figure 4 shows the trend of the data with respect t

elevated sources in greater detail. It is hardXivaet 3 5 Reduction of data to minimum phase
anything but tentative conclusions from this, althb it

appears that the time of arrival falls towards ¢h@wn  1he hair cells within the inner ear cannot phas lat

of the head. high frequencies, so the human auditory system is
insensitive to interaural time differences aboveuwb
3kHz. At frequencies lower than this, time-of-artiva
cues are generated by acoustic path differencésitba
generated by larger-scale obstacles such as tlieamehn
body, and not by surface details such as the nnde a
outer ear. Thus the time of arrival is effectivebnstant

for any given angle of incidence. This has been
con rmed by experimenters testing the perceiveeaff

of removing the phase information from HRIRs [6].

We reduce our data set to a minimum phase
representation using a Fourier transform, convgrtm
magnitude and phase, putting the phase component to
zero, inverse Fourier transforming, and discardimg
second half of the resulting time-domain data.

4, EQUALISATION

Figure 4. Time of arrival (in microseconds) against angle of Equalisation of each item in the HRIR data set sake
elevation for all original data points within 15giees of place while it is in the frequency domain. To piak
azimuth of the central position. good equalisation curve, it is important to undanet
which aspects of a HRIR are salient, which must be
corrected, and how much correction is necessary.

It is certainly important to remove the effect bétear
canal. This is strongly present in the raw datdl, laas a
dramatic effect on frequencies between 1 akHi5 it

AES 129th Convention, San Francisco, CA, USA, 2010 November 4-7
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Figure 5. Equalisation curves. The smoother of the two ¢jrs is the mean frequency response of the Mt& da
set; the more jagged line is the average of the fiont-most data points only. The black line is dyualisation curve
obtained from thev ,, weighting formula.

is very apparent in the mean frequency respongbeof
data set (Figure 5). whereC is the angular distance in radians, found using

the cosine rule. The constant of 0.005 prevents the
A number of papers discuss equalisation of HRIRsveighting factor from reaching 1/0. In practicejsth
Broadly, equalisation of a large set of data may beonstant can be reduced to favour frontal data jrare
effected using the frontal response, the averagecreased to make the equalisation curve closehe¢o
response, a weighted average of several of theftnan overall mean.
functions, or some synthesis of all of these method

In general, it can be seen that the solution to
Relying overly on the mean response for an equalisa equalisation can require some experimentally-guided
curve creates cues that are overly coloured intfodn adjustment depending on the peculiarities of thmutin
the head, with a large notch atkil8z and an database. The above should therefore be seen as a
anomalously high amount of boost in the top octavdunctional case study rather than a recommendetl bes
this can be seen by comparing the grey traces practice. Equalisation can also be used creativiely:
Figure 5. example, if a rendered simulation appears be datdie

some area of the frequency range, this can eitker b
Using an average of the nine most frontal respgoreses equalised at run time, or corrected in the HRIRs.
would be expected, attens the frontal transfer
functions. Using them exclusively destroys the igpat
illusion, as useful parts of the spectrum are elated. 5 SPATIAL INTERPOLATION

From empirical experimentation, combining the two o . . .
averages in a ratio of 4:1, favouring the frontaiSpatlal interpolation is the process of obtaining a

response, works well subjectively. approximatio_n toa HRIR at a point in spacglthaids
P ) y part of the original data set. This new data pirfibund
by combining the nearest available impulse respirse

This prepares the ground for a more general aphrtwac suitable proportions.

weighting. A more versatile class of results, usedur
equalisation, can be achieved by combining allhaf t
data points, weighting each in inverse proportiorhie
square of the angular distance between its locatiah
then vector:

There are, broadly speaking, four approaches trabe
used for combining nearby readings. All established
methods are versions of these:

1. Mixing the nearby responses in the time
domain;

AES 129th Convention, San Francisco, CA, USA, 2010 November 4-7
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2. Mixing the nearby responses in the frequenc$.1. Re-timing the data
domain (either as reallimaginary or
magnitude/phase pairs); The nal processing stage is to apply a calculatethy
. . : . . to every minimum phase HRIR. The easiest way to do
3. Int_erpolatlng by decomposing the S|gnal Intothis is to add the correct amount of phase delathén
principal components and constructing th

desired data from individual spectral features;%f:)ergquuelggy domain. This is done using the following

4. Interpolating poles and zeros in the s- or z-
planes. This includes methods that convert the
impulse responses into IIR Iter coef cients,
and change between them in that domain.

These methods have compared and evaluated by other
researchers (see, for example, [7]). However, wiren
is dealing with nely-spaced data that has beenuced

to mir_1imum phase, weighted interpolation in theetim ,nare (n) is the phase shift in radians for each
domain is suf cient to produce good results. Thamst  raqency binn, N is the total number of bins in the
two data points can fall no more than ve degre€aro  Fr1  is'the delay in samples, afidn) andF (n) are
from the desired location, and generally have verny,o FET data before and after fractional delay teen
similar spectra. introduced.

Where new data must be created, our approacfsismo ¢ s necessary to pad the data with extra leading

the nearest six impulse responses in the time domakymples to accommodate the pre-ringing that occurs
weighted in inverse proportion to their squaredway \yhen fractional-sample delay is introduced. Between
distance from the desired position. eight and sixteen samples is suf cient.

After interpolation, our output database contaoss in
one-degree increments for every lateral angle from
—90° to +9(P. To save an extra processing step at run
time, data points below —&0for which the database has
no information, are simply interpolated between the
single readings at —#0and —140. The resolution of the
resulting database is shown in Table 3.

