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Compared to using pseudo-noise dgnds, trandfer function measurements using sweeps
& exdtdaion dgnd show dgnificantly higher immunity againg  digtortion and time
vaiance. Cgpturing binaurd room impulse responses for high-qudity aurdization
purposes requires a signd-to-noise ratio of >90dB which is unattanable with MLS-
measurements due to loudspesker non-linearity but fairly easy to reech with sweeps due
to the posshility of completey rgecting harmonic digtortion. Before invedtigaing the
differences and practicd problems of measurements with MLS and sweeps and arguing
why sweeps are the preferable choice for the magority of measurement tasks, the
exiging methods of obtaining transfer functions are reviewed. The continud need to use
pre-emphasized excitation sgnas in acousticd measurements will dso be addressed. A
new method to create sweeps with arbitrary spectra contents, but constant or prescribed
frequency-dependent temporal envelope is presented. Findly, the possbility of
amultaneoudy andysng transfer function and harmonicsisinvestigated.



0 INTRODUCTION

Measuring transfer functions and their associated impulse responses (IRs) is one of the
most important daily tasks in dl areas of acoudtics. The technique is practicaly needed
everywhere. A loudspesker developer will check the frequency response of a new
prototype many times before releasing it for production. As the onraxis response does
not sufficiently characterize a loudspesker, a full sat of polar daa requiring many
measurements is needed. In room acoudtics, the IR plays a centrd role, as many
acoudtical parameters related to the perceived quality can be derived from it. The room
transfer function obtained by Fourier-trandforming the RIR may be useful to detect
modes a low frequencies. In building acoudics, the frequency dependent insulation
agang noise from outsde or other rooms is a common concern. In vibroacoudtics, the
propagation of sound waves in maerids and radiation from their surface is a vast field
of gmulation and verificaion by measurements with shakers. Profiling by detection of
reflections (sonar, radar) is another area closdy linked to the measurement of IRs.

While many of these measurement tasks do not require an exorbitant dynamic range, the
gtuation is different when it comes to acquiring room impulse responses (RIRS) for use
in convolutions with dry anechoic audio materid. Because of the wide dynamic range of
our auditory sysem and the logarithmic relationship between sound pressure leve
(SPL) and perceived loudness, any abnormadities in the reverberant tal of a RIR are
eadly recognizeble. This is especidly apparent when speech, with its long intermediate
pauses, is used for convolution and when the aurdization results are monitored with
headphones, as required for virtua redity based on binaura responses. As today’s
digitd recording technology offers 9gnd-to-noise ratios (SNR) in excess of 110dB, it
does not seem too daring to demand an SNR for measured RIRs that is a least
equivaent to the 16 bit CD standard.

This work has been fuded by the condant disgppointment from maximum-length
sequence (MLS) based measurements of RIRs. Even under optimad conditions, with a
supposed absence of time variance, very little background noise, appropriste pre-
emphass and an abitrary number of synchronous averages, it seems impossible to
achieve a dynamic range superior to that of, say, an analogue tape recorder. The reason
for this is that in any measurement usng noise as the exctation sgnd, digortion
(mainly induced by the loudspeaker) spreads out over the whole period of the recovered
IR. The ensuing noise level can be reduced usng longer excitation sSgnds, but it can
never be isolated entirely. Although distortion can be reduced using lower volume, this
leeds to more background noise which contaminates the results. Hence, some
compromise levd must be carefully chosen for each messurement dte [34], often
leaving the power cgpabiliies of the driving amplifier and the spesker largdy
unexploited.

In contrast, usng sweeps as excitaion sgnas relieves the engineer to a great extent
from these limitations. Udng a sweep somewha longer than the RIR to be measured
dlows the excduson of dl hamonic digortion products practicaly leaving only
background noise as the limitation for the achievable SNR. The sweep can thus be fed
with consderable more power to the spesker without introducing atifacts in the
acquired RIR. Moreover, in anechoic conditions, the distortion can be classfied into



sngle hamonics related to the fundamentd, dlowing for a Smultaneous measurement
of trander function and frequency-dependent distortion. This possbility dready
anticipated by Griesnger [1], Norcross’Vanderkooy [42] and eventudly described in
Farina[2] will be further examined in section 5.

Sweep-based measurements are dso condderably less vulnerable to the deeterious
effects of time variance. For this reason, they are sometimes the only option in long-
distance outdoor measurements in windy weather conditions or for measurements of
anaogue recording gear.

1 EXISTING METHODS

Quite a number of different ways to measure trandfer functions have evolved in the past
century. Common to dl of them is tha an exctation sgnd (imulus) containing dl the
frequencies of interest is used to feed the device under test (DUT). The response of the
DUT s captured and in ®me way compared with the origind signd. Of course, there is
adways a certain amount of noise, reducing the certainty of a measurement. Therefore, it
is degrable to use excitation sgnas with high energy 0 as to achieve a sufficient SNR
in the whole frequency range of interest. Using gating techniques to suppress noise and
unwanted reflections further improves the SNR. In practice, there is dways a certan
amount of nonlinearity, and time-variances ae adso commonplace in acoudtica
measurements. We will see tha the different measurement methods reect quite
differently to these kinds of disturbances.

11 The Level Recorder

One of the oldest methods of bringing a transfer function onto paper dready involved
sweeps as excitation sgna. The DUT’s response to a sweep generated by an andogue
generator is rectified and smoothed by a low-pass filter. The resulting voltage is input to
a differentid amplifier whose other input is the voltage deived from a discrete
precison potentiometer which is linked mechanicdly to the writing pen. The
differentid amplifier's output controls the writing pen, which is swept over a shet of
paper with the gppropriate scade printed on it. The potentiometer may be ether linear or
logarithmic to produce amplitude or dB readings on the paper.

Obvioudy, this method does not need any digital circuitry and for many years, it used to
be the standard in frequency response testing. Even today, the famous old B&K leve
writers can be seen in many laboratories, and due to their robustness they may continue
S0 in the future.

The excitation dgnd being used is a logarithmic sweep, which means that the frequency
increases by a fixed factor per time unit (for example, it doubles every second). As the
paper is moved with congtant speed under the writing pen, the frequency scae on the
paper is correspondingly logarithmic. The FFT spectrum of such a logarithmic sweep
declines by 3 dB/octave. Every octave shares the same energy, but this energy spreads
out over an increesing bandwidth. Therefore the magnitude of each frequency
component decreases. We will later see that this excitation sgna, which has dready
been in use for such a long time, has some unique properties that keep it attractive for
use in the digital word of today. One of these properties is that the spectral distribution



is often quite well adapted to the ambient noise, resulting adso in a good SNR a the
critica low end of the frequency scde.

While the level recorder cannot redly suppress neither noise or reflections, a smoothing
effect is obtained by reducing the velocity of the writing pen. The ripple in a frequency
response caused by a reflection as well as any irregular movement induced by noise can
be “flattened out” by this smple means. If the gpectra detalls to be reveded are too
blurred by the reduced responsiveness of the writing pen, reducing the sweep rate helps
to reestablish the desred spectrd resolution. This way, measurement length and
measurement certainty can be compromised, just as with the more modern methods
based on digital Sgnal processing.

The evident shortcomings of level recorders ae that they do not show phase
information and the produced spectra resde on a sheet of paper indead of being written
to a hard disc for further processng. Clearly, the “horizonta” accuracy of displayed
frequencies cannot match the precison offered by digitd solutions deploying quartz
based clocking of AD- and DA converters. On the vertical scae, the resolution of the
dB or amplitude readings is redricted due to the discrete nature of the servo
potentiometer, which is composed of discrete precision-resstors.

1.2 Time Delay Spectrometry (TDS)

TDS is another method to derive transfer functions with the help of sweeps. Devised by
Heyser [3-6] especidly for the measurement of loudspeskers, it is dso agpplicable for
room acoudic messurements or any other LTI sysem in generd. The principd
functiondity of aTDS andyzer isshownin Fig. 1.
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Fig. 1. TDSsignal processing.
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The andyzer features a generator that produces both a swept sne and, smultaneoudy, a
phase-locked swept cosine. The sne is fed to the loudspesker under test (LUT), and its
captured response is multiplied separately by both the origind sine (to get the trandfer
function's red part) and the 90° phase-shifted cosine (to get the imaginary pat). The
multiplier outputs are filtered by a low-pass with fixed cut off frequency. The
multipliers work smilar to the mixers used in the intermediate-frequency stages of HF
recavers (superhet principle), producing the sums and differences of the input
frequencies. The sum terms of both multiplier outputs must be regjected by the low-pass



filters, whereas the difference terms may pass, depending o their frequency. If both the
generated and the captured frequencies ae dmost equd, the output difference
frequency will be very low and thus not be attenuated by the low-passfilters.

As the sound that travels from the LUT to the microphone arives with a dday, its
momentary frequency will be lower than the current generator signd. This causes a
higher mixer output difference frequency tha, depending on the cutoff frequency, will
be attenuated by the low-pass filters. For this reason, the generated sgnd mugt be
“ime-ddayed” by an amount equivaent to the distance between loudspesker and
microphone before being multiplied with the LUT's response. This way, the difference
frequency will be near DC. In contradt, reflections will aways teke a longer way than
the direct sound and thus arive with a lower ingantaneous frequency, causing higher
frequency components in the multiplier outputs, which will be atenuated by the low-

passfilters.

With proper sdection of the sweep rate and the low-pass filter cutoff frequency,
dmulated quas-free-fidd-measurements are possble with TDS. In addition to the
attenuation of unwanted reflections, distortion products are aso suppressed very waell.
Didortion products arive with a higher ingantaneous frequency and thus cause high
mixer output frequencies. They too will be drongly atenuated by the filters thus
excluding the digurbing influence of the harmonics from the measurement. Likewise,
extraneous noise in the wide band above thefilter cutoff frequency will be rejected.

The controlled suppression of reflections is the mativation why TDS andyzers utilize a
liner sweep (df/dt = condant) as the excitation sgna. The frequency difference
between incoming direct sound and reflection will thereby stay congant over the whole
sweep range, keeping the attenuation of each reflection frequency-independent.

If a logarithmic sweep were used ingteed, the low pass filters would have to increase
their cutoff frequency by a congtant factor per time to avoid a narrowing of the imposed
equivdent time window. (the impact of the low-pass filter is indeed Imilar to the
windowing of IRs in the FFT methods described later.)) On the other hand, the higher
frequency components of a typical loudspesker IR will decay faster than the lower ones.
Thus, a narrowing of the window at higher frequencies (corresponding to “adgptive
windowing” proposed by Rife to process IRs) should even be dedrable for many
measurement  scenarios. It would increese the SNR a high frequencies without
corrupting the IR more than at low frequencies.

There are a number of drawbacks associated with TDS measurements. The most serious
is the fact that TDS uses linear sweeps and hence a white excitation spectrum. In most
measurement setups, this will lead to SNR at low frequencies. If the whole audio range
from 20Hz to 20kHz is swept through in 1 second, then the subwoofer range up to
100 Hz will only receive energy within 4 ms This mogt often is inauffident in a
frequency region where the output of a loudspesker decreases while ambient noise
increases. To overcome the poor spectral energy didtribution, the sweep must be made
very long or the measurement split into two ranges (for example one below and one
above 500 Hz). Both methods extend the measurement time far beyond of what would
be needed physically to perform a measurement of the particular spectral resolution.

Ancther problem is ripple, which occurs a low frequencies. As mentioned previoudy,
the multipliers produce sum and difference terms of the “time-ddayed’ excitation sgnd



and the incoming response. At higher indantaneous frequencies, the sum is sufficiently
high to be atenuated by the output low-pass filter. But a the low end of the sweep
range, when the sum is close to or lower than the low pass cutoff frequency, “beating”
will gppear in the recovered magnitude response. To remedy this, the sweep can be
made very long and the low-pass cutoff frequency reduced by the same factor. The
better method, however, is to repeat the measurement with a “mirrored” setup, that is,
exciting the DUT with a cosne indead of a sne and treet the captured sgnd as
depicted by the dotted lines in Fig 1b. The red part of the complex result of this second
measurement is added to the red part obtained by the previous measurement, while the
imaginary part is subtracted. The effect of this operation is that the sum terms of the
mixer output will be canceled, as shown in [7-9]. As a consequence, thanks to the
absence of the interfering sum terms over the whole sweep range, the low-pass filters
falowing the multiplier stages may be omitted. In fact, they have to be omitted if a full
IR is to be recovered, a case in which obvioudy the low-pass filter impact of atenuating
reflections is not desred. Indeed, the measurement of room acoudtics, which aways
involves acquiring lengthy IRS is only fessble with the double exctation method. If,
however, a loudspesker is the object of interest, it is worth keeping the low-pass filters
inserted in order to regject reflections, noise and harmonics.
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Fig 1b. Full TDSsignal processing. Thedotted signal pathsareused in thesecond run of a
double excitation measurement.

Even with the sum-termrcancding double excitation method, some ripple might ill
appear at the very leginning and a the end of the sweep frequency range because of the
sudden onset of the linear sweep. According to system theory, this switched sine
produces a corrugated spectrum near the initid frequency (see Fig. 15). The switching
corresponds to multiplying a continuous time dgnd with a rectangular window. In the
frequency domain, this corresponds to convoluting the spectrum of the sweep by the
rectangular window's spectrum (that is, the sin(x)/x function). A common way to
crcumvent this problem is to let the excitation sweep dat wel bdow the lowest
frequency of interes. This might ental dating the sweep a “negative’ frequencies,
which in practice means dating a the corresponding postive frequency, then lowering
down to O Hz and from there increasing the frequency normdly [8]. A better possbility
would be to formulate the excitation sweep in the spectrd domain to create a sgnd that
does not suffer spectra leakage (see Fig. 16), aswill be demonstrated in section 4.2.



