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Presenting sounds in virtual environments requires filtering free-field signals with head-
related transfer functions (HRTF). HRTFs describe the filtering effects of pinna, head, and
torso measured in the ear canal of a subject. The measurement of HRTFs for many positions
in space is a time-consuming procedure. To speed up the HRTF measurement, the multiple
exponential sweep method (MESM) was developed. MESM speeds up the measurement by
overlapping sweeps in an optimized way and retrieves the impulse responses of the measured
systems. MESM and its parameter optimization are described. As an example of an appli-
cation of MESM, the measurement duration of an HRTF set with 1550 positions is compared
to the unoptimized method. Using MESM, the measurement duration could be reduced by a
factor of four without a reduction of the signal-to-noise ratio.

0 INTRODUCTION

A head-related transfer function (HRTF) describes the
sound transmission from the free field to a place in the ear
canal in terms of a linear time-invariant system [1]–[4].
HRTFs contain spectral and temporal cues, which vary
according to the sound direction. A set of HRTFs mea-
sured for different positions can be used to create virtual
free-field stimuli [5]–[7]. It has been shown that the di-
rectional-specific features differ among listeners [8], [9].
Subjects listening to HRTFs of other subjects show lower
localization ability and report a less realistic environment
[6], [7], [10], [11]. Thus measuring individual HRTF sets
for each subject is necessary for most studies on localiza-
tion in virtual environments.

The required spatial resolution of an HRTF set depends
on the application field and is limited by the spatial local-
ization accuracy of humans. Results of several studies
(such as [12], [13]) imply that the spatial resolution of an
HRTF set should be smaller than 5° in the horizontal plane
and smaller than 10° in the vertical plane. Following this
rule the number of HRTFs in a set exceeds 1000 positions
for the upper hemisphere. For example, Gardner and Mar-
tin measured at 710 positions [14], and Algazi et al. mea-
sured at 1250 positions [9]. Using interpolation methods
reduces the required number of HRTFs. However, the re-
quired number of measurements still remains large [15],
[16]. Minnaar et al. [17] showed that the number of

HRTFs could be reduced from thousands to 1130 by using
interpolated HRTFs in their study. Because of the large
number of HRTFs, the measurement duration may take
tens of minutes, depending on the facilities. During the
total measurement process the subject must keep still to
avoid artifacts caused by head movements. Thus it is dif-
ficult for subjects to keep still during long HRTF mea-
surements. Reducing the measurement duration makes this
task more comfortable for the subject and reduces the
measurement artifacts, yielding more exact measurements.

Three methods have been applied successfully to posi-
tion sound sources at different spatial positions during the
HRTF measurement. The first method uses one loud-
speaker for each position on the sphere. However, this
method is impractical for measuring hundreds of positions.
The second method uses only one loudspeaker, which is
moved to the measurement position [11], [18]. When us-
ing this method, it is not necessary to move the subject.
Obviously, for this method only one position can be mea-
sured at a time. Furthermore, the requirements on the fa-
cilities are rather high because of moving parts in the
room. The third method uses as many loudspeakers as
elevations measured. The loudspeakers are stationary,
mounted on an arc surrounding the subject, therefore
requiring tens of loudspeakers instead of hundreds. The
subject sits on a turntable and is rotated to the required
azimuthal position [2]. The fixed mounting of the loud-
speakers allows lower requirements on the facilities than
the moving-loudspeaker method. However, using this
method, the measured data may be affected by reflexions
from the adjacent loudspeakers, which should be consid-*Manuscript received 2006 December 4; revised 2007 April 24.

PAPERS

J. Audio Eng. Soc., Vol. 55, No. 7/8, 2007 July/August 623



ered in the choice of the equipment. If loudspeakers are
driven by a multichannel audio system, multiple sounds
can be played simultaneously. Using this method the mea-
surement of HRTFs for all vertical positions could be per-
formed at once, which would speed up the measurement.
Following this idea this study presents a system identifi-
cation method, which allows almost simultaneous excita-
tion of multiple systems and provides the separation of
particular HRTFs from the recorded signal.

The measurement of HRTFs can be described as a pro-
cess of identification of an electroacoustic system. Fig. 1
shows the signal path for the computer-aided system iden-
tification of acoustic systems such as HRTFs. The signal is
presented from a given position via a loudspeaker, which
is driven by a digital-to-analog converter (DAC) and a
power amplifier. In our setup one set of a DAC, amplifier,
and loudspeaker is required for each vertical position.
Acoustic waves propagate in the measurement room and
are altered by the torso, head, and pinna of a subject.
Microphones are placed in the ear canals of a subject and
capture the arriving sound. Finally, the binaural signal is
recorded via two pre amplifiers and two analog-to-digital
converters (one for each ear). Depending on the system
identification method the recorded data are processed in
different ways to obtain the HRTF. Using a traditional
system identification method, the measurement of HRTFs
is performed successively for all positions of interest.