Lateral angle Elevation Lateral  Number of
between data angles database
points in this entries in
(data points per  span this span
lateral angle)

+0°. 3% 50 (72) 79 5688

+40°..59¢ 10° (36) 40 1440

+60°..7% 225 (16) 40 640

+80°..8% 30° (12) 20 240

+ 90° 360° (1) 2 2
Total 181 8010

Table 3. Output database resolution.
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6. OUTPUT DATA

Examples of the output data set are presentedisn th
section. They illustrate some aspects of the qualit
this data, and allow more general points to be made
about the use of head-related transfer functions to
synthesise auditory scenes.

6.1. The horizontal plane, and front-back
discrimination

It is clear from the data in shown Figure 6 anduFég7
that there are strong binaural spectral cues ttnouig
much of the horizontal plane. In both theory and in
practice, there is negligible difference in spdctaes
below 50(Hz, where incident sound diffracts around the
head. Any small uctuations observed in the datalmas
low-frequency content are artefacts caused by the
practical limitations of implementing fractionalrsple

delay.

Figure 6. Database entries in the horizontal plane for zero
Two features are particularly evident in the honizo degrees elevation, shown as a series of shadedioide
plane: the rst is the strong head shadow whiclecti rotated about the dummy head.

the signal content overkHz to a maximum of +16B;

the second is the B notches at 3.&Hz, 8kHz, and
15kHz that appear throughout the horizontal plane.
Incidentally, the characteristic high-frequency atats
that are featured in these plots persist when the
alternative large pinna KEMAR data is used instead,
although they shift downwards in frequency by about
1kHz. This similarity of identi able components isa
observed in human listeners [8].

There is less spectral information available farnfr
back discrimination. The only cues are in the tap t
octaves of the auditory range, where the ne dedéil
the outer ear producesdB notches at RHz and
15kHz, and a generaldB attenuation of the uppermost
octave. The ear is relatively insensitive to spctr
content in this range. Also, there are no binasypalctral
cues to assist front-back discrimination. Cleanithout
the benet of either head or source movement,
individualised data, familiar stimuli, or additidna
sensory cues, front-back discrimination is faingdile.
This is why it is rarely experienced satisfactority
binaural recordings or simulations.

Figure 7. Six cross-sections of Figure 6:
Bode plots of from HRTFs on the horizontal plane.

AES 129th Convention, San Francisco, CA, USA, 2010 November 4-7
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6.2. The vertical plane, and elevated sources

In Figures 8 and 9, two well-documented charadtesis

of head-related transfer functions can be seen .4l
boost at kHz above 40 degrees of elevation, and the
travelling 5-1kHz notch beneath this, provide most of
the cues for source elevation. Again, omnidirectliy

is generally conserved at low frequencies, althotingh
variation in low-frequency data is slightly greatiean is
seen in the horizontal plane.

7. CONCLUSION

The methods described in this paper produce an
interpolated database from the MIT KEMAR impulse
responses. This preserves the important compoménts
localisation while correcting effectively for the
proximity of the stimulus loudspeaker, the respooke
KEMAR'’s ear canal, and temporal anomalies in thiada
set. The resulting database has a neutral timlsre, i
omnidirectional at low frequencies, and has smooth
transitions between adjacent data points. The sgect
and temporal cues of the original data are preserve
These attributes render it suitable for generappse,
real-time auralization. Although the techniques are
applied here only to the MIT KEMAR data, they are
equally applicable to any other data set with ahhig
spatial resolution.

Figure 8. Database entries in the vertical plane, shown as a
series of shaded Bode plots rotated about the dunaag.

From observations of the output database, we can
appreciate why it is dif cult to create a stationhural
recording that provides reliable front/rear disdriation

or successfully includes elevated cues. These gmubl
will be encountered regardless of the quality o th
HRIR data set. In the vertical plane, the rang&esd-
related transfer function [HRTF] data is fairly dma
spectra deviate from at by only about 4B, and most

of this activity occurs in a region where the human
auditory system is relatively insensitive. Thislso the
case when comparing HRIRs from the front and rear
hemispheres of audition.

In such situations, unless the head can be rotated
rolled, there will be little difference in spectralies
between one ear and the other. Thus a listener is
dependent on monaural spectral information, whih i
determined largely by the dimensions of the coratti f

of the outer ear.

Figure 9. Four cross-sections of Figure 8:
Bode plots of HRTFs on the vertical plane.
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Elevation is a fragile cue that occupies a frequencWith these considerations in mind, a good HRIR
range to which we are not optimally sensitive,ubject database can be the starting point for good aatadiz
to signi cant interpersonal variation, and containe and sound eld synthesis. It is hoped that the ihégphes
differential component. One can eliminate or amali® applied in this paper can provide a basis from tvhic
these problems in a number of ways that are alreatiRIR convolution can be investigated and practiced

familiar. Using individualised head-related dataoize more easily, more generally, and with a more coteple
way of better approximating a listener's own edms, psychoacoustic context.

an acquisition system suitable for even basic
customisation would be impractical for domestic.use
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immersed in the simulation. However, motion sensors
of the necessary six degrees of freedom, high acgur
and high speed remain either expensive Qhio
computationally intensive. Additionally, the demand
on processing power and memory to render a head-
tracked auditory scene, which must be triangulated,
generated and blended with previous data in resd,ti [11]
remain fairly high.
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