Of course, the necessty to use the double excitation method to recover a full RIR
further extends the time needed to complete a TDS-measurement. On the other hand,
FFT- or MLS-based methods using periodic simuli in practice dso require emitting the
excitation sgna twice to recover the periodic IR. With these methods, the DUT's
periodic response is captured and processed only in the second run after stabilizing. In
contrast, the TDS double excitation method uses both passes, which endows it with an
additional advantage of 3dB in SNR over MLS, given the same excitation length (both
linear sweep and MLS have a white spectrum). With the absence of the output bw-pass
filters, the spectra resolution of a TDS measurement is just as high as with periodic
excitation of same period length. So a TDS double excitation measurement requires just
about the same time as an MLS measurement to achieve the same spectral resolution.
This contrasts to some TDS-MLS comparisons in the literature [13] in which a certain
TDS low-pass filter frequency is assumed and a correspondent frequency resolution
cdculated, in an atempt to proof that an exorbitant sweep length would be required to
achieve the resolution of a non-windowed MLS measurement. But of course, the impact
of the TDS low-pass filter is equivdent to the gpplication of a window to the captured
IR, and any windowing reduces the spectra resolution. The possbility of performing
amulated free-fild measurements and the associated smoothing effect that occurs when
atenuating reflections with either method is normaly very dedrable for loudspesker
measurements (at least in the higher octave bands).

However, the reaion between TDS sweep rate, low-pass cutoff frequency, and
achieved atenuation of a ddayed reflection is not evident immediatdly, dbet not too
difficult to caculate [10]. But it is more intuitive to ingpect the full IR as derived by
MLS and FFT measurements (or dua excitation TDS) and to postion a window whaose
right leg ends jugt in front of the fird annoying reflection. In this way, dl subsequent
reflections are muted entirely. In contrast, even after laborious adjusment of the cutoff
frequency, TDS is not cgpable of complete reflection suppresson due to the limited
seepness of the low-pass filters. Ther smoothing effect on the captured trandfer
functions is not very wel defined, while windowing offers a wdl-explained [33]
compromise of main-lobe broadening and side-lobe suppression.

Usng sweeps purdy in conjunction with FFT andyss, without multipliers to produce
intermediate  results, obviaes many of the problems inherent in TDS, especidly
inufficient energy a low frequencies and long messurement cycles. However, some
advantages of TDS measurements over measurements with noise sgnas such as MLS
should not be ignored. The higher achievable SNR in a full double-excitation TDS
measurement can be augmented further when taking advantage of the low crest factor of
only 3dB inherent in a swept sne. In practice, MLSs have a crest factor of at least 8dB,
as will be reveded later. TDS measurements should dso offer higher tolerance againgt
time variance and better rgection of harmonic distortion that can be filtered out dong
with noise and reflections.

1.3 Dual-Channel FFT-Analysis

A review of trander function measurement methods would be incomplete without
mentioning dud-channe FFT andysis. It is as old as the fird FFT andyzers and in the
past years has passed through a certain reviva due to the omnipresence of stereo sound
boards in PCs, dthough it neither boasts speed nor precision.
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Fig. 2. Signal processing steps for classical 2-channel FFT analysis with asynchronous
noise used as excitation signal.

A dud channd andyzer captures both the input (channe A in Fig. 2) and the output
sgnd of the DUT (channd B in Fig. 2).

The dgnd is cut in contiguous or overlapping segments which are windowed and then
transformed to the spectra domain via FFT. The two resulting spectra are involved in
three averaging processes. Two for the autospectra

GAA(f):%é|A(f)|2 and c;BB(1f)=%é’l||3(f)|2 (n = number of averages)  (1.1)

which are the sgquared modulus of the spectra for chand A and B, and one for the
Cross-spectrum

Gu() =18 A(F)8(f) (12

which is the complex conjugate of the spectrum for channd A (spectrum A with its
phases negated) multiplied with the spectrum for channd B. While the two autospectra
are rea-vaued and add up both signd and noise power in every measurement run, the
cross spectrum is complex and uncorrelated noise with its random phase spectrum tends
to average out with increasing number of averages[40].

The complex transfer function defined by

_ B(f)
H(f)=—-2 13
() AT (1.3)

can now be computed in two ways. Multiplying both the numerator and the denominator
of the right side of the above equation with A (f) yidds

A (£)B(f) _ G(f)
A(HA(F)  Gu(f)

H,(f) = (1.4)



0 H(f) can be edimated by the divison of the cross spectrum with the autospectrum of
the DUTSs input. On 'Ehe other hand, multiplying both the numerator and the denominator
of theright Sdewith B (f) yidds

_ B (f)B(f) _ Gg(f) (15)
BY(F)A(f) Gy (f)

s0 H(f) can dso be computed by the divison of the autospectrum of the DUT's output
with the complex conjugated cross spectrum. When no noise is present neither on
channd A nor on channd B, both methods obvioudy lead to identicd results. With
noise, however, the two results differ. Hi(f) is a better estimate for the true TF when
output noise prevals (the more typica case), while Hx(f) comes closer to redity when
input noise dominates.

H,(f)

To determine the amount of uncorrdated noise in the measurement, the two estimates of
the transfer function can be divided:

nery=Hult) - (Gl (L6)
Ho(T) ~ Guu G

This coherence function assumes vaues between 1 and 0. When no uncorrelated noise
is present, the coherence function will become 1, as H(f) and H(f) are identica. When
there is only uncorrelated noise without sgnd, the coherence function drops to near O
because the noise tends to average out in the cross spectrum, while it is being added up
energeticaly in the autospectra

With the hep of the coherence function, the power of the autospectrum Ggg (derived
from the DUT’s output) can be split into the coherent power n?(f)>Gg,(f) which
originates from the excitation sgna passed through the DUT, and the non-coherent
power (1- n?(f)) Gy, (f) originaing from uncorrelated noise.

The sgnd to noise ratio becomes thus

__n(f) 17
R T n?(h) x.7)

ad it is an interedting feature of the dua channd andyss technique that this vaue is
available without turning off the excitation Sgnd.

Traditiondly, FFT andyzers are operated with asynchronous noise sources. However,
the use of an asynchronous excitation sgna has some implications:

The FFT yields correct results only for sgnds repeated with a period equa to the FFT
block length. For non-periodic signds, start point and end point of the anayzed sgnd
section generdly do not maich. This discontinuity introduces a considerable error, the
famous |eakage, which has to be lowered by windowing the andyzed sections prior to
the FFT. However, windowing has a smoothing effect which reduces the spectrd
resolution, especidly at low frequencies, and introduces a DC bias error.



The asynchronous noise source commonly employed in 2 channd andyzers has a white
(or pink or other specified) spectrum when averaged over a long time, but a sngle
snapshot of the noise sgnad has a very corrugated spectrum that suffers from deep
magnitude dips. Thus, a dud chand andyzer must dways average over severd
individual measurements before areliable result can be obtained.

Inadequate SNR can be detected by means of the coherence function [12, 13, 40]. Due
to the necessty to average many blocks of data to achieve a consgent display, the
responsveness of dud-channd andyss is very poor and makes is unaitractive for
adjustment purposes.

The convergence of the frequency response could be improved consderably by
generating the cross-correlation function in every single measurement cycle by IFFT of
the cross spectrum, window it, and back-transform it to the spectrd domain via FFT.
Windowing the cross corrdation function would offer the crucid freedom to control the
amount of reflections entering into the result and to mute the noise outsde the
windowed interva, thus speeding up the convergence process. However, classica dual-
channd anadyzers do not seem to incorporate this very useful feature.

In acoustic measurements, the precise delay of the acoudtical transmisson path must be
known, as the direct sgnd has to be delayed by exactly this amount of time to ensure
that the same parts of the excitaion sgnd will be anadyzed on both channels. This is a
mgor nuisance because the edtimation of the delay requires a separate preparative
measurement of the cross-corrdaion function. The location of its pesk indicates the
goproximate delay to be used in the subsequent two-channd andyss. Changing the
measurement distance inflicts repesting the whole procedure.

There is one wadl-known gpplication for dud-channd andyss that no other
measurement  technology offe's  The posshility to meassure sound  systems
unobtrusvely during a peformance, udng the program materid itsdf as the excitation
ggnd. However, mudc with its eratic spectrd didribution is usudly a much worse
excitation dgnd then uncorrdlated noise sources and requires even longer averaging
periods to achieve a rdiable result, if a dl possble. Thus when the unobtrusiveness is
not needed, it is advisable to use a noise generator as source. Far better results in far
shorter time, however, can be achieved with customttailored synchronous deterministic
excitation dgnds.

14  Stepped Sine

Probably the mog time consuming method of acquiring a trandfer function is exciting
the DUT sep by step with pure tones of increasing frequency. The DUT's response to
this deady-date excitation can be dther andyzed by filtering and rectifying the
fundamenta, or by peforming an FFT and retrieving the fundamentad from the
spectrum. The latter method requires the use of a sine that is exactly periodic within the
bounds of one FFT block-length to avoid spectrd leskage. In practice, this can only be
redized generating the dne digitdly and emitting it via a DA conveter that is
synchronized to the capturing AD converter. As a big plus, the FFT method dlows for
the complete suppresson of dl other frequencies and thus is the preferable method over
andyds in the time domain, which involves band-pass filters with redricted sdectivity
and precison.
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After each dngle measurement, the excitation sweep’'s frequency is raised by a vaue
according to the desired spectrd resolution. In acoustic measurements, the frequency
will usudly be incremented by multiplying the previous vdue with a fixed factor to
obtan a logaithmic gpacing. Clealy, the spectrd resolution in sStepped sne
measurements is much lower a high frequencies compared to what could be achieved
usng a broad-band exctation sgnd with FFT andyds. But this is not necessty a
disadvantage as the frequency-linear resolution of FFT-spectra often yields unnecessary
fine frequency seps in the HF region while sometimes lacking information in the LF
region, which occurs when the time interval used for the FFT is too smal. The possble
logarithmic spacing of the sepped Sne messurements results in much smaler daa
records than those obtained by FFT, but this is not a serious advantage in the age of
gigabyte hard disks.

The biggest advantage of the stepped-sne method is the enormous sgnd-to-noise ratio
that can be redized in a dngle measurement. All energy is concentrated at a single
frequency, and the feeding sine wave has a low crest factor of only 3 dB. Thus, the
measurement certainty and repeatability for a dngle frequency can be very high
compared to broad-band excitation, especidly when usng the synchronous FFT
technique.

Thus despite of the condderable amount of time needed for the complete evauation of a
trander function, this method is 4ill popular for precison measurement and calibration
of eectronic equipment or acougtic transducers such as microphones. Stepped sines are
a0 the established method when it comes to precise distortion measurements. Every
harmonic can be picked up easily and with high precision from the FFT spectra

However, when only the trandfer function is of interest, the stepped-sine method is
everything but eegant. Only part of the energy emitted by the DUT can be used for the
andydss, dnce after each switching to a new frequency, one must wait until the DUT
stles to a steady date. Especially when high-Q resonances (corresponding to large
IR9) exid, this settling time must be made very long to reduce errors to a negligible
level. On the other hand, when the system is very noisy and many synchronous averages
must be executed to achieve an acceptable messurement certainty, the settling time
plays only aminor role [14].

In acoudtic measurements with pure tones, gating out reflections is only possble when
the difference in the time-of-flight between direct sound and reflection is longer than the
andyssinterva. Thisisaclear disadvantage compared to the methods that recover IRs.

The unmatched accurecy achievable with single-tone measurements must aso be cast in
doubt. It should be clear that the same accuracy could be achieved with broad-band
measurements  in  lesser time. While depped-sne messurements  ddiver  sngle-
frequency magnitudes with very high SNR, a broad-band measurement yidds many
vaues in the paticular frequency intervd. Each of them dearly has a lessr certainty,
but by peforming a spectrd smoothing over a width corresponding to the frequency
increment used in the pure tone measurements, the random noise should decresse to
comparable values. This, however, assumes that the harmonic digtortion products can be
excluded entirdy from the broad-band messurement, a condition that can only be
fulfilled by sweep measurements, as will be reveded later.
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15 Impulses

Udng an impulse as excitation 9gnd is the natura way to obtan an IR and dso the
most  draightforward agpproach  to  peforming FFT-based trandfer  function
measurements. The impulse can be created by andogue means, or preferably sent out by
a DA-converter and amplified. It feeds the DUT, whose response is captured by the
microphone, amplified and digitized by an AD converter (Fig. 3). As the name implies,
this captured response dready is the desired IR, provided that a Dirac-style pulse with
its associated linear frequency response has been used. To increase the SNR, the pulse
can be repeated periodicdly and the responses of each period added. This leads to the
periodic IR (PIR) which is practicdly equa to the non-periodic IR if it is shorter than
the measurement period (in practice: if the IR has vanished in the noise floor before the
end of the period). As is wel known, such synchronous averaging leads to a reduction
in uncorrelated noise by 3dB redive to the IR for each doubling of the number of

averages.
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Fig. 3. Signal-processing for transfer-function measurement with impulses.

The IR may optiondly be shifted to the left (or the PIR shifted in a cydic fashion) to
compensate for the delay introduced by the propagation time between loudspesker and
microphone in an acousticd measurement. Windowing then mutes unwanted reflections
and increases the SNR.