The goal of the present study was to adapt the system
identification method of exponential sweeps [19] for the
measurement of HRTFs with the aim of shortening the
measurement duration. This new method is called “mul-
tiple exponential sweep method” (MESM). It can mini-
mize the amount of head movements during the measure-
ment and thus reduce the extent of measurement artifacts
due to these movements. As an application of MESM, the
optimization results for our HRTF measurement system
are presented.

1 OVERVIEW OF COMMON SYSTEM
IDENTIFICATION METHODS

Many issues have to be considered when choosing a
system identification method for acoustic systems. When
the measurements are performed in noisy rooms, the back-
ground noise reduces the signal-to-noise ratio (SNR) of
the measurement. Also, the equipment, especially the
power amplifier, adds noise to the excitation signal. This
problem can be addressed by increasing the energy in the
signal, which can be achieved in two ways. One possibility
is to raise the amplitude of the signal. Unfortunately the
maximum amplitude is limited by the linear range of the
equipment. For measuring HRTFs, the subject’s comfort-

able level is also a limiting factor. The other way to in-
crease the SNR is to increase the duration of the signal.
Assuming an uncorrelated noise, the SNR of the measure-
ment depends on the duration of the excitation signal.
Doubling the signal duration increases the SNR by 3 dB.
Usually, for HRTFs, longer measurements are achieved by
repetitions of short measurements.

Another reason for extending the excitation signal in
time is the reverberation of the recording environment.
This reverberation requires the measurement to be pro-
longed in order to avoid artifacts such as time aliasing or
truncation of the impulse response (IR) of the measured
system. Usually HRTF measurements are performed in an
anechoic chamber, where the reverberation time is very
short. If an anechoic chamber is unavailable, measure-
ments are performed in a sound booth with nonnegligible
reverberation. This requires excitation signals longer than
the time period where the reverberation decreases to the
noise floor. However, for measuring HRTFs, the subject
must keep still during the total measurement. Thus in this
case the duration of the excitation signal is a compromise
between technical requirements and the subject’s comfort.

In addition to SNR and measurement duration, two fur-
ther issues should be considered—nonlinear distortions
and time variability. Presenting signals via loudspeakers
yields nonlinear distortions, mostly due to the saturation
effects of the loudspeaker membrane and the nonlinearity
of the gain characteristics of the power amplifier. Due to
these distortions, the measurement chain amplifier–
loudspeaker–room–ear–microphone–amplifier has to be
described as a weakly nonlinear system. This can be mod-
eled as a Volterra series with a small distortion factor [20].
The nonlinear artifacts are caused by the equipment and
must be separated from the linear component to obtain the
HRTF. Furthermore, due to the fact that the subject’s head
position may move during the identification process, the
HRTF measurement must be considered as an identifica-
tion of weakly time-variant systems. Small head move-
ments are unavoidable, even if the subject is kept under
surveillance with a head-tracking system. Thus the mea-
surement method of choice should be robust against small
changes of the measured system.

Several system identification methods were taken into
consideration. The first one, the periodic impulse excita-
tion (PIE), uses a pulse train as the excitation signal and is
relatively easy to implement [21]. For long impulse re-
sponses the response signal has very low energy content
with respect to the peak amplitude (such as a high crest
factor), resulting in a low SNR. Thus many repetitions
have to be done to obtain a sufficient SNR. Another pro-
cedure, the dual-channel FFT [19], uses Gaussian white
noise as the excitation signal. Its disadvantages are a high

Fig. 1. Signal path for identification of systems such as HRTFs. Setup shown is for one channel only.
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crest factor and its stochastic nature, which necessitates
many repetitions of the measurement. The family of binary
pseudorandom sequences [22] offers signals with a crest
factor of 1. This allows measurements with the highest
available SNR of signals with the same amplitude and
duration. The most popular pseudorandom sequence is the
maximum-length sequence (MLS). It has been applied
successfully for system identification [23]. Unfortunately
measurements with the MLS are sensitive to nonlinear
distortions [24]–[27]. This problem can be reduced by
lowering the amplitude of the signal [24], but this also
results in lowering the SNR. The length of an MLS is
always 2n − 1(n ∈ IN) samples. Thus obtaining longer IRs
from MLSs can be a very time-consuming process since
the well-known fast Fourier transform (FFT) [28] based on
the radix-2 algorithm cannot be applied for these calcula-
tions. Another type of binary pseudorandom sequences are
Golay codes [29], which have a length of 2n(n ∈ IN)
samples. They allow usage of the FFT and faster processing.
As a disadvantage, it has been shown that measurements
of HRTFs using Golay codes can lead to nonnegligible arti-
facts due to head movements [30]. The general problem of
high sensitivity to nonlinear distortions remains unsolved
using binary pseudorandom sequences [26], [27].