The IR can then be transformed into the transfer function by FFT. To increase the
precison of the measurement condderably, the result should be multiplied by a
reference spectrum. This reference spectrum is obtained by linking the output and the
input of the messurement sysem and inverting the measured trandfer function.
Applying this technique (independently of the kind of excitation sgnd) offers the
cucia freedom of preemphasizing the excitation sgnal to adept it to the spectrd
contribution of background noise. This pre-emphess will atomaticaly be removed
from the reaulting trandfer function by agpplying the obtained reference spectrum in dl
subsequent measurements.

Impulses are a smple and viable choice when the measurement is purdy eectrica (no
acoudtic path in the measurement chain) and when the measurement should be as fast as
possble. However, they require a low noise floor of the DUT to achieve reasonable
measurement certainty. When measuring low-noise audio equipment, this requirement
is eamsly fulfilled. Despite of ther far from optimd SNR peformance, impulses can
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even be useful in acoudtics. In an anechoic chamber where ambient noise is typicaly
vay low a high frequencies, tweeters can be measured with reasonable SNR. Because
of their short duration, pulses can be fed with very high voltage without the risk of
overheating the voice coil. Care must be taken, however, not to cause excursion into the
non-linear range of the spesker (athough this will hardly be provoked with a very
narrow pulse [15]), as this will make the amplitude smaller then expected and hence
leed to an agpparent loss of sengtivity [16]. In generd, dl didortion in a pulse
measurement occurs Smultaneoudy with the IR and, hence, cannot be separated from it.
To increase the SNR of a tweeter measurement, the impulses can be repeated and
averaged in fairly short intervals, as the IR to be recovered is very short and the required
linear frequency resolution quite low.

Impulse testing does not dlow identifying didortion, but is pretty immune to the
detrimental  effects of time variance tha frequently haunt MLS- or noise-based outdoor
measurements. It is smple, does not require sophisticated signa processing, and works
very well for some measurement tasks. Consequently, it has been a popular method for
quite a while [15, 17]. When amplifier power is available in abundance, the increase of
SNR of measurements using excitation signas dretched out in time compared to single-
pulse measurement is not as large as one might expect, because a loudspesker can
generdly be fed with pulses of very high voltage.

16 Maximum length sequences (MLS)

MLS ae binary sequences tha can be generated very eadly with an N-staged shift
register and an XOR-gate (with up to four inputs) connected with a shift register in such
a way tha al possible 2' states, minus the case “dl 07, are run through [18]. This can
be accomplished by hardware with very few smple TTL-ICs or by software with less
than 20 lines of assembly code.

PLS of order 2

lock .
=== shift reg
m=8

ST —

odd parity

-0 &9 8 700 mx

Fig.4a. Generation of ML Swith shift register fed back over odd parity generator.

During the time MLSs grew popular, the possibility to create the sequences by hardware
dleviated from memory condraints. In the 1980s the maximum memory deployed by
an 8088-based IBM PC was 640 KB. To circumvent the need to Store the excitation
sgna permitted larger data arrays to capture and process the DUT’s response. Today,
this advantage has totdly vanished and it is more cost-effective and flexible to create
MLSs by software and output them from memory via the DA converter of a
measurement system.
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As the case “dl zeros' is excluded from the sequence, the length of an MLS is 2'-1.
MLSs have some unique properties that make them suited for transfer function
measurements. Their auto-correlation comes close to a Dirac pulse, indicating a white
spectrum. Repeated periodicaly as a pulse train, al frequency components have indeed
exactly the same amplitude, meaning their spectrum is perfectly white. Compared to a
pulse of same amplitude, much more energy can be fed to the DUT as the excitation
ggnd is now dretched out over the whole measurement period. This means increased
SNR.

Normaly, an MLS is not output as a pulse tan, as this would mean feeding very little
power to the subsequent DUT. Instead of this, the output of a hardware-MLS generator
is usudly kept congtant between two clock pulses. This first-order hold function leads to
a dnc(x) aperture loss, which reaches dmost 4dB a fd2 and therefore must be
compensated. In contrast, when the MLS is output by an oversampling audio DA
converter, as is standard today, the spectrum will be flat up to the digita filter's cutoff
frequency. In the case of cheaper codecs, a noticegble ripple might be introduced over
the whole passband. These frequency-linear undulations are dways present to a certan
extent in oversampling audio converters. They originae from the linear-phase FIR anti-
dias filters. These usudly trade passhand ripple againgt stop band attenuation by means
of the ParksMcCldlan dgorithm [19]. Furthermore, they are precticdly dways
designed as hdf-band filter, which have the required caculation power, but only
exhibit an unsatifactory atenuation at fg2. This is why a smdl invdid diasng region
dways exigds near the Nyquis frequency when measuring with audio converters. The
anti-dias filter dso induces a hefty overshoot of the output MLSs which means tha
they cannot be fed with full level. Section 2.2 will darify the issue.

Excitation sgnds with white spectrum dlow the use of the cross-correation between
output and input of the DUT to retrieve its IR. While normdly a cross corrdation is
mog efficently performed in the spectra doman by complex-conjugate multiplication,
the wdl-known fast Hadamard tranform (FHT) can perform this task for MLSs without
leaving the time domain. We will omit the presentation of the theory behind the FHT, as
it has been thoroughly explaned many times (see for example [18], [20-23]). The
butterfly agorithm employed in the FHT only uses additions and subtractions and can
operate on the integer data ddivered by the AD converter. In former times, this meant
caculation times that were much shorter than that of an FFT of amilar length, but today
this difference has shrunken a lot. Modern processors as those of the Pentium I1/111
family are ale to peform floating-point multiplications, additions and subtractions as
fast as the respective integer operations.

Agan back in the 1980s, the time-saving property of the Hadamard transform was very
welcome, as the cdculation of a long broad-band RIR 4ill took many seconds. The
advantage became egpecidly prominent when the IR done, and not its associated
trandfer function, was of interest. This for example, holds for the evauation of
reverberation times by backward integration of RIRs [24]. In such cases, just one FHT
is required to transform the MLS response captured by the microphone into the desired
PIR. And this FHT is fagter than an FFT. In contrast, usng abitrary noise signas or
sweeps as simuli requires a least one FFT and one IFFT to retrieve the IR. However,
the processing times are no longer of concern, as the transformations with today’s more
powerful processors can be performed much faster than redl time.
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For example, processng an MLS of degree 18 (with a period length of sx seconds at
441 kHz sampling rae, a typicd length for broad-band messurements in quite
reverberant ambiences) is completed in only 138 ms on a Pentium 111/500, usng a 32-
bit-integer Radix-4 MMX-FHT (making use of the eight 64-bit-wide MMX registers)
partitioned into sub-chunks accommodated to the sizes of 1% and 2" level cache This
encompasses the permutation needed before and after the butterfly agorithm and a pesk
search. A red-vaued FFT [11] for the same length, dso usng nested sub-chunks that
can be processed entirely in the caches, terminates in roughly double the time (280 ms),
dill alot less than the measurement period. So regardiess of the measurement principle,
today it is possble to transmit the excitaion sgnd continuoudy and to complete
cdculation and disglay updating within every period, even for two or more input
channels. Shorter measurement periods even achieve a higher red-time score as they are
handled entirely in the caches. Of course, the number of operations per output sample
a0 decreases dightly in the ratio of the degrees (for example, an FFT of degree 12
only needs two thirds of the operations per output sample that one of degree 18 needs).

In an MLS based measurement, the FHT is the fird dSgnd-processng step after
digitizetion by the AD converter (Fig. 4). The resulting IR can be shifted in a cydlic
fashion and windowed, as with smple impulse tegting. If the trandfer function is the
objective, an additiond FFT must be performed. But as MLSs have a length of 2'-1, one
sample mugt be inserted to patch the IR to full 2" length. While this may be a trivid
action computationaly, care must be exercised regarding where to place this sample. It
must be in aregion where the IR has decayed to near zero to avoid gross errors.

When usng a window, the sample can be placed in the muted area. The acquired
trandfer function again can and should be corrected by multiplication with a reference
spectrum obtained previoudy by a sdf-response measurement.
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Fig. 4: Signal-processing stages for transfer-function measurementswith MLS.

MLS measurements have proved quite popular in acoudics, but have severd
drawbacks. Along with a high vulnerability to digtortion and time variance (these will
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be compared directly to sweep measurements in section 2) the most undesired property
of MLSs is thar white spectrum. As will be advocated further in section 3, a non-white
gpectrum is desrable for amogt dl types of acousticad measurements. This requirement
can be achieved by coloring the MLS with an gppropriate emphasis. Clearly, the MLS
will loose its binary character by pre-filtering. Thus, this technique is only viable if the
pre-filtered MLS is output by a true DA converter, not just a one bit switching stage as
used in some old-fashioned hardware-based MLS andyzers. The latter ones are
resricted to analogue podt-filters to emphasize the MLS, but these don not offer the
varsdility of FIR filters such as liner phase or compensation of the measurement
gystem’'s sdf-response [25].

Cregting an emphasized MLS can be done mog efficiently by means of the inverse fast
Hadamard transform (IFHT) [25, 26, 39]. The IFHT amply conssts of time inverting
the IR of the desired emphasis filter (curtailed to 2-1 samples), applying a norma FHT
on the inverted IR and then time inverting the result again. This will yidd an MLS
periodicadly convolved with the emphasis filter. Due to the periodicity, every discrete
frequency component of the former MLS can be influenced independently in both
amplitude and phase,

When an emphasized ingead of a pure MLS is being used as simulus, obvioudy the IR
obtained by FHT will condst of the IR of the DUT convolved with the IR of the
emphass filter. For acousticd measurements, it is meaningful to give the exctaion
sgnal a strong bass boost of maybe 20 or 30 dB, as will be illudtrated later. In this case,
the recovered IR may become much broader than the one of the DUT aone. This
broadening often congraints windowing, especidly when reflections that are to be
muted are in close proximity of the main peek. In these cases, gpplying a window “pre-
comp” to the nonrequdized IR will noticeably atenuate the low frequency energy
goread out in time. Thus it is better to perform the windowing “post-comp’, thet is,
after trandorming the uncorrected IR into the spectrd domain, then multiplying it with
the inverse emphasis frequency response, and eventudly back-transforming it into the
time domain. This will yied the true IR of the DUT adone, which can now be windowed
with lesser low frequency energy loss.
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Fig. 5. Signal-processing stages for TF measurements with pre-emphasized MLS.
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Ingead of multiplying just with the inverse emphasis spectrum, it can be interesting to
“over-compensate’ the frequency response by even dronger attenuating the low
frequencies. After the IFFT-window-FFT operation, the frequency response is corrected
by dividing it by the product of emphass spectrum with the over-compensating
reference spectrum. This way, the window takes out even less low frequency energy,
which extends the vdidity of quas-anechoic measurements towards lower frequencies
[41].

If the trandfer function is the desred result of the measurement, the total number of
transformations becomes one FHT and three FFTs when measuring transfer functions
with pre-emphasized ML Ss and applying “post-comp”-windowing of the IR.

1.7  Periodic Signals of length 2N

A thorough examination of the MLS measurement setup in Fig. 5 reveds that in fact the
use of MLSs and the gpplication of the FHT are pretty superfluous. If the excitation
signal had 2' samples instead of the odd 2'-1 of an MLS, the DUT response could be
transformed directly to the spectrd domain, omitting the FHT. There, it could smply be
multiplied by the reference spectrum (the inverse of the product of the excitation
ggnd’s spectrum and the messurement sysem’'s frequency response). As this
multiplication is a complex operation, not only the magnitude, but aso the phases are
thereby corrected to yield the true complex transfer function of the DUT, regardiess of
the excitation sgnd’s nature. Performing an IFFT on this compensated spectrum will
produce the correspondent true IR of the DUT (Fig. 6).

When comparing this deconvolution technique (FFT, compensation, IFFT) to the FHT,
it becomes dear that it is far more powerful and flexible, dlowing the use of arbitrary
sgnds of length 2. The FHT, being a cross-corrdlaion agorithm, is able to merdy
reshuffle the phases of a speciad class of excitation sgnads, namely, MLS. Its operation
is “pulse-compressng” the MLS by means of correation with the correspondent
“matched filter”.
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Fig. 6. Signal-processing stages for TF measurements with any deter ministic signal.
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In contrast, the FFT approach compensates the phase and the magnitude of any
excitation sgnd, be it noise, sweeps, or even short chunks of music. This operation is
sometimes referred to as “mismaiched filtering”, a misguiding name, as in redity, the
filter precisdy can be mached to every excitation sgnd. In contrast to “matched
filters’, it is not redricted to white excitation sgnads. The only obvious restriction is that
the excitation sgnd must have enough sgnd energy over the whole frequency range of
interest to avoid noisy partsin the transfer function obtained.

Clearly, peforming two FFTs consumes more processng time than one sngle FHT.
But with today’s more powerful microprocessors, this disadvantage is indgnificant. As
we have seen, using pre-emphasized MLSs and “post-comp” windowing (Fig. 5) even
leads to dightly longer calculation times than using arbitrary 2V-signds.

DUT

impulse
response

Fig 6a. In the case of white excitation signals (here, alinear sweep has been used as
example), the DUT’ simpulseresponse can be calculated by perfor ming a cross-corrdation,
which isthe convolution (denoted by the* symbol) with thetime-reversed excitation signal.
Thiswould generally take along timein thetime domain, but the FHT doesit in avery

fast way for MLS.
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Fig. 6b. For any non-white excitation signal, the evaluation of theimpulseresponsein the

time domain could only be done by convolution with theinversefilter, which itself hasto

be constructed in the frequency domain. Convolution in the time domain correspondsto

multiplication in the frequency domain, which can be performed much faster. That’swhy
the deconvolution is usually performed in the frequency domain.
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The technique resembles good old dud channd FFT andyss, but differs from it in that
the excitation dgnd is known in advance. Hence its spectrum needs to be cdculated
only once and can be usad in al subsequent measurements. This removes the need of a
second channd, or if present anyway, dlows for the to andyss of two inputs
smultaneoudy. An accompanying benefit is the fact that the achievable precison of a
“dngle channd FFT analyzer” outperforms that of any dud channd andyzer. With the
later, any difference in the frequency response of the two input channds will be
reflected in the DUT's measured frequency response. Of course, manufacturers of
pricey dud channd andyzers endeavor to make these differences as smdl as possble.
However, cregting a reference file by replacing the DUT with a wire makes the
excitation dgnd pass over exactly the same dtages and guarantees higher precison.
Even with consumer equipment, a cetainty of 1/1000dB or better can be achieved
without large efforts in purely dectricd measurements. The reference voltage sources
included in modern AD and DA converters are stable enough to permit this for a certain
while (when dow drift due to heat-up occurs, the reference measurement can quickly be
repegted). However, sources of error to guard aganst are the impedances of the
andogue input and output stages. The DA output impedance should be as low as
possible to prevent a drop of the generated voltage when connecting the DUT, whereas
the input impedance should be aufficently high to avoid influencing the DUT's output
voltage. Clearly, these conditions are rardy fulfilled when usng smple soundboards
without buffering amplifiers.
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Fig. 6¢. Threewhiteexcitation signals. impulse, noiseand sweep, gener ated by synthesisin

thefrequency domain. All havethe sameamplitude spectrum, but their phaseisobviously

very different. For theimpulse, the phase hasto be set to 0° which correspondsto an equa

arrival timefor all frequencies. The phase spectrum for thenoisehasto bet set torandom

values. To createawhite sweep, thegroup delay (which isproportional tothederivative of
the phase) hasto increase proportionally with the frequency.

The three excitation signals shown here are normalized to have identical energy. The
sweep hasthe lowest Crest factor of all, 6 dB lower than white noise.
Theimpulse needsan amplitude of several hundred voltsto concentratethe sameenergy.
This, of course, restrictsits practical usefulness.
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An even bigger asst of the “dngle channd andyss’ is the use of a determinigic Sgnd
in contrast to the uncorrdated noise sources normdly used in dud-channed FFT
andyzers. As dtated before, the latter have a steady spectrum when averaged over a long
time, but a sngle snapshot of the noise sgnd suffers from degp magnitude dips. Thus, a
dud-channd andyzer must dways average over many single measurements before
being able to present a reliable result. In contrast, the determinigtic simulus used in the
method of Fig. 6 can be custom talored by defining an arbitrary magnitude spectrum
free of dips, adepted to the prevaling noise floor, to accomplish a frequency-
independent SNR. According to the desred signad type, the corresponding phase
gpectrum can then be congtructed in quite different manners.

A noise sgnd can be generated easily by setting its phases to random vaues. The
excitation sgnd is obtaned by IFFT. Repeated periodicdly, it will have exactly the
magnitude spectrum previoudy defined (for example, flat or pink). Noise sgnas have
amilar propetties as MLSs, especidly concerning ther vulnerability to digtortion and
time variance. Some people refer to noise 9gnds as “multi-sine signas’, but of course,
just any non-pure tone isamulti-sne sgnd.

As the predefined spectrum of a noise sgnd is only vdid for periodic repetition, the
measurement cannot be dated immediady after turning on the simulus A time
corresponding to a least the length of the IR must dapse for the DUT response to
dabilize. As the length of the IR is not dways known in advance, it is practicd to
amply gect two periods of the excitation sgnd. Signd acquistion only darts in the
second run, just as with MLS measurements. Similarly, only hdf of the emitted energy
is used for andyss in a sngle-shot measurement. On the other hand, the periodicity
agan dlows manipulaing every frequency component completely independently. For
example, sngle frequencies can be sdectively muted or enhanced to reduce or improve
the Sgnd energy in particular frequency bands.

1.8 Non periodic sweeps

Instead of randomizing the phases to obtain a noise sgnad with the desred spectrd
shape, the phase spectrum can dso be adjusted to yield an increasing group delay (the
group delay is proportiona to the negative derivative of the phase). The IFFT will then
revea a sweep instead of a noise signal. For severd reasons, sweeps are a far better
choice for transfer-function measurements than noise sequences. Fird, in contrast to the
latter, the spectrum of a non-repested sngle sweep is dmogst identical to that of its
periodic repetition. This means that it is not necessary to emit the excitation Sgnd twice
to establish the expected spectrum. The sweep must be sent out only once and the
DUT’s response can be captured and processed immediately. Thus the measurement
duration is cut in hdf, maintaining the same spectrd resolution and sgnal-to-noise ratio
a in a measurement with the gimulus periodicdly repested. The minor remaning
differences in the spectrum of the repeated and the non-periodic sweep do not matter, as
they are reflected and later canceled by the reference measurement thet adso uses the
non-repeated sweep.

The other enormous advantage of a sweep measurement is the fact that the harmonic
distortion components can be isolated entirdy from the acquired IR. These appear a
negative times reldive to the direct sound where they can be separated completely from
the actud IR. Thus the IR remains untouched from digtortion energy. In contradt,
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measurements usng noise as gimulus unavoidably lead to the didribution of the
distortion products over the whole period.

The reason for the distortionrgecting property can be explaned easly with a smal
example: Condder a sweep that glides through 100 Hz after 100 ms and reaches 200 Hz
a 200 ms. To compress this excitation sgnd to a Dirac pulse, the reference spectrum
needs to have a correspondent group delay of -100 ms at 100 Hz and -200 ms at 200 Hz.
When the ingantaneous frequency is 100Hz and the DUT produces second order
harmonics, a 200 Hz component with the same delay as the 100 Hz fundamentd will be
present in the DUT’s response. This 200 Hz component will then be trested with the
-200 ms group delay of the reference spectrum a 200 Hz and hence appear a -100 ms
after the deconvolution process. Likewise, higher-order harmonics will appear a even
more negative times.
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Fig. 6d. For the non-periodic sweep, themost appropriate way to obtain thelR isalinear
(i.e. non-cyclic) deconvolution. Thiswill indeed pull all harmonic distortion productsto
negative timesrelative to the direct sound, whereit isa simple act to discard them.
The linear deconvolution can be accomplished most simply by extending both the
excitation sweep and ther ecor ded sweep responsewith zerosto doubletheir previoussize.
Both arethen submitted toan FFT and the spectrum of the sweep responseisthen divided
by the spectrum of theexcitation signal. An I FFT yieldsthedesired IR in which the second
half, corresponding to negative arrival times, can be chopped off.
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Fig. 6e. Alternatively to the linear deconvolution, a circular deconvolution using an FFT
size equal to the acquisition time may be employed. In this case, however, the distortion
productscould smear intothedecay of thel R. Thismeansthat thelength of the excitation
signal ha has be chosen sufficiently longer than the decay time. The distortion products
will then appear in the noise floor where they can be safely discarded by windowing
without affecting the reverberant tail.
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In order to actudly place dl distortion products to negative times relaive to the direct
sound in the acquired IR, a linear deconvolution suited for non-periodic sgnds would
be necessary. Ingtead of this, it is aso possble to maintain the norma FFT operaion
and reference multiplication as used in measurements with periodic gtimuli, provided
that either the excitation sweep is condgderably longer than the DUT's IR or zeros are
inserted to stuff the DUT’s sweep response to double the length (Fig. 6b). In both cases,
the distortion products will appear a the end of the recovered IR where they can be
interpreted as bearer of negative ariva times. They can be chopped off without
corrupting the actud IR, as in the first case, the latter has dready decayed into the noise
floor, and in the second case no causal information cannot resde in this region.

However, both cases mean that an FFT block length longer than required for the find
gpectrd  resolution must be employed as a firsd sgnd-processing step. For the god to
capture high-quadity RIRs advocated in this paper, it is even advisable to use sweeps
that are consderably longer than the IR. This is the best means of increasing the sgnd-
to-noise ratio and decreasing the influence of time variance.

There is an important difference concerning the noise floor in the IRs obtained by linear
and circular deconvolution. Using a circular deconvolution results in a noise floor which
is basicdly congant in both amplitude and frequency didtribution, up to the point where
the firg digortion products appear. The linear deconvolution, however, yidds a
decaying noise tal which is increesngly low-pass filtered towards its end. This stems
from the fact that this last part of the deconvolution result originates from steedy noise
convoluted with a sweep in reverse order (i.e. from high to low frequencies). The user
should be aware of this affect and not confound the decressng noise floor with the
reverberant tail of the room.
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Fig 6f. When the sweep isshorter than the reverberation time, the minimum gap length
hasto be calculated according to the following rule: For any frequency, the gap length
must not be smaller than the time until the reverberation for this frequency decaysinto
the noise floor, minus the remaining sweep time at that frequency.

The data-acquiring period in nonperiodic measurements must be made sufficently
large s0 as to capture al ddayed components. This means that the sweep dways must
be somewhat shorter than the capturing period and the subsequent FFT length. In room
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acoudtic measurements, it is very beneficid that the reverberation times a the highest
frequencies are usudly much shorter than the ones encountered a low frequencies.
Thus, the sweep must be shortened only by a time correspondent to the reverberation at
high frequencies, provided that the entire sweep is long enough to avoid that low
frequency reverberation is sumbling behind the high frequency components.

2 A COMPARSION BETWEEN SWEEP AND MLS-BASED
MEASUREMENTS

2.1 Measurement Duration

To avoid errors, the AD capture period mugt to be a least as long as the IR itsdf (in
practice, the time until the response decays below the noise levd) in any measurement.
This is obvious for the measurement with a non-periodic pulse. All of its energy is
emitted a the very beginning, and the AD converter smply must collect samples until
the IR has decayed. In case of a non-periodic sweep being used as excitation sgnd, the
capture period mugt be a little bit longer, but in general not much. This is due to the
sveep's nice property of darting a the low frequencies. With norma DUTs such as
loudspeskers, the largest dgnd delays will occur precisdy a low frequencies. Thus,
while sweeping through the high frequencies, there should be sufficient time to catch
the delayed low-frequency components. For loudspesker measurements, the decay for
the highest frequencies is usudly so short that AD capturing can be stopped amost
immediately after the excitation dgnd swept through (provided that the sweep is
consderably longer than the delay a low frequencies, and of course taking into account
the propagation time between loudspesker and microphone). In room acoudtic
measurements, the gap of slence following the emission of the sweep usudly must be
as long as the reverberation at the highest frequencies.

In the case of periodic excitation, the period length and AD capture time do not
necessxily have to be longer than the IR length. In contrast, usng a shorter length
would lead to time-diasing, i.e, “folding back” the tal of the IR that crosses the end of
the period and adding it to the beginning of the IR. Depending on the amount of energy
folded back, this creates more or less tolerable errors. Compared to non-periodic pulse
or sweep-measurements, the need to emit the excitation dgnd twice means longer
measurement durations than required physically. Moreover, only haf of the totd energy
fed to the DUT is used for the andysis.

2.2 Crest factor

The crest factor is the relation of pesk to RMS voltage of a sgnd, here expressed in dB.
If either the measurement sysem or the DUT is limited by a distinct voltage levd, the
peek vadue of any conddered excitation sgnd must be normdized to this vadue to
extract the maximum possble energy in a measurement. The RMS leve will then be
lower according to the crest factor. Thus, the crest factor indicates how much energy is
log when employing a certain excitation signd, compared to the ided case of a simulus
whose RMS voltage equals the peak value (crest = 0dB). For this reason, it has amost
become a kind of sport among sgnd theorids to devise excitaion sgnds with the
lowest possible crest factor.
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The assumption that a certain voltage leve defines the upper limit in a measurement is
mogtly true for purdy dectricd measurements (for ingtance, audio gear such as EQs,
mixers, ec). In acoudtic measurements, it is only vaid when the driving amplifier is the
week link in the chain. Even then, most amplifiers can reproduce surge pesks with 2 or
3 dB higher levd than continuous power.

If the danger of overhesting loudspesker voice coails is the primary redtriction, the total
energy fed to the loudspesker is more important than the crest factor. However, very
high cres factors should dways be avoided, as sngle high-level pesks could cause
digtortion.

At first glance, a bipolar MLS produced by a firs-order hold output seems to be the
ided excitation sgnd in the sense of extracting maxima energy. The pesk vaue equas
its RMS vaue. However, the resulting ided crest factor of 0dB cannot be exploited in
practice. As soon as an MLS goes out to the real world and passes through a filter, the
rectangular waveform can change condderably. In paticular, the Steep anti-diasng
filters used in the oversampling dages of audio DA-converters cause dramatic
overshoot. In order to avoid dragtic digtortion caused by clipping filter stages, MLSs
must therefore be fed to the DA converter with a levd & leasst 5 to 8dB beow full
scae, depending on the anti-dliasng filter characteridtics. This means that MLS cannot
be gected digtortion-free with the same energy as a (swept) sne that features a crest
factor of merely 3.01 dB.

But even if the MLS is produced by a hardware generator, it will not retain its favorable
crest factor for a long time. Power amplifiers are dways equipped with an input low-
pass filter to rgect radio interference and to avoid trangent intermodulation induced by
high dew rates of the audio sgnd - precisdly wha prevals in an unfiltered MLS. A
typica input filter would be a second-order Butterworth low-pass with a cutoff
frequency of maybe 40kHz. The overshoot produced by such a filter is much more
moderate than that of a steep anti-diasing filter (Fig. 7), but till merits consderation.