Another signal type, nonperiodic frequency modulated
sweeps, can be applied for system identification [19], [31],
[32]. In particular, the system identification with exponen-
tial sweeps (ES) shows some promising properties:

1) Separation of linear and nonlinear parts of weakly
nonlinear systems

2) Low crest factor of √2 resulting in a high SNR
3) Fast processing using the FFT
4) Deterministic signal generation
5) Definition of the measured frequency range
6) Low sensitivity to transient noise, having an impact

within a narrow frequency band only.

Thus the system identification with ES is a promising
method for HRTF measurements. It was introduced by
Farina [32] and was described in detail by Müller and
Massarani [19] as a general system identification method
for electroacoustic systems. MESM relies on the system
identification with ES. Thus a short introduction to the ES
method is given in the next section.

2 EXPONENTIAL SWEEP METHOD

The ES is a sweep in frequency from �1 to �2 with
length T,

x�t� = sin��1

T

c
�et�c�T − 1��, t ∈ �0, T� (1)

where c/T is the slew rate, with c � ln(�2/�1). An ex-
ample of an ES is shown in Fig. 2.

A weakly nonlinear system excited by an ES produces
a response signal y(t) with higher order harmonics (see
Fig. 3 as an example). To complete the system identifica-
tion the output signal y(t) is processed to s(t),

s�t� = y�t� * x��t� (2)

where x�(t) is the inverse1 sweep. The inverse sweep com-
pensates for the group delay and the magnitude spectrum
of the excitation signal. It can be derived from the exci-
tation signal by applying the inverse Fourier transform,

X���� =
X�−��

|X���2 |
(3)

where X(�) is the complex spectrum of the excitation
sweep x(t) and X�(�) is the complex spectrum of the in-
verse sweep. Fig. 4 shows s(t) as an example for the de-
convolution of the response signal in Fig. 3.

1Inverse with respect to the convolution, x(t) * x�(t) � �(t).

Fig. 2. ES spectrogram from 50 to 20 000 Hz, 1.5-s duration.
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The result s(t) is a series of harmonic impulse responses
(HIRs). The HIRs are arranged in ascending order k from
right to the left. The rightmost part of s(t), beginning at
k � 1, represents the first-order HIR, which is the IR of
the linear part of the measured system. The length of the
IR is given by L1. The remaining parts, to the left of the IR,
represent higher order HIRs of the measured system. The
parameter Lk describes the duration of the kth HIR. The
exact distance from the start of the kth HIR relative to the
start of the IR is given by [32]

�k =
T

c
ln k. (4)

For the most weakly nonlinear audio systems the energy of
the kth HIR decreases with increasing order k, and only a

certain number K of HIRs can be identified in s(t). (K �
5 in the example from Fig. 4.) It is evident that if the IR
does not overlap with other HIRs, it can easily be sepa-
rated from the rest of s(t) by windowing.

For a satisfactory system identification the sweep dura-
tion T must be well chosen. The choice must be made
considering two aspects. First the necessary sweep dura-
tion depends on the SNR requirements and the noise con-
ditions of the room. Assuming an uncorrelated noise, the
SNR can be increased by 3 dB by doubling the sweep
duration. Second the HIRs must not overlap each other.
This can be achieved by choosing a sweep duration con-
siderably higher than the reverberation time. In practice
the sweep duration is chosen on the basis of trial and error.
As a guideline, Müller and Massarani [19] describe some

Fig. 3. Response-signal spectrogram of weakly nonlinear system excited with ES of Fig. 2. System is a notch filter with center
frequency at 12 kHz and additional weak nonlinearity and noise.

Fig. 4. Series of harmonic impulse responses (HIRs) of weakly nonlinear system as a result of deconvolution of response signal of Fig.
3. Data were normalized and are presented in dB.
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effects of the sweep duration on the results in high-quality
measurements of room IRs.

3 MULTIPLE EXPONENTIAL SWEEP
METHOD (MESM)

The easiest, unoptimized method for the identification
of multiple systems is to identify them system by system.
This is achieved by playing the exponential sweep via a
loudspeaker for the first system and recording the response
signal. Then the procedure is repeated for each remaining
system. Because of the reverberation additional length of
L1 must be considered in the recording duration for each
system. For N systems this results in a measurement du-
ration of

TES = �T + L1�N. (5)

In the MESM the sweeps overlap in time. This results in
a shorter measurement duration of multiple systems. The
timing of the excitation of the systems is essential to pre-
vent a superposition of IRs with other HIRs. MESM pro-
vides the following:

1) Identification of the linear parts of weakly nonlinear
systems

2) Correct timing of sweeps
3) Optimization of the measurement duration at a given

SNR.
The derivation of the timing is based on the interaction

of two mechanisms—interleaving and overlapping.