There are cases in which the redtriction on the driving leved is not the voltage a the
measurement system output, but a some internal nodes of the DUT. For example, if a
resonance with high gain is encountered in a chan of equdizer dages the excitation
sgnd will mogt likdy firg be dipped at the output of that stage. In these cases, a sweep
must be fed with a levd that is lower by the amount of gain a the resonance frequency
of that specific filter. In contrast, filtered MLSs tend to assume a Gaussan amplitude
digribution, with 1% of the amplitudes reaching a leve more than 11 dB above the
RMS vadue [13]. In mogt loudspesker and room acougticad measurements, even with the
presence of moderate resonances, a sweep can gill be fed with a higher RMS leve than
an MLS. In practice, distortion dready occurs gradudly with MLSs long before the clip
level of the driving amplifier isreached, as section 2.5 will examine more thoroughly.
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Fig. 7. ML S passed through anti-aliasing low-pass of 8x oversampler (left) and 2™ order
Butterworth low-pass with corner frequency of 40 kHz (right).

2.3 Noise Rejection

Any messurement principle usng exctaion dgnas with equd length, Spectrd
digribution and tota energy will lead to exactly the same amount of noise reection, if
the entire period of the unwindowed IR is consdered. For every frequency, the SNR
solely depends on the energy ratio of the DUT's response to the extraneous noise
captured in the measurement period. The difference between the various messurement
methods lies merdly in the way that the noise is digributed over the period of the
recovered IR.

Clearly, usng the same spectral didribution in an excitaion sgnd requires the same
inverted coloration in the deconvolution process. Tha is why the magnitude of an
interfering noise source will not vary when changing the stimulus type. The phases,
however, will turn out to be very different. Still, some kinds of noise sources will appear
gmilaly in dl measurements, as ther generd character is not adtered by manipulating
the phases. Monofrequency noise, such as hum, is an example. Likewise, uncorrelated
noise (for instance, air conditioning) will till appear asnoise.

Any other disturbance, however, will be reproduced quite differently, depending on the
type of gimulus. Short, impulsve noise sources, such as dicks and pops, will be
transformed into noise when using noise as a simulus In contrast, they will become
audible as time-inverted sweeps in a sweep messurement. Usudly, steady noise is
consdered to be more unobtrusive than other error signas. However, the time-inverted
sweeps that give the IR tal a bizarre mdodic touch do not sound too disturbing as long
& thar levd is low. Generdly, if any loud noise suddenly happens to appear, the
measurement should smply be repeated, or, when averaging, the specific period should
be discarded from the synchronous averaging process.

2.4 Time Variance

Time variances tend to haunt measurements whenever they are performed over long
distances outdoors, when synchronous averaging is performed over a long period, or
when the DUT itsdf is not reasonably time invariant. The firsd case often holds for
messurements in stadiums or in openar Stes under windy wegther conditions. The
second is an issue when very low SNRs force the use of severa hundred or even
thousands of synchronous averages. In such long periods, a dight temperature drift or
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movement of the ar can thwart the averaging process. Findly, any kind of andogue
recording device is an example of aDUT which isinherently time-variant itsdf.

It is well known that periodic noise sequences in generd and MLS in paticular are
extremedy vulnerable to even dight time variances. A consderable amount of
theoretical work has dready been performed to explain these effects in detail [27-29].
While the complicated equation framework in these publications looks threatening, it is
neither easy to compare the effects of time variance in practice, as these tend to have an
araic and unpredictable nature. It is likely that two outdoor measurements performed
in series ae dfected quite differently from wind gusts Only a smulation dlows
crcumventing this “time variance of the time variance’’. Fig. 8 shows asmdl example.

A noise sequence and a sweep, both with white flat spectrum, have been submitted to a
dight gnusoidd time variance of +0.5samples To smulae this jitter, the sgnds have
fird been oversampled by a factor 256 (without filtering, smply insating 255
consecutive zeros after each sample). Then the exact ariva times of the samples have
been shifted in the range of +128 according to the snusoidd jitter curve. The resulting
disturbance of the base band spectra is negligible a low frequencies, but then increases
dramaticaly for the jittered noise spectrum. In contrast, the jittered sweep spectrum
only displays a minor corrugation a the high end that could easly be removed by

gpplying gentle smoothing.
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Fig. 8. Artificial sinusoidal timevariance of £0.5 samplesimposed on noise signal (above)
and sweep (below) and the resulting spectra.

Another demongrative test is the frequency response measurement of an andogue tape
deck, a kind of machine that dways suffers from “wow and flutter” to some degree. As
the magnetic tape materid tends to saturate much earlier a higher frequencies, an
emphass of 24 dB at low frequencies has been applied to both the MLS and the sweep
used in this experiment. In addition, the sweep’'s envelope has been talored to decrease
by 12dB above 5kHz while mantaning the initid coloration. Section 4.4 will reved
how this is accomplished. Both stimuli were normdized to contain identica energy and
were recorded with the same input level. As the results in Fig. 9 show, the measured
frequency response usng MLS as excitation becomes pretty noisy above 500 Hz. The
one using a sweep as dimulus dso contains some time-variance induced contamination,
but to a much lesser extent. Besdes the deleterious effects of time variance, distortion
cetanly dso plays an important role in polluting the recovered frequency responses of
an andogue recorder. However, to minimize intermodulation products, the recording
level has been adjusted to about 20 dB below the tape’ s saturation limit in thistrid.
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Tape deck measured with MLS, deg.14 Tape deck measured with sweep, deg.14
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Fig. 9. Transfer function of analogue tape deck measured with ML S (left) and sweep
(right), both with identical coloration and energy.

Even when measuring systems that are virtudly free of time variance themsdves usng
pseudo-noise as an excitation is disadvantageous when adjusments (volume, EQ or
other) are made within the measurement period. In this case, gross errors occur in the
displayed frequency response. Sweep and impulse measurements do not display this
unfavorable reaction to time variance and are thus more pleasant for fine-tuning sound
systems with continualy repested measurements.

25 Distortion

Hardware audio engineers gregtly endeavor to optimize the dynamic range of ther
crcuits, which idedly should match that of our auditory system, that is, encompassng
up to 130dB. Yet in the past the SNR in acoustical measurements seems to have been
farly neglected by acoudticians.

At rdaively cdm dtes it is less the background noise that limits the qudity of the
acquired IRs, but primarily the distortion produced by the loudspeaker employed. In any
messurement udng noise as excitaion dgnd, these didortion products will be
distributed as noise over the entire period of the IR. The reason is that the distortion
products of a stimulus with (pseudo-) random phases dso have more or less random
phases, and the deconvolution process again involves random phases tha  will
eventualy produce an error spectrum with random phases, corresponding to a randomly
digributed noise sgnd. As this eror sgnd is corrdated with the excitaion sgnd,
synchronous averaging does not improve the Stuation.

While it is true that the noise level diminishes rdative to the IR pesk vdue when a
longer sequence is chosen, it can hardly be reduced to an acceptable level. Room
acoudtic measurements dready involve lengthy sequences. For example, increesing the
length of an MLS of degree 18 by a factor of 128 would theoreticaly reduce the noise
levd from a typicd vaue of -65dB to —86 dB. While it would even be fessble to
process an MLS of degree 25 (length: 12 minutes, 41 seconds at 44.1 kHz sampling
rate) on a computer generoudy equipped with memory, it would not work out to reduce
the noise levd in this manner, because when usdng such long sequences, the
vulnerability to time variance becomes predominant.

Ingeed of reducing the influence of digtortion products by spreading them out over an
ever increesng messurement period, it is far more beneficd to smply exclude them
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totaly from the recovered IR. This can be accomplished easlly by usng sweeps as the
excitaion sgnd, as explained in sction 1.8. The great improvement that can be
redized in room acoudsicd measurements by replacing MLSs with sweeps is

demongtrated in Fig. 10.

The RIR of a reverberant chamber has been measured here, using an MLS and a sweep
of degree 20, both with exactly the same energy and the same pre-emphasis of 20 dB at
low frequencies. In favor for the MLS, the volume has been adjusted carefully so as to
yidd minimum contamination of the IR. Indeed, this optimization of the levd by trid
and error is crucid to MLS measurements [34], as too much power leads to excessve
digortion, shown by an incressing noise floor with lumpy Sructure, wheress a low leve

leads to more background noise which impairs the measurement.

MLS com 1, 10, 100 médigs ng camorg revarberante Varredara com 1, 10, 100 médios no cdmarg rav.
ol a8
-1 i i i —10k
—zof 2ot
30 —30
R 1 ! ! ! -4 1l |
=50—% - - - -50—%— -
—-B0 ' I I P 56 "-.\ | | .
"ﬂ.-, I i i ik f u'* -,_‘.'.' “.'L.
— - L J u — |
7o " o g 3 O e gt g = : e
=50 1 1 1 a0 1 | a

100 100

5 o =] 20 = a TQ

15

20

Fig. 10. Measurement of RIR with 12" coaxial PA-speaker in areverberant chamber. 1, 10
and 100 synchronous aver ages wer e performed. Left: with MLS, right: with sweep of
identical coloration and energy. Thecurvesare compressed to 1303 values, each of them

representing the maximum of 805 consecutive samples.

After this adjustment, 1, 10 and 100 synchronous averages have been performed with
both excitation sgnas. As shown dearly in Fig. 10, even when using no averages, the
IR decays into a noise level that is dready lower by 5dB in the case of the sweep
measurement. The accumulated digtortion products reside at the end of the measurement
period. As the length of the excitation sgnd has been chosen to be dmost 8 times
longer than the reverberation time, the distortion products can esslly be separated from
the actua IR. Executing 10 synchronous averages reduces the noise floor by the
expected 10dB when usng a sweep. In contrast, only a minor decrease of the noise
floor is noticesble when an MLS serves as dimulus, showing that the correlated
intermodulation products now prevail in the recovered IR. Peforming 100 synchronous
averages does not result in any noteworthy improvemert in the MLS measurement,
whereas a further decrease is recognizable in the sweep measurement, abet somewhat
less than the expected 10dB. Time variance by a smdl temperature drift might come

into play here, as the 100 averages require amost 40 minutes to complete.
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5" speaker measured with pink MLS: 1, 10 and 100 runs 5'" speaker measured with log sweep: 1, 10 and 100 runs
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Fig. 10b) Similar experiment asin fig.10 with asmall 5" speaker in an anechoic chamber.

Thelevel again hasbeen adjusted soto yield minimum pollution of the R when measuring

with MLS. The sweep could be g ected with 20 dB mor e power , which leadsto 100 dB of
SNR with just 10 averages (dark green curve on theright side).

In this experiment, the output level has been optimized for use with the MLS. The leve
of the emitted sweep could have been raised by 15dB without causng amplifier
cipping, and indeed the noise floor dropped exactly by this vaue when doing so. Thus,
an SNR of 100dB could have been reached with just 10 averages of the sweep. In
contragt, it is completdy impossble to achieve this high SNR with an MLS
measurement, regardless of the level and the number of averages.

The loudspesker used in this setup was a coaxid 12”7 PA woofer/tweeter combination
optimized for high-efficiency. This kind of gpesker certainly produces more digtortion
then high-fiddity types with soft suspenson and long voice coils, but even with the
latter types, an SNR of 90 dB or better proves unfeasible in ML S-measurements.

This is shown with a dmila expaiment usng a smdl soft-suspenson 5° coaxid
pesker measured in an anechoic chamber with much shorter excitation sgnds (Fig.
10b). Again, the level was adjusted s0 as to achieve optima SNR with the pink MLS.
Fed with the same energy, the pink sweep dready yields a better SNR with just one run.
Its level adjusted in favor for the MLS was ® low that it was possible to increase it by
20dB without causng dipping of the employed 20-Watt amplifier. Doing so, the
digortion products a the end of the period rose consderably, but the SNR 4ill
increesed dmost by the same amount as the additiond amplifier gan. With jus 10
averages (tota measurement length: 3.5 seconds), the 100 dB goal was amost reached.

However, driving the transducer condderably into its nontlinear range is of course only
acceptable in a comparative measurement, in which the transducer itsdlf is not the object
of invedigation. If the transducer’s frequency response itsdf shdl be edimated,
operating in its consderably nontlinear range will obvioudy lead to an apparent loss of
sengtivity.

Apat from acoudical measurements, there are more measurement Stuations in which
the required linearity for MLS measurements is not fulfilled. This holds especidly for
ggnd paths induding psycho-acoustic coders. An obvious example are cdlular phones
which use very high compresson to achieve low bit rates Prdiminary experiments
showed that short excitation signals produce unpredictable and erratic results, regardiess
of whether MLS or sweeps were used. Extending the length to degree 18 a 44.1 kHz
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sanpling rate ddivered more or less reliable results with a sweep (linear between
100 Hz to 7kHz), whereas the measurement with an MLS of same length and coloration
produced a very rugged curve that hardly alows recognition of the transfer function
(Fig. 11). However, it must be admitted that these results only hold when the IR is
transformed to the spectrd domain without prior processng. Applying a narow
window with a width of only 80 ms around the man pesk relieved the Studion to a
great extent (Fig. 12). Nonethdless, surprisng differences appear above 2 kHz between
the measurements with MLS and sweeps. The encoder seems to produce different
results for broad-band noise and dgnds that appear dmos snusoidd in a short term
andyss.

Ancther example that certainly appeds more to the audio community than low-fiddity
telephone-quality encoding is the popular MPEG llayer 3 compresson. Fig. 13 shows
the transfer function of a coder for the common rate of 128 khit/s, as measured with
MLS and sweep. The advantage of usng a sweep becomes overwheming in this
gpplication. In fact, the broad-band noise that the coder must ded with when an MLS is
the excitation sgna presents the worst case for psycho-acoustic coding. All frequency
bands contain energy, so none fdls beow the masking level that would dlow omitting
it. Consequently, dl bands must be subjected to a fairly coarse quantization to achieve
the required bit rae, resulting in digortion that disurbs the MLS measurement
ggnificantly. In contrast, the sweep glides through only a couple of bands per andyss
interva, dlowing one to quantize these with high resolution while discarding the others
that contain no Sgnd energy.

Freq.fesp. hegdphone » GSM > Tel MLZ18, no win Freq.fesp, headphone > G3M > Tel SWFTE, no win
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Fig. 11. Transfer function of aGSM cellular (fed acoustically by a headphone), received by
afixed phone. Left: Measurement with linear ML S of degree 18. Right: M easur ement
with linear sweep of same length.
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Fig. 12. Same measurement asin Fig. 11, but with awindow (Hann, width 80 ms) applied
totherecovered IRs.
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Fig. 13. Transfer function of an MPEG3 Coder at 128 Kbit/s, measured with linear ML S
of degree 14 (left) and linear sweep of same length (right).

To summarize, when measuring data-compressing coders, sweeps bear the advantage of
consgderably reduced sgnd complexity compared to noise sequences. This makes
coding them an easy task. While in “naturd” measurements using sweeps, the distortion
products can be isolated and reected by windowing, the advantage in measuring sgnal
paths involving coders lies more in the fact that the generation of digtortion is Smply
prevented.

3 PREEMPHASIS

In dmog any acoudticd measurement, it is not advisable to use an excitation signd
with white spectrd contents. When measuring a loudspesker in an anechoic chamber,
two effects account for a substantid loss of SNR a low frequencies. the loss of
sendgtivity (with 12 or 24dB per octave) below the (lowest) resonance of the bass
cabingt, and the increase of ambient noise in this frequency region due to the wal's
decreasing insulation againgt outsde noise. So in order to track the spesker’s low-
frequency roll-off (if even possble, see [30, 31]) without the corrupting effects of low
SNR, a gstrong emphasis of more than, say 20dB is required to establish reasonable
mesasurement certainty.
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This dso results in a better contribution of the power fed to a multi-way loudspeaker.
The woofer typicaly endures much higher power than the tweeter. But when usng a
white excitation sgnd, the tweeter must bear the brunt of the excitation sgnd’s energy.
A dome tweeter can be overheated and damaged by as little as a few watts, and this
limit can easly be exceeded by any power amplifier. Hence, a substantid emphasis of
lower frequenciesis highly desirable due to this congderation as well.
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Fig.14a: Typical background noise from an air condition unit (curve obtained from 30
ener getic averages) and various pre-emphasis curves to over come lacking SNR at low
frequencies, compar ed to awhite excitation signal of sametotal energy. Tolimit subsonic
ener gy, thepink and red pre-emphasiscurveswerechosentonot risefurther below 30Hz.

A third reason worth mentioning is less of a physcad but rather of a socid nature: When
measuring “on dte’ (such as in a concert hal or stadium), an excitation sgnd with bass
boost will sound warmer and more pleasant than white noise, and hence is more
acceptable by other people present. Moreover, a strong increase of power in the low
band will not correspond to the impresson of much increased loudness due to the
decreased sengtivity of our hearing sense in this frequency region. While this may not
gppear rigoroudy proven, experience from hundreds of measurement sessons in public
has shown that the maximum applicable volume is dictated by the persons congregating
in the venue, not by the loudspeakers or tie amplifiers (see o [1]). When setting up a
PA-sysem for large-scale sound reinforcement, dozens of technicians not related to the
audio discipline (lighting etc.) are dso present. For instance, riggers climbing on trusses
near a loudspeaker cluster would surdy benefit from less obtrusve excitaion sgnds. In
these cases, usng white noise as simulus even bears a potentid hedth risk and security
problem. An MLS accidentaly fed with full leve to a poweful sound sysem may
cause hearing damage or even lead to accidents of dartled personnd. This holds
egpecidly true in the vicnity of hornloaded drivers. Using excitation dgnds with
decent low-frequency emphasis relaxes the dtuation to some extent. In particular, long
sweeps can be interrupted before reaching the excruciating mid frequencies when it
becomes clear thet their level istoo high.
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3.1 Equalizing loudspeakers for room acoustical measurements

Measuring RIRs is one of the most common tasks in room and building acougtics. All
typicd parameters that describe the acoustical properties of a room (or, to be more
precise, the acoudticd transmisson path between two points in the room, using a source
and a recaever with diginct directivity) such as reverberaion, clarity, definition, center
time, STI and many others, can be derived form it. A close sudy of the IR can hdp to
identify acoudtical problems such as unwanted reflections or an undedrable ratio
between direct sound and reverberation. Examining the associated room transfer
function (obtained by FFT) can reved disturbing room modes or, of course, tond
mishaance of a sound reinforcement system.

Ancther very interesting application is the cregtion of “virtud redity” by convolution of
anechoic audio materid with binaurd RIRs measured with a dummy head. We will later
see that only sweeps are capable of fulfilling this task with sufficient dynamic range.

Even today, capturing RIRs for reverberation time measurements is occasonaly done
using nonteectroacoudtic impulsive sources. Firing a pigol (a delicate action especidly
in churches) or popping baloons ae common means. While achieving high leves in
some frequency bands, these methods have very poor repesatability and produce
unpredictable spectra. The low frequency energy content is usudly scant, especidly for
pigols because of ther andl dimensgon. Even the omnidirectiondity is not a dl
guaranteed [1]. The only way to avoid these severe drawbacks is the use of an
electroacoudtica system, which thus brings a loudspesker into play.

Obvioudy, when usng a loudspesker without any further precautions, the acquired
room transfer functions will be colored by the loudspesker's frequency response. This is
particularly a problem when the RIR is be used for aurdization. To worsen things, the
frequency response is direction dependent. For room acoustical measurements, the 1SO
3382 prescribes that the loudspesker to be used be “as omnidirectional as possble’ (a
condition that in practice hardly can be satisfied over 2 kHz).

No loudspesker will be able to produce a frequency-independent acoustical output. This
is not a dramatic problem with reverberation time measurements in octaves or third-
octaves, as long as the deviation within these bands does not become too high.
However, coloration of the room trander function (RTF) by the loudspesker's
frequency response is highly undesrable for aurdization purposes. In these cases it is
necessary to use a pre-emphass to remove this coloration. Of course, this equaization
could aso be done by post-processing the RTFs with the inverse of the spesker's
response, but this would not improve the poor S/N ratio at frequency regions where the
acoudtica output of the loudspesker is low. That is why it is especidly advantageous to
pre-filter the excitation sgnd in order to dlow for a frequency-independent power
output.

Loudspeaker equdization is but one component of pre-emphads that should be gpplied
in room acousticd measurements. Additiondly, the measurement can be enhanced to a
great extent by adapting the emitted power spectrum to the ambient noise spectrum.
And in most of the cases, this background noise tends to be much higher in the lower
frequency regions. Thus, in order to achieve an S/N-ratio that is amost congtant with
frequency, there should be an extra pre-emphass that reflects the background noise

spectrum.
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While a frequency independent S/N-ratio is certainly desrable for room acoudica
andyss (especidly for the extraction of reverberation times in filtered bands), it may be
argued that in order to minimize audible noise, RIRs acquired for aurdization purposes
should have a noise floor that matches our hearing's sendtivity a low levels. Noise
shaping to reduce the perceved noise in recordings with a fixed quantization (for
ingtance, the 16 hits of a CD) atempts the same god. A very expert introduction to this
aea is given in [32]. To achieve a noise levd that is particularly low in the spectra
regions of high ear sengtivity, an emphass equa to such a sengtivity curve (such as the
E curve) would have to be gpplied to the excitation sgnd. On the other hand, giving an
extra boost to the mid-frequency region of highes hearing senstivity will lead to
paticulaly annoying excitation sgnas. In any case, the question of which emphass is
most auitable is a multifaceted problem and may be answered differently for every
messurement scenario.

One conundrum is how to handle measurements for acoustic power equdization of
measurement  loudspeakers. Usudly, the acoustical power response of the spesker is
obtained by meagnitude averaging many trander functions measured in the diffuse fidd
of a reverberant chamber. A correction with the inverse of the reverberation times,
10log{1/T(f)}, converts the diffuse-fidd sound-pressure spectrum into a spectrum
proportional to the acoustical power.

After this, a smoothing over 1/6 or 1/3 octave is indispensable to obtan a non
corrugated curve. But this smoothing will not be sufficient for low frequencies, as can
be seen in the top right curve in Fg. 14. In this range, the chamber's transfer function
condgs of only a few gngle high-Q modes. It is then a good idea to replace these peaks
in the response by a smoothed, doping curve with the theoretica decrease of the
peaker’ s sengitivity (12 dB/octave for closed box or 24 dB/octave for vented systems).
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Fig. 14. Stepsto construct the acoustical power spectrum of a loudspeaker.

The problem now is how to ded with the phase and the associated group delay. Of
course, the phase of a reverberant chamber's transfer function cannot be used. A
possible compromise is to combine the acoustic power magnitude response (as obtained
in the reverberant chamber) with a free-fiedd phase response (as obtained by measuring
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the gpesker's sengtivity onaxis). Obvioudy, merging the amplitude of one
measurement with the phase of another leads to an atificdd spectrum that will dso
correspond to a synthetic IR with some artifacts. Nevertheless, this seems to be a viable
way to minimize amplitude and phase digtortion in room acoustical measurements.

It is interesting to note here that if a sweep is to be created, only the target’s magnitude
reponse will influence the excitation sgnd. Having no influence on the credtion of the
sweep, the measurement loudspesker’s phase can thus only be equalized by podst-
processing (that is, applying the inverse of this phase to the reference file). Thus, for
generd room acoudticd measurements, the sgnd processng will dways conast of a
combination of pre- and post- processng.

4 SWEEP SYNTHESIS

Sweeps can be created ether directly in the time domain or indirectly in the frequency
domain. In the later case, their magnitude and group dday are syntheszed and the
sweep is obtained via IFFT of this atificid spectrum. Some of the formulas given here
are written differently from the typicd mathematica standards, but their form is suitable
for direct implementation in software.

The two mogt commonly known types are the linear and the logarithmic sweep. The
linear sweep has awhite spectrum and increases with fixed rate [Hz] per time unit:

- B oot
Tz' 1

(1a)

Japanese scientists [35, 36] have been using linear sweeps for good reasons long before
the MLS technology got popular in acoustics. They refer to the linear sweep as “time
dretched pulse” (TSP), but of course any broad-band excitation signal, be it a sweep or
anoise sgna, could be consdered a pulse whose energy has been spread out in time.

In the lagt years, the origindly white “TSP” has been improved for use in acoudtics by
gving it preemphass a lower frequencies [37]. Also known are bandpass-filtered

sweeps for specific purposes [38].

Logarithmic sweeps have a pink spectrum, meaning their amplitude decreases with
3dB/octave. This dso means that every octave contains the same energy. The
frequency increases with a fixed fraction of an octave per time unit:

109(f2/ ) _ g (1b)

Tz'Tl

4.1  Construction in the time domain

Sweeps can be synthesized easily in the time domain by increasing the phase step that is
added to the argument of a Sne expresson after each calculation of an output sample. A
linear sweep asused in TDS has afixed value added to the phase increment:

x(t) = Adn(j ) 1)
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i = +Dj

D =Dj +Incj

In contrast, a logarithmic sweep is generated by multiplying the phase increment by a
fixed factor after each new output sample caculation. So the lagt line in equaion (1)
smply changesto:

Dj =Dj :Mulj 2

Thevdue of | for the fird sample is O while the sart vadue of Dj corresponds to the
desired start frequency of the sweep:

D start = 20 Xfsrarr /fs (3

The factorincj used for the generation of a linear sweep depends on the dart- and
stop-frequency, the sampling rate fs and the number of samples N to be generated:

a:) nyTOP- fSTART (4)

Ing =
foxN

In contrast, the factor Mulj necessary to create alogarithmic sweep is caculated by:

10g, ( fsrop- fsart) ()
Mulj =2 N
where log; isthe logarithm dudis (logarithm with base 2).
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Fig. 15. Sweeps created in the time domain and their spectral properties.
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While sweeps generated in the time domain have a perfect envelope and thus the same
ided crest factor as a sne wave (3,02dB), ther spectrum is not exactly what is
expected. The sudden switch-on a the beginning and switch-of a the end are
responsible for unwanted ripple a the extremities of the excitation spectrum, as can be
seen in Fig. 15. Hdf-windows can be used to mitigate the impact of switching, but do
not entirdy suppress it. Normadly, these irregularities will have no effect on the
recovered frequency response when correcting them with a reference spectrum derived
by inverson of the excitation spectrum (as obtained by a reference measurement with
output connected to input). If, however, the deconvolution is smply done with the time-
inverted and amplitude-shaped stimulus, as proposed in [2], or if the correction is not
feasble, as with TDS, then errors (such as consderable pre-ringing in the cdculaed IR)
can be expected due to the imperfections near the start and end frequency of the sweep.

42  Construction in the frequency domain

Congructing the sweep in the spectrd domain avoids these problems. The synthesis can
be done by defining the magnitude and the group dday of an FFT-gpectrum, caculating
redd and imaginay pats from them, and findly trandforming the atificid sweep
gpectrum into the time doman by IFFT. The group delay, while sometimes not easly
interpretable for complex dgnds, is a well-defined function for swept sines, describing
exactly a which time each ingantaneous frequency occurs. For sweeps, the group delay
digplay looks like a time-frequency didribution with the verticd and horizontal axis
interchanged (dlbeit lacking the third dimenson, which contans the magnitude
information).