3.1 Interleaving
Consider the effect of applying a sweep to a weakly

nonlinear system and, after a small delay, applying the
same sweep to a second system. Recording the summed
response signal and applying the deconvolution process
will result in a signal where the HIRs of the two systems
are interleaved in time. The interleaving mechanism re-

sults from delaying the excitation of the second system in
such a way that its IR is placed between the IR and the
second-order HIR of the first system. This process can be
easily generalized to interleave HIRs of as many systems
as necessary. Fig. 5 shows a response signal for the inter-
leaving using four sweeps.2 The result of the deconvolu-
tion of this signal is shown in Fig. 6.

The end of the second-order HIR and the beginning of
the IR must be sufficiently separated to include all IRs.
The separation is achieved by stretching the sweep to get
�2 − L2 > L1(� − 1) (see Fig. 4), where � is the number of
interleaved systems. Using Eq. (4) the sweeps must have a
minimum duration of

T � = ��� − 1�L1 + L2�
c

ln 2
. (6)

In cases where T� could be smaller than the original du-
ration T, the new duration T� must be set to T to fulfill the
SNR requirements. With the new sweep duration T� the
beginning of the kth HIR, relative to the beginning of the
IR, is given by

��k =
T �

c
ln k. (7)

To apply the interleaving procedure in a measurement, the
sweeps are played at the time (i − 1)L1, where i is the

2Notice the thin curves in Fig. 5 to the right of the linear
responses of the four systems. They represent the intermodula-
tion components probably resulting from the nonlinearity of the
microphone preamplifier. After the deconvolution the intermodu-
lation components appear as peaks after the last IR (between 5.9
and 6.5 s in Fig. 6). Because of their low amplitude and good
temporal separation from the IRs the intermodulation compo-
nents do not affect the interesting parts of the data and can be
ignored in this study.

Fig. 5. Response-signal spectrogram as an example of interleaving using four sweeps.
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index of the identified system, 0 < i � �. The last sweep
ends at T� + (� − 1)L1. The recording of the response
signal must be extended by L1 at the end of the last sweep
to capture the reverberation of the last system. Thus the
measurement duration for a group of � interleaved sys-
tems is given by

Tgrp = T � + �L1. (8)

The measurement duration for N systems using the inter-
leaving mechanism for � systems results in

TINT =
N

�
Tgrp =

N

�
T � + NL1. (9)

A comparison of Eqs. (9) and (5) shows that T� and �
determine the change in the measurement duration. If their
ratio is smaller than T then the interleaving mechanism
results in an improvement in the measurement duration.
An additional improvement can be achieved by introduc-
ing the overlapping mechanism.

3.2 Overlapping
In the most simple and straightforward method for the

system identification of multiple systems, it is logical to
play a single sweep, wait for its end, wait the length of the
reverberation time, and then play the next sweep. How-
ever, in systems with a small number of harmonics, which
is the case for weakly nonlinear systems, it is not neces-
sary to wait for the end of the previous sweep. As long as
the highest harmonic of the next sweep response does not
interfere with the reverberation caused by the previous
sweep the sweeps may overlap in time. An example of a
response signal for four overlapping sweeps is shown in
Fig. 7. In this example the second sweep begins already at
0.7 s while the first sweep is being played until 1.5 s. The
deconvolution result of the response signal is shown in
Fig. 8. It is evident that even though the sweeps overlap in

time, the responses of the systems do not interfere with
each other. Notice the difference in the interleaving
mechanism: the HIRs of the particular systems are not
interleaved in the overlapping mechanism.

If a sweep starts too early, the HIRs of the correspond-
ing system overlap the IR of the previous system. In this
case the information about the linear part of this system is
destroyed. Thus a sufficient delay between two sweeps
must be provided. The minimum delay preventing super-
imposing the information is given by

�tOV = �K + L1 =
T

c
ln K + L1 (10)

where K is the maximum number of harmonics found in
s(t). Overlapping N sweeps, the measurement duration is
given by

TOV = T + �N − 1���K + L1�. (11)

3.3 Combining Interleaving and Overlapping
Both mechanisms, interleaving and overlapping, are

combined to form the MESM. First, interleaving for �
systems is applied, resulting in N/� groups. Then these
groups are overlapped with the intergroup delay of ��K +
�L1. For a given �, the excitation time for the ith sweep is
calculated by

ti = L1�i − 1� + �� i − 1

� ����K (12)

where 0 < i � N and �x� denotes the next lower integer of
x. During the excitation of the systems the response signal
y(t) is recorded. It represents the sum of the individual
responses of the systems. Fig. 9 shows an example of such

Fig. 6. Series of IRs (higher peaks) and higher order HIRs (lower peaks) of four weakly nonlinear systems. Data correspond to signal
of Fig. 5. Series was normalized and is presented in dB. Time axis was adjusted to show important features of signal.
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a response signal.3 Applying deconvolution on this signal
results in a series of HIRs, as shown in Fig. 10.