If a congtant tempord envelope of the sweep is desred (guaranteed naturaly by the
condruction in the time domain), the magnitude and the group delay must have a certain
relaionship to each other. In the case of a linear sweep, the magnitude spectrum must
be white. In the case of a logarithmic sweep, the magnitude spectrum must be pink, that
is, with a dope of —3 dB per octave. The associated group delay for the linear sweep can
then smply be set by independently from the magnitude spectrum:

tG(f):tG(0)+ﬁG(fs/2)-tG(O)]fo/2 ©)

with t;(0) and t(fs/2) being the desred group delays a DC and the Nyquist
frequency (fs/2).

The group delay of alogarithmic sweep is dightly more complicated:

t o(f)=A+Bxog,(f) (7)
with

B:te(fEND)'tG(fSTART) A:tG(fSTART)- Bxlogz(fSTART) (8)

109, (feno / fsrarr)

Normadly, fstart Will be the firg frequency bin in the discrete FFT-spectrum, while £np
is equal to §2. Of course, t 5 (fgrarr) and t g (fenp) Must be redtricted to values thet
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fit into the time interval obtained after IFFT. The phase is caculated from the group
delay by integration:

i (f)=j (f- df)- 20>df x(f) with df = f /2" @)

Phase and magnitude can then be converted to red and imaginary parts by the usud
Sn/cosine expressons.

As dated before, creating a sweep in the time doman will cause some contamingting
effects in the spectrd domain. Likewise, syntheszing a sweep in the spectra doman
will cause some oddities in the resulting time sgnd. Frg, it is important that the phase
resulting from the integration of the constructed group delay reaches exactly 0° or 180°
a f42. This condition generdly must be fulfilled for every spectrum of a red time
ggnd. It can be achieved essly by subtracting vaues from the phase spectrum that
decrease linearly with frequency until exactly offsetting the former end phase:

) ) fo.
Joneu (F) =] ar (F)- m% END 9)

This is equivaent to adding a minor constant group delay in the range of +0,5 samples
over the whole frequency range.

Even saidying this condition, the sweep will not be confined exactly to the vaues
givenby t s(fgarr) ad t g (fenp), but Soread out further in both directions. This is a

direct consequence of the desred magnitude spectrum in which the oscillations tha
would occur with abrupt sweep start and stop points are precisely not present. Because
of the broadening, the group delay for the lowest frequency bin should not be st to
zero, but ingead be a little higher. In this way, the sweep's firgt haf-wave has more
time to evolve. However, it will aways dat with a vaue grester than zero, while the
remaning pat left of the starting point folds back to “negative times’ at the end of the
period. There it can “smear” into the high-frequency tal of the sweep if the group deay
chosen for f42 is too close to the length of the FFT time interval. A safe way to avoid
contamindting the late decay of the tal by low-frequency components is to smply
choose an FFT block length that is at least double the desired sweep length.

To force the sweep's desired start and end point to zero, fade operations of the first half-
wave and the tal are indispensable to avoid switching noise. By doing this, it is clear
that a deviation from the desred magnitude spectrum occurs. But it can be kept
indgnificant by choodng sufficiently narrow parts a the very beginning and end of the
swveep. The resulting spectra and time signds for both the linear and logarithmic sweeps
ae shown in Fg. 16. The horizonta platform below 20 Hz for the logarithmic sweep
has been introduced ddiberately to avoid too much subsonic sgnd energy. Both sweeps
cover the full frequency range from DC (included) to f42.
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Fig. 16. Sweeps created in the spectral domain by formulating group delay.
Control of the fade-in/fade-out impact on the sweeps by FFT.

The ripple introduced by the fading operations (haf-cosine windows are most suitable)
can easly be kept under 0.1dB and should not cause any concern, as its impact on
measurement  results is cancded by peforming and aoplying the reference
measurement.
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Fig. 17. Iteration to construct broad-band sweeps with perfect magnitude response.

However, in cases when an exact amplitude compensation is not feasble (for example,
in a TDS device) or not intended, the iterative method depicted in Fig. 17 permits to
reect the ripple completdy, establishing exactly the desred magnitude spectrum while
maintaining the sweep confined to the desred length. The rather primitive iteration
congdgs of consecutively peforming the fade-infout-operaion, transforming the time
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dgnd to the spectrd domain, replacing the dightly corrugated magnitude spectrum with
the target magnitude while mantaning the phases and eventudly back-transforming
the manipulated spectrum into the time doman. Before imposng the fade-in/out
windows another time, the resduds outsde the sweep interva are examined. If ther
peak vaue is below the LSB of the sweep's intended find quantization, the windowing
is omitted and the iteration ends. Usudly, the process converges rapidly and even a
sveep quantized with 24 bits is avalable after only approximately 15 iteraions.
However, the perfect magnitude response is traded off by a very light digortion of the
phase spectrum. Hence, the derivative group ddlay will be dightly warped, but the effect
is dmost unperceivable and redtricted to the very narrow frequency strips around DC
and f42. The iteration works best with broadband sweeps covering the full frequency
range between 0 Hz and f42.

43  Sweeps with arbitrary magnitude spectrum and constant temporal
envelope

So far we have redtricted discusson to linear and logarithmic sweeps. If their magnitude
spectra is dtered from the dictated white or pink energy contribution to something
different, it is clear that their tempora envelope would not be constant any more. This
would entall an increasing crest factor and hence an energy drop, given a fixed pesk
vaue as maximum amplitude. Now it would be very atractive to use sweeps with just
an ahitrary energy contribution without losing the advantage of a low crest factor. This
can be achieved easlly by making the group delay grow proportiondly to the power of
the dedred excitation spectrum. In generd, the energy of a sweep in a paticular
frequency region can be controlled by ether the amplitude or the sweep rate a that
frequency. A deeply increesing group delay means tha the corresponding frequency
region is dretched out subdantidly in time with the ingantaneous frequency risng
only dowly. Thisway, much energy is packed into the respective spectrd section.

The group deday for the arbitrary-magnitude, condant-envelope sweep can be
condtructed dating with t g (fgragr) for the first frequency and then increasing bin by
bin:

to(f)=tg(f- df)+CoAH(f)] (10
with C being the sweep length divided by the excitation spectrum’s energy:
c=te(fenn) - te (fsrart )
fg/2

a [H(HF (11)

f=0

The process is illusrated by an example in Fig.18. The sweep under condruction shall
sarve to equdize a loudspesker and feature an additional low-frequency boost. The
desred excitation sgnd spectrum in the upper left originates from the inverted
loudspesker response. It is further emphasized with a first order low-shdf filter with
10dB gain and then high-pass filtered a 30 Hz to avoid an excess of infrasonic energy
being fed to the loudspesker by the new equalizing excitation signd to be generated.
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Fig. 18. Generation of a sweep with nearly constant envelope from an arbitrary magnitude
spectrum.

The congtructed group delay shows a rdlative steep inclination up to 0.5 second, and the
resulting time dgnd reveds that the frequency in this range increases only gradudly
from the dat vaue. Thus the sweep will contan a lot of energy in tha frequency
region. From 80 Hz to 6kHz, the group ddlay increases by merely 200 ms, so the whole
midrange is swept through in this short time. Above 6 kHz, the group delay again
inclines due to the increased desred magnitude and the frequency rises more
moderately, thereby extending the HF part of the sweep.

It is noticeable that the sweep’'s amplitude is not entirdly congtant, as would be desirable
to achieve the ided crest factor. At the beginning and a gpproximatey 650 ms, a dight
overshoot cannot be avoided. This is another imperfection caused by the sweep's
gynthetic formulation in the frequency doman. To keep these disturbances smdl, a
dight smoothing of the magnitude spectrum helps. Doing o, the sweep's crest factor
can normally be kept below 4dB, leading to an energy loss of less than 1dB. Of course,
the iterative method described in 4.2 can be combined with this agorithm to reduce
deviaions from the desired magnitude response near the band limits. Doing o, the crest
factor even decreases dightly.

4.4  Sweeps with arbitrary magnitude spectrum and prescribed temporal
envelope

Is the congtant-envelope sweep with fredy definable magnitude spectrum the optimum
excitation sgna for room acoudticd measurements? Wdll, if the amplifier power should
be the redricting limit of the measurement equipment, one would say, yes. The dmost
consant envelope of the excitation dgnd dlows drawing the amplifie’s maximum
power throughout the whole measurement, thereby pumping the maximum posshble
energy into the RUT (room under text) in the didinct time intervd. However, lacking
amplifier power is rarely a point of concern today (except for battery powered portable
equipment). It is much more likdy that the power handling capabilities of the deployed
loudspeakers have to be consdered carefully to avoid damage. In the case of a multi-
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way sydem, for example, a dodecahedron composed of coaxial speakers, perhaps
supported by a powerful subwoofer, each way has its own power limit. A constant-
envelope sweep must have its power adjusted to the weekest link of the equipment,
mogly the tweeters. This would leave the power handling capability of the woofer
(which exceeds that of the tweeters often by a factor of 10 or more) for the most part
ide. Additiondly, an extra boost is often desrable precisdy in the low-frequency
region to overcome the increasing ambient noise floor.

It becomes clear that in the case of loudspesker impasses, the ingtantaneous sweep
power should be controllable according to the frequency just being swept through. This
can be accomplished by controlling the amplitude of the sweep in a frequency-
dependent fashion. To do so, only a minor modification of the sweep cregtion process
reveded in section 4.3 is necessary. As depicted in Fg. 19, the trick is to first divide the
target spectrum by the “desired-envelope’ spectrum. The resulting spectrum is the base
for the group delay synthess usng the same formula as in the “congant-envelope’
case. The synthesized spectrum indeed corresponds to a sweep with constant envelope,
but with reduced energy a lower frequencies, according to the inverse “dedred
envelope’ spectrum. After cregting the red/imaginary pair, the sweep spectrum  will
now be multiplied with the desred-envelope spectrum, reestablishing the desired
magnitude response. The IFFT will now produce a sweep that no longer has a constant
enveope, but fathfully features the frequency-dependent amplitude imposed by the
“desired-envelope’ spectrum.

This is the most genera form to create an gppropriate sweep sgnd. Two crucia degrees
of freedom are offered here Any user-defined spectrd didribution dong with any user-
defined definition of the frequency-dependent envelope (ingtantaneous power) will be
transformed into a swept sine wave suitably warped in amplitude and time.
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Fig. 19. Sweep creation with desired envelope and arbitrary magnitude spectrum.

It must be admitted that this gpproach does not entirdy remedy the danger of
overheating sengtive tweeters. Compared to a “congtant-envelope’” sweep with identica
energy contents, a “desred-envelope’ sweep only leads to dretching out the same
energy fed to the tweeter in time, resulting in the same heat-up if the sweep length is
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gndler than the time condant of the voice coil’s thermd capacity. Room acoudtica
measurements with long sweeps (many seconds), however, benefit from this expanding.
The “desred-envelope’ sweeps are dso advantageous if the tweeter is threatened not
only by overhedting, but aso by mechanicdly caused damage (for example, by
excessve forces in compression drivers). The reduced distortion due to the lesser leve
may aso be motivating, dthough it is the mgor asset of sweep measurements that the
distortion products can be separated so well from the actua IR.

Another application of sweeps with controlled decrease of the envelope a higher
frequencies is the measurement of andogue tepe recorders. The envelope can be
adapted to the frequency-dependent saturation curve of the tape, thus making optimum
use of the tepe€s dynamic range a every frequency. This way, an apparent drop in
response a frequencies where the leve gets close to the saturation limit is obviated. In
compact cassette tape decks with their narrow and very dowly running tapes, the
necessary decrease of the envelope can reach 20 dB or more, depending on the tape
materid. The saturation curve itsdf can be determined by ddiberately feeding a sweep
with excessive level that causes overload a dl frequenciess When the digtortion
products are removed from the IR, the remaining spectrum of the man IR is a good
edtimate of the frequency-dependent maxima input levd for recordings and
measurements.

45 Dual channel sweeps with speaker equalization and crossover
functionality

In many acoudicd measurements, multi-way loudspeskers are employed to cover as
much of the audio range as possble For example, an omnidirectiond dodecahedron
will usudly exhibit poor response below approximatdy 200 Hz, depending on its sze.
Thus, it is advantageous to support it with a subwoofer to circumvent the need of
excessve pre-emphasis. A norma closed or vented box design with just one chassis will
dill be sufficiently omnidirectiond in this frequency range. As dl sound cards and most
measurement systems are equipped a leest with a dereo DA converter, it is
advantageous to make use of the two chands to include an active crossover
functiondity into the excitetion sgnd. This can be achieved with some extensons of
the sweep generation methods described in the sections 4.3 and 4.4.

Fird, as in any equdization task, it is necessary to measure both speskers a the same
postion to establish vaid magnitude, phase and delay reationships. Bearing in mind
the speaker’s power handling capabilities and according to their magnitude responses,
an gppropriate crossover point can then be sdlected. At this frequency, the phase and
group delay difference between both spectra is read out and stored. They will be needed
later. Now, after an optional smoothing, both spectra are inverted and treated with a
band-pass to confine them to the desired frequency range to be swept through (see Fig.
20). At this point, a dedred additiond emphass is dso gpplied to the Stereo spectrum.
Should the excitation sgnd feature a frequency-controlled envelope, a divison by the
desired envelope spectrum has to be executed now. After these preparatory steps, the
crossover function can be brought into play by multiplying the fird channd with a low-
pass-filter and the second with the corresponding high-pass filter.