The extraction of a particular IR is done by windowing
the signal s(t). The shift of the window corresponds to the
measured system and can easily be derived from ti. Pro-
vided the timing parameters are correct, the IRs can be
separated without any artifacts. The higher order HIRs
partially overlap each other, destroying the information

about the nonlinear parts of the systems. However, this is
not relevant in cases where only the transfer functions are
of interest.

The measurement duration is given by

TMESM = T � + ��K�N

�
− 1� + NL1. (13)

Comparing Eqs. (5) and (13) the term TN changed to
T � + [1 + (N − �)(ln K/�c)]. This shows that in MESM the
measurement duration does not depend on the number of
systems N only. It can be reduced for lower K values
and/or for � values higher than 1. This means that accord-
ing to Eqs. (13) and (5), the measurement duration finally
depends on the parameters c, L1, L2, and K. The constant
c is given by the start and end frequencies of the sweep.

3Notice the thin curves in Fig. 9 to the right of the linear
responses of the two interleaved groups. They represent the in-
termodulation components described in footnote 2 and appear
after the deconvolution as peaks (in Fig. 10 at 2.5 and 3.6 s).
They interfere only with the higher order HIRs of the subsequent
systems. Thus they have no relevance in this study.

Fig. 7. Response-signal spectrogram as an example of four overlapped sweeps.

Fig. 8. Series of HIRs calculated from signal of Fig. 7. Data were normalized and are presented in dB.

PAPERS MULTIPLE EXPONENTIAL SWEEP METHOD

J. Audio Eng. Soc., Vol. 55, No. 7/8, 2007 July/August 629



The other parameters are derived from a preliminary mea-
surement before using MESM, which is discussed in the
next section.

3.4 Measurement Procedure
The values L1, L2, and K are required for the calculation

of the MESM parameters—sweep duration T� and excita-
tion time ti. These parameters are obtained from the ref-
erence measurement performed prior to the first measure-
ment with MESM. The reference measurement is done
using an unoptimized method (such as the ES or MLS
method) and should represent the baseline condition for
further measurements with the same equipment. In the
case of HRTF measurements, the reference measurement

is performed in the absence of the subject, with micro-
phones placed in the center of the loudspeaker arc. It is
important that the retrieved parameters do not change no-
ticeably when switching from the reference to the actual
measurement of the systems. This can be assumed for the
HRTF measurement, as outlined in the following. It is
assumed that the HRTF measurement is performed in a
semianechoic chamber. Placing microphones in the ear
canals does not change the IR length noticeably because
the duration of HRTF filters is short (several milliseconds)
compared to the duration of the room IRs (up to several
hundreds of milliseconds). Furthermore this does not add
additional nonlinear components to the response signals
because the HRTF is a linear filter. Thus the parameters

Fig. 9. Recorded-signal spectrogram as an example of a system identification using MESM (two groups of interleaving for two sweeps).

Fig. 10. Series of HIRs obtained from signal of Fig. 9. Data were normalized and are presented in dB. Notice that although IRs can
be separated by windowing, HIRs partially overlap each other.
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L1, L2, and K do not change noticeably from the reference
measurement to the HRTF measurement.

The reference measurement results in HIRs for all audio
channels, where the parameters, L1, L2, and K are derived
for every individual channel. They may differ from chan-
nel to channel. Considering that the differences between
channels correspond to different elevations, the following
simplification allows to reduce the number of parameters.
By changing the excitation position in the room, the oc-
currence of early reflexions in the room IR may vary, but
the reverberation time does not change considerably.4 This
means that the parameters L1 and L2 are similar for all
channels as they describe the reverberation time of the
systems. Thus the maximum values of all channels for L1

and L2 can be used for MESM. The parameter K is the
number of harmonics in the response signal and describes
the extent of the nonlinearity of the equipment. Using the
same type of amplifier and loudspeaker for all audio chan-
nels reduces the variability of K between the channels. In
the case of a different K for every channel, the maximum
value of K is used for optimization with MESM.

Once the values L1, L2, and K are known, the optimal
number of interleaving and the timing of excitation are
calculated. Then the measurements using MESM can be
performed. Switching from the ES method to MESM one
additional aspect must be considered—the amplitude of
the excitation signals. Using MESM, multiple audio chan-
nels are used simultaneously. The sound waves created by
different loudspeakers superimpose each other in the
room. The microphones capture the summation result in
the room (for the reference measurement) or in the ear
canal (for the HRTF measurement). Depending on the
number of overlapped sweeps, the amplitude of the sum-
mation signal is higher than the amplitude of the indi-
vidual signals. This may result in clipping at a microphone
preamplifier or at the analog-to-digital converter. Further-
more, for very high sound pressures, additional nonlinear
components can be introduced by the microphone, causing
changes in the parameter K. To avoid these problems suf-
ficient headroom must be considered during the reference
measurement. The following procedure is suitable to deal
with the amplitude problem.

1) Perform the reference measurement using ES. Deter-
mine the sweep duration and excitation amplitude fulfill-
ing the SNR requirements and allowing enough headroom
for every audio channel.

2) Retrieve parameters L1, L2, and K from the HIRs. Use
them to calculate the MESM parameters.

3) Perform the reference measurement using MESM.
Adapt the amplitude to obtain enough headroom. The SNR
requirement may not be met due to the lowering of the
amplitude.

4) Repeat the reference measurement using ES. Check
the SNR and extend the sweep duration if the SNR is too
low. Do not change the amplitude.

5) Calculate the MESM parameters using L1, L2, and K
from the first measurement and the new sweep duration
from the latest measurement.

Assuming no changes in the equipment and room con-
figuration this procedure is performed only once and results
in the MESM parameters for all further measurements.

3.5 Optimization of Parameters
Assuming that the parameters L1, L2, K, and T are

known, the MESM parameters are calculated, resulting in
the measurement duration TMESM. TMESM can be opti-
mized with regard to either of the two criteria—shortest mea-
surement duration or highest SNR of the measurement.

In the first case the sweeps are overlapped and stretched
to get the shortest possible measurement duration without
lowering the measurement SNR. This can be achieved by
finding the optimal number of interleaved systems �opt,T

for which T � � T and TMESM is a minimum. To get �opt,T,
TMESM is calculated by expansion of Eq. (13) with Eqs. (6)
and (7),

TMESM��� =
1

ln 2 ��L1�c − ln K� + � L2 − L1

c − ln K
+ NL1 ln 2K�

+
�L2 + L1�N ln K

� �. (14)

The solution of Eq. (14) with respect to � implies two
cases,5 L1 � L2 and L1 < L2, which must be handled
separately. The first case is the usual case for weakly
nonlinear systems where the reverberation of the linear
part is longer than the reverberation of the second-order
harmonic. In this case the solution for TMESM has a nega-
tive pole at � � 0 and is a strictly monotonically increas-
ing function. Thus for the shortest measurement duration
�opt,T is the lowest � not breaking the requirement of T� �
T. This is solved by using Eq. (6) to get

�opt,T = �T ln 2
cL1

+
L1 + L2

L1 �
L1�L2

(15)

where �x� is a function that returns the next higher integer
of x. The solution for the second case, L2 > L1, can be
found by differentiation of Eq. (14). But this case is rather
unusual for weakly nonlinear electroacoustic systems and
is not handled explicitly here.

In the second optimization mode the SNR is maximized
with the condition that the measurement duration does not

4The reverberation time of a room primarily depends on the
sound absorption of the walls, floor, and ceiling. For a diffuse
sound field, the position of the sound source has no effect on the
sound absorption. In reverberant rooms the sound field becomes
diffuse very fast because of a high density of reflections. Thus the
reverberation time is assumed to be almost position independent.

5The solution of Eq. (14) requires (c/ln K) > 0. This is the case
if K�1 � �2. The opposite case, K�1 > �2, corresponds to cases
where the frequency of a relevant harmonic in the response sig-
nal is higher than the end frequency of the sweep. Identification
of nonlinear systems may lead to this. However, the convolution
of such a response signal with the inverse sweep acts like a
bandpass filter, cutting all frequencies below �1 and above �2.
Thus in further analysis K�1 � �2 can always be assumed.
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exceed the duration obtained with the unoptimized
method. The SNR gain g represents the SNR relative to the
SNR obtained with the unoptimized method and can be
defined as

g = 10 log10�T �

T �. (16)

Following this definition, g increases monotonically with
T�. Furthermore T� increases monotonically with � [see
Eq. (6)], showing that g grows with �. Therefore the goal
is to find the highest � fulfilling the condition TMESM �
TES. To achieve that, Eqs. (13) and (5) are combined to

T � + ��K�N

�
− 1� � NT. (17)

After multiplication of Eq. (17) with � and substitution
with Eqs. (6) and (7), the resulting quadratic inequality is
solved, resulting in �opt,SNR, the optimal number of inter-
leaved sweeps for highest g. The formula of the analytic
solution exceeds the scope of this paper and can be ob-
tained from the authors upon request. For a given �opt,SNR

< N, T� results from Eq. (6). In cases where �opt,SNR � N,
following Eq. (8), T� is given by

T � = TES − NL1. (18)

With these optimization results the excitation time for
each sweep is calculated using Eq. (12). Then the system
identification can be performed following the procedure
described in Section 3.4.