An optiona smoothing effect (with constant width on a linear frequency scade) may be
obtained by windowing the IRs of the two spectra For this purpose, both are
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tranformed to the time doman after deeting ther phase. The desred window is
goplied and the confined IRs transformed back to the frequency domain (see Fig. 21).
The window should not to be too narrow to avoid too much blurring of the low
frequency details.
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Fig. 20. Preprocessing for dual-channel sweep with 2-way speaker equalization and active-
crossover functionality.
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Fig. 21. Further processing of dual channel sweep: Windowing of IR, group delay
synthesizing, inter-channel phase and delay adjust, fade infout of sweep.
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Now the dud-channd sweep can be crested by formulation of the aready known
relaionship between the squared magnitude and group delay increase. But instead of
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using just one channd, the squared magnitude of both channels must be summed here to
yield the group delay growth vaue:

2
to(f)=tg(f-di)+CxQ [H(F) (12)
Ch=1

Likewise, Cis cdculated usng the sum of both channd’stota energy:

c =te(fenn) - Lo (fstarr )
2 f%lz )
a a [H() (13)
Ch=1 f=0

As the ingtantaneous frequency shdl be the same for both channds the group dday
gynthess must be performed only once and the resulting phase can be copied into the
second channd. If the excitation sgnd shdl feature a frequency-controlled envelope, its
dud-channd spectrum must be multiplied by the enveope spectrum after converting
magnitude and syntheszed group dday to the norma red/imaginary  part
representation.

The IFFT will tun out a dud-channd sweep tha firsd glides through the low
frequencies in one channd and then through the remaning frequencies in the other
channels. The sum of both channels will have the desred envelope, while the rdation of
their amplitude a each ingtantaneous frequency corresponds to the reation established
in the spectrd domain.

In the crossover region that camot be made indefinitely narrow due to the non
repetitive nature of the sweep, both channds interfere. While they are in phase in the
synthesized dud-channd excitation sgnd, they usudly would not arive in phase a the
microphone when emitted over the two loudspeskers. So a delay and phase correction
are necessary to avoid drops in sound pressure level at the crossover frequency. That is
why the phase and group-delay relationship of the spesker responses should be stored
previoudy. This information can now be used to shift the sgna for the loudspesker
with the smdler group delay to the right by the difference in ariva times. This can be
accomplished best while ill in the spectrd domain by adding the appropriate group
delay. The received phases a the crossover point can be brought into accordance by
adding or subtracting a further small group delay to one of the channds.

It can be argued that dua-channd noise sgnds or sweeps with “two voices’ covering
independently both frequency ranges a the same time would be more advantageous, as
they dlow pumping energy to both speskers over the whole measurement period.
However, only a “sngle-voiced” sweep permits excluding the digtortion products from
the recovered IR. Being able to do so, the stereo 9gnd can be fed with a much higher
level, which offsets the disadvantage of rediricted emission time in the sSingle ways.

Obvioudy, the reference spectrum necessary to deconvolve the received excitation
sgnad cannot be created by peforming the usud eectricd reference measurement. By
doing 0, the carefully introduced loudspesker equaization would disappear in the find
results. The only viable way is to condruct the reference spectrum by smulation, as
depicted in Fig. 22. Firg, the previoudy generated dud-channd excitation dgnd is
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transformed to the spectral domain. There, it is multiplied by the loudspesker response
and the df-response of the measurement system. The latter should include the response
of the entire dectricd dgna path (converters, power amplifier, and microphone pre-
amp) and the microphone response, should it not be sufficiently fla. After these
operations, both channeds are summed, yidding a smulation of the receved sound
pressure spectrum a the microphone position (colored by the response of the receiving
path). This spectrum is now inverted to negate the group delay and to neutraize the
chosen pre-emphagis, if any was applied. As the inverted spectrum would lead to
excessve boost of the frequencies outdde the sodected transmisson range, a
multiplication with a band-pass of roughly the same corner frequencies as used in the
pre-processng stages (top right of Fg. 20) is indispenssble. To mute the out-of-band
noise effectively, the order of this band-pass should be somewhat higher than the one
used in the pre-processing. The application of this inevitable band-pass is a critical step,
as it means that the acousticd measurement results are convoluted with its IR. The
resulting effects can be quite disurbing. For example, usng a linear-phase band-pass
filter will obvioudy produce pre-ringing of the recovered RIRs This is undesrable for
aurdization purposes. In this case, it is more advisable to use minimum-phase |IR-type
filters. On the other hand, a linear phase band-pass filter might induce fewer errors in
the classcd room acoudtical parameter evaduations. In any case, the filter order should
be as moderate as possible to keep thefilter’ s IR sufficiently narrow.

In generd, these condderations apply to any broadband room acoustica measurement.
At the lagt, the active pre-equdization technique presented here adlows acquiring RIRs
that are free of coloration by the measurement loudspesker and feature a high,
frequency-independent SNR.

5 DISTORTION MEASUREMENT

So far, it has been shown tha the harmonic digtortion artifacts can be removed entirely
from acquired IRs when measuring with sweeps. In room acoudticad measurements, they
ae usudly samply discarded as the loudspesker is not the object of investigation. In
loudspesker measurements, however, it is very intereting to reae them to the
fundamentd to evauate the frequency-dependent distortion percentage. Indeed, this can
be done separatdy for every sngle harmonic, as has aready been proposed by Farina
[2]. To illudrate the technique, Fig. 23 shows the group delay of a logarithmic sweep
and its firg four harmonics and Fig. 24 shows the time-frequency energy distribution
from asgnd with smilar digtortion.

Obvioudy, for a given ingantaneous frequency of the fundamentd, dl its corresponding
harmonics have the same group dday. In the example, the sweep fundamental reaches
400 Hz after 2 seconds. Consequently, the second-order harmonic trace intersects the
horizonta second line a 800 Hz, the third a 1.2 kHz and so on. Now focusing on just
one specific frequency in the diagram, the harmonic traces intersecting this vertica line
have a lesssr group dday then the sweep fundamentd, snce they beong to
fundamentds with lower frequencies that have been swept through earlier. Multiplying
theses curves by the reference spectrum (that is, subtracting the group delay of the
fundamenta) leads to digplacing them into the negeive range while the fundamenta
will resde a t=0s, as desired.
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Fig. 23. Group delay of fundamental and first four harmonics (upper I€ft), referencefile
upper right), deconvoluted sweep with harmonics (lower left) and IR positions of
harmonics (lower right).
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Fig.24: Time-Frequency diagrams of logarithmic sweep and harmonics (left) and IR
(right).

Only in the case of a logarithmic sweep, the harmonics will dl festure a frequency-
independent congtant group delay after the gpplication of the reference spectrum. Other
group delay courses of the sweep could be used, but would require the use of a separate
reference spectrum for each harmonic to warp them to draight lines. Moreover, the
disance between the components of the individua harmonics would not be frequency-
independent. Thus, a logarithmic sweep is the preferable excitation sgnd, smilar to the
one that has dready been used for such along timein the venerable level recorder (1.1).

An IFFT of the deconvolved spectrum yidds the actua IR a the left border and a
couple of “harmonic impulse responses’ (HIRS) a negative times near the right border,
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with the second-order HIR Stuated rightmost and the upper order HIRs following from
right to left. Their distance between each other can be calculated by:

. log,(ord, /ord,)
Dist 5 pp = 922 O/ 2MC 14
'S hir e sweep rate[oct/s] 14

To evduate the frequency-dependent digtortion fraction for every harmonic, the time
ggnd is sparaed into the fundamentd’s IR and the sngle HIRs by windowing. Each
of the isolated HIRs is submitted to a separate FFT. The FFT block length used
therefore, can be much shorter than the one used for the initid deconvolution of the
sweep response, thereby speeding up the whole process. To relate the frequency
contents of one HIR spectrum to the fundamental, a spectrd shift operation according to
the order of the specific harmonic must be peformed. For example, the spectra
components of the fifth-order HIR are shifted horizontaly to one- fifth of thar origind
frequency. After this operation, the shifted spectrum can be divided by the fundamenta
spectrum, yielding the frequency-dependent distortion fraction (see Fig. 25).

It would seem that a correction of -10 log {order of the harmonic} must be gpplied to
the results to compensate for the emphass of higher frequencies imposed by the
reference spectrum. Surprisngly, as exposed by many trids, this operation must be

omitted to yield the correct results.
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Fig.25: Signal processing stagesfor evaluation of transfer function and 2" order harmonic
with logarithmic sweep.

Compared to the standard single-tone excitation and andyss with fixed frequency
increments, this method is many times fager and usudly edablishes a much higher
frequency resolution, a least in the mid and high-frequency ranges. However, some
disadvantages should not be overlooked. First of dl, the measurement is redricted to
anechoic conditions, unless very long sweeps are used. Too much reverberation a the
measurement Site would lead to smearing of the diginct HIRs into each other by
ddayed components, thus thwarting their separation. This certainly is a sgnificant
shortcoming, as the strength of IR-based measurement is precisdy the ability to regect
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reverberation by windowing, provided that the time gap between direct sound and first
reflection is sufficiently large.

Other problems are related to the mandatory use of windows to separate the individua
HIRs from one other. Of course, al the usua problems associated with windowing [33]
apply here. In particular, the choice of the window type condtitutes a tradeoff between
man-lobe width (equivalent to the spectra resolution) and Sde-lobe suppresson. To
avoid an energy loss and subsequent underestimate of distortion components that are not
exactly Stuated under the window's top, a Tukey-style window [33] should be used.
However, this kind of window features the rectangular window's poor sSide-lobe
suppresson of just 21dB. This can lead to filling up with artifacts those frequency
regons in which the digortion plummets to very low vaues The spectrd smoothing
caused by any window is congant on a linear frequency scale. On the usud logarithmic
dislay, this means that the gpectra resolution becomes extremey high & high
frequencies, while perhgps lacking detalls at the low end of the digtortion spectrum. If a
higher resolution is desired, the sweep much be made longer to space the HIRS further
goart, thus permitting the use of wider windows.

The window width must decrease according to equation Equ. (14) to separae the higher
order HIRs. This entalls a reduced resolution of the corresponding distortion spectrum.
However, when compressing it to the right to rdate it with the fundamenta spectrum,
the resolution becomes higher than that of lower order HIRs. In practice, the desred
reolution of the second-order harmonic a the low end of the loudspesker's
transmission range dictates the siweep rate and hence the excitation sgna length.

Znd order harmonics with sweep 2nd order harmonlcs with pure tone
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Fig.26: Comparison of 2"*order harmonic acquired with sweep (left) and traditional pure
tone testing in 1/24-octave increments (right).

Ancther problem of the fast digortion andyss is lacking SNR, especidly for the
higher-order harmonics which usudly have farly low levels. While pure-tone testing
results in much energy being packed in the steady fundamentd and its harmonics, the
swveep technique didributes each harmonic’'s energy continuoudy over the whole
frequency range. This is why the digtortion spectra for the higher-order harmonics tend
to become rather noisy, especidly a higher frequencies. To dleviate this problem, it is
a good practice to extend the sweep to an even longer length than necessary to achieve
the desired spectra resolution. The windows can ten be made narrower than necessary
to isolate the single HIRS, thus regjecting the noise floor that resides between them.
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Findly, even when dl precautions have been taken to guarantee a high-precison
measurement, it cannot be denied that sometimes, unexplainable differences between
the steady tone testing and the sweep method occur in some frequency regions. Fig. 26
displays an example of such a discrepancy. Between 1.3 and 1.7 kHz, the second-order
harmonic trace acquired with sweep and steady sine testing look quite different. The
ressons for these occasona divergences are not obvious, dthough perhaps different
voice coil temperatures have some effect.

In spite of these uncertainties, the sweep-based digtortion testing is very dtractive, as it
is so much fagter than the conventiond pure-tone testing. In production testing, it does
not only dlow occasiona spot checks but it enables checking 100% of the
manufacture, even if the merchandise is of inexpensive mass production.

6 CONCLUSIONS

FFT techniques using sweeps as excitation sgnds are the most advantageous choice for
amost every transfer-function messurement gtuation. They dlow feeding the device
under test with high power at little more than 3dB crest factor and are relatively tolerant
of time variance and totaly immune againg harmonic distortion. Choosing an adequate
sweep length dlows complete regection of the harmonic digtortion products. Moreover,
these can be cdasdfied into individud frequency-dependent harmonics, dlowing a
complete and ultrafast distortion analysis over the entire frequency range, together with
the evauation of the trangfer function.

When it comes to capturing RIRs for aurdization purposes, there is no dternative to
swveegp messurements. The high dynamic range, in excess of 90dB, desrable for this
purpose is unatainable with MLS or noise measurements. Furthermore, even for
dandard RT measurements that do not require such a high dynamic range, sweeps are
attractive because of the ease of increasing the dynamic range up to 15 dB compared to
MLS-based measurements, using the same amplifier, loudspesker, and measurement
duration. Thus there is little point in udng MLS. Even MLS-rdated advantages of
saving memory and processng time have dmost completdy logt their rdevance with
today’ s computer technology.

From a programmer’s point of view, not having to include the MLS generation and
Hadamard trandform may save precious development time when writing a measurement

program.

While acquiring trander functions with MLS may be mathemaicdly degant, the
authors are of the opinion that usng sweeps to do 0 is degant from a system theory
and sgnd-purity point of view. Measuring with sweeps is aso more naurd. After dl,
bats do not emit ML Ssto do their acoustic prafiling.
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