4 HRTF MEASUREMENT AS AN APPLICATION
OF MESM

The MESM was used to speed up an HRTF measure-
ment. The facilities included a semianechoic room with
dimensions of 5.5 m × 5.5 m × 4 m and a reverberation
time of 80 ms (at 150 Hz). A 24-channel digital audio
interface (RME ADI-8) with a sampling rate of 48 kHz
and a resolution of 24 bit was used. The A-weighted sound
pressure level (SPL-A) of the background noise in that room
was 18 dB (20 	Pa) on a typical weekday. Twenty-two

loudspeakers (custom-made boxes with VIFA 10 BGS as
drivers; variations in the frequency response ±4 dB in the
range from 200 to 16000 Hz) at fixed elevations from −30°
to 80° were used. They were driven by amplifiers adapted
from Edirol MA-5D active loudspeaker systems. The
loudspeakers and the arc were covered with acoustic
damping material to reduce the reflection from the adja-
cent parts. The total harmonic distortion of the loudspea-
ker–amplifier systems was on average 0.19% (at 63 dB
SPL and 1 kHz). The in-ear microphones (Sennheiser KE-
4-211-2) were connected via preamplifiers (RDL FP-
MP1) to the digital audio interface. The microphones had
low sensitivity to the acoustic signal due to their small
diameters (4.75 mm). Thus a length of the ES (frequency
range from �1 � 50 Hz to �2 � 20 kHz) of about 1.5 s
was essential to achieve a SNR of at least 70 dB. For the
reference measurement the left-ear microphone was placed
in the center of the loudspeaker arc. The amplitude of the
signals was adjusted to an SPL-A of 63 dB (20 	Pa).

The reference measurements of all channels were per-
formed using the ES method. The sweep duration was 2 s
for all channels. The results of three representative chan-
nels are measured in Fig. 11. Fig. 11(a) shows a series of
HIRs for channel 16 (elevation 5°), which represents the
channel with the longest reverberation of the IR, L1 � 90
ms. Fig. 11(b) shows a series of HIRs for channel 5 (el-
evation 10°), which represents the channel with the longest
reverberation of the second-order HIR, L2 � 10 ms. Fig.
11(c) shows the series of HIRs for channel 11 (elevation
70°). This channel showed the highest number of harmon-
ics K for all channels. The threshold to identify HIRs was
chosen at 70 dB below the peak amplitude. Comparing
these three panels, it is evident that the parameters L1 and
L2 did not vary noticeably.

The following parameters were used to configure the
measurement with MESM: L1 � 100 ms, L2 � 10 ms, and
K � 5. Applying these parameters to Eq. (15) results in
� � 3 and T� � 1.815 s. This implies seven overlapped
groups of three interleaved sweeps and one additional
sweep. The excitation delays for each sweep were calcu-
lated according to Eq. (12). Then the system identification

Fig. 11. Reference measurement using ES method; series of HIRs for different channels. (a) Channel 16 (elevation 5°), showing longest
reverberation time of 90 ms in impulse response. (b) Channel 5 (elevation 10°), showing longest reverberation time of 10 ms in
second-order HIR. (c) Channel 11 (elevation 70°), showing highest number of harmonics of K � 5 found in HIR series of all channels.
Data were normalized and are presented in dB.
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of all 22 channels was performed using the MESM. Fig.
12 shows the spectrogram of the recorded signal at the
microphone. This signal was deconvolved using the in-
verse sweep to a series of HIRs, which is shown in Fig. 13.
This figure shows a good separation of the IRs, whereas
the higher order HIRs overlap and destroy the information
about the nonlinear parts of the systems. The IRs repre-
senting the room IR for each channel were separated using
appropriate windows.

As an example, the IR of channel 16 (elevation 5°) is
shown in Fig. 14. For comparison the impulse response of
the same channel measured with ES is shown in Fig. 15.
This impulse response was obtained from the series of
HIRs shown in Fig. 11 by windowing. Even though there

should not be any difference between the two data, the IRs
do not match each other perfectly because of the noise in
the response data. To estimate the differences in a statis-
tical way the relative root mean square error between
the amplitude spectra within the interval (�1, �2) was
investigated,

e% =��� |HMESM | − |HES | �2

� |HES | 2
100% (19)

where HMESM and HES are the transfer functions of a
channel measured using MESM and ES, respectively. For
all 22 channels the error was e% � 0.6 ± 0.06%. This is

Fig. 12. Reference measurement using MESM. Recorded-signal spectrogram during excitation of 22 channels.

Fig. 13. Series of HIRs obtained from signal of Fig. 12. Data were normalized and are presented in dB.
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within the range of the measurement repeatability6 of 0.7
± 0.7%. It actually shows that there is no significant dif-
ference between these two measurement methods.

The measurement duration of all 22 channels was
TMESM � 7.103 s. Compared to the measurement duration
for the unoptimized method (TES � 35.2 s for T � 1.5 s),
a reduction by factor of five could be achieved.

The measurement of an HRTF set includes HRTFs for
1550 different spatial positions. The positions are distrib-
uted on the sphere with a constant spherical angle. The 22
channels of our system corresponded to elevations from

−30° to +80° in steps of 5°. The resolution in the horizon-
tal plane was 2.5°. On average 11 channels were measured
for one horizontal position. The measurement duration of
an HRTF set using the ES method would be 41 min. With
MESM the measurement duration could be reduced to 10
min, which is only 24% of the duration using the unopti-
mized method.7

The HRTF measurement was configured to optimize the
measurement duration. However, the MESM can also be
configured to increase the SNR of a measurement. In such
cases �opt,SNR is calculated by solving Eq. (17). In this

6The repeatability of the system identification was investi-
gated by calculating the relative error between 120 measurement
repetitions.

7The time required to rotate the subject on the turntable was
about 2 min, and it influences the measurement duration equally
for both methods. Thus it is not included in the calculations.

Fig. 14. Logarithmic and normalized room impulse response for channel 16 (elevation 5°) obtained with MESM.

Fig. 15. Logarithmic and normalized room impulse response for channel 16 (elevation 5°) obtained with ES.
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example this resulted in �opt,SNR � 22 and T� � 33 s. The
achieved SNR gain was g � 13.4 dB, although the mea-
surement of 22 channels with MESM takes the same time
as the measurement without optimization (TMESM � TES

� 35.2 s).
A comparison of the SNR gain and the improvement in

measurement duration for interleaving different numbers
of sweeps is shown in Tab 1.

5 CONCLUSIONS AND PERSPECTIVES

A new method for system identification, the multiple
exponential sweep method (MESM), was introduced.
MESM was developed for the system identification of
multiple weakly nonlinear electroacoustic systems where
linear transfer functions are of interest. MESM is based on
the system identification using exponential sweeps. It
shows the largest improvement in measurements where
long excitation signals are required. Thus MESM is rec-
ommended for measurements under noisy conditions and/
or in reverberant rooms. MESM can be optimized in two
modes—to obtain the shortest measurement duration with-
out reducing the SNR or to achieve as much SNR as
possible without extending the measurement duration.
MESM shows an excellent robustness against nonlinear
distortions. The linear responses of the systems are mea-
sured without any artifacts of the nonlinear parts, resulting
in the transfer functions of the measured systems. With
respect to the question of sensitivity to the time variance,
one may expect the same robustness to the time variance
for the MESM as for the ES method. However, assuming
the time variance to be a stochastic process in time, the
artifact probability is lower for MESM due to the shorter
measurement duration. Thus, on average, MESM is more
robust than the ES method for weakly time-variant systems.

As an application of MESM, the measurement duration
of the HRTF measurement was optimized. The measure-
ment setup consisted of 22 loudspeakers, which allowed
the HRTF measurement of 22 different elevations at once.
The measurement duration for the 22 HRTFs could be
reduced to 20% of the duration required for the unopti-

mized method. Measuring an HRTF set with 1550 posi-
tions, the measurement duration was reduced by a factor of
four. Therefore this optimization mode is applicable for
the fast identification of multiple systems such as HRTFs
in a semianechoic sound chamber using ordinary multi-
channel equipment.

Furthermore the second optimization mode of MESM,
achieving a higher SNR, was investigated based on the
HRTF measurement equipment. Compared to the unopti-
mized method, the SNR could be increased by 13.4 dB.
This optimization mode can be used for the identification
of multiple systems, where the highest possible SNR is
required and the measurement duration is not relevant.

In general MESM can be applied to different system
identification tasks. For example, MESM can be applied
for the measurement of the spatial characteristics of mi-
crophones, where excitation signals from different spatial
positions are recorded by the test microphone [33]. A simi-
lar setup can be used for the measurement of room IRs for
different excitation positions. An example for such a setup
is the synthesis of sound fields in rooms [34], [35]. Also
the in situ measurement of absorption and reflection co-
efficients requires excitations from different angles of in-
cidence [36] and uses a similar setup.

Furthermore MESM can be analyzed in the context of
linear system theory [37], where the MESM setup represents
an application of a single-input multiple-output (SIMO)
system [38], [39]. If the excitation signals are simulta-
neously recorded at different spatial positions, then the SIMO
system is extended to a multiple-input multiple-output
(MIMO) system. Actually our HRTF measurement setup is
an example of a MIMO system, because the signals for the
left and right ears are recorded simultaneously. From this
point of view MESM can be applied to different system
identification tasks of acoustic MIMO systems used for
beamforming, source separation, or echo cancellation [34].

As an outlook, the system identification with exponen-
tial sweeps provides much room for improvements during
the postprocessing. For example, further SNR improve-
ments may be achieved by suppressing noise and extract-
ing the relevant parts from the recorded signal using time-
variant filters such as Gabor multipliers [40]. First
heuristic tests showed some improvement from denoising
in low-energy regions of measured spectra.
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