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Because scund events in cars arise in 2 complex way, direct
conclusions about causes and transmission paths of sound
components judged to be annoying can be drawn only in a lim-
ited way. A procedure for measurement and analysis has been
developed to complement binaural measurement technology
by including multichanne] measurements of acceleration sen-
sor signals, sound radiation and fransmission. For an aulomo-
bile, this involves correlating signals influencing sound qual-
ity with signals analyzed by means of human hearing and with
signals from acceleration sensors fixed in front of and behind
engine mounts. An exact relationship between physical causes
and subjectively perceived sound quality can be established.

Measuring sounds inside cars often presents a difficult task
for the acoustical engineer. There are two main reasons for this.
First, there are no industry wide standardized measurement
procedures. Second, verv complex seund situations in the in-
terjor of cars, attributable to different transmission paths for
airborne and structure-borne sound, are not eesily identifiable
in terms of mosi acoustical measurement tecknology. The ob-
jective criteria required for noise annoyance, sound quality or
sound comfort cannot be obtained by simple A-weighted SPL
measurement of sounds inside cars.’?

Investigations using binaural measurement and analysis
techniques have demonstrated advantages for objectively de-
termining sound quality.® The use of Artificial Head technol-
ogy in conjunction with psychoacoustic evzluation algorithms,
while 1aking into account the binaural signal processing capa-
bility of human hearing, has considerebly edvanced the enaly-
sis of sounds inside cars. The automobile industiry has been in
the forefront of application of these techniques. Aurally-
equivalent sound measurement provides a workable means of
tlassifying those sound components which significantly influ-
ence acoustic comfort,

The current trend in the automobile industry is to build in-
creasingly lighter models with engines of higher performance.
This resultls in higher vibration levels from the engine and, &t
the same time, higher probability of vibretion excitation of car
body components, particularly in the frequency range below
epproximately 1000 Hz. Not only are vibrating body compo-
nenis a source of sound annoyance, there is also the sound
radiated directly from the engine because it is only slightly
atlenuated by the insulation or lack of insulation offered by
lighter body components such as the bulkhead between the
engine and passenger compartments. All of these sources of
airborne sound produce, for the vehicle occupants, sensations
and annoyance that vary substantially with operating condi-
tions.

Low-frequency components up to an upper limit of approxi-
malely 400 Hz are experienced as acoustically unpleasant
“humming” and "howling.” Additional ennovance results from
direct transmission of vibration 10 the occupants. These are
experienced as disturbing vibrations on the floor, in the seat-
ing and in the steering and gear shift lever. The “sensitivity”
threshold for the body a5 a whole (o vibration extends to 200 -
300 Hz. Individuzl parts of the body, such as the finger tips,
acl as fine sensors in a frequency range of up to approximately
600 Hz,

These effects can only be traced to a particular cause if ad-
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Figure 1. Parameters refevant to the classification of sound using hu-
man heoring.

ditional information about possible siructurel transmissicn
paths can be oblained at the same time under the same condi-
tions. This leads 10 the desirability of recording acoustic data.
with an artificial head, and vibration data simultaneously
through multichannel measurement systems. The basis of 2
new approach 1o mezsurement and engineering for objective
determination of subjectively experienced sound quality is
created from two sources: first, the interconnection of airborae
sound evenis with structure-borne signals atl the engine; and
second, the inclusion of vibration paths, such as, the transmis-
sion characteristics of the engine mounts, in the correlstion
process, The structure-borne sound measurement results can
be visually represented not only as order analyses and spec-
trograms but also as running modes. With the new messure-
ment procedure il is possible 1o display simultaneousiy vibre-
tions {rom the sound source and airborne sound events
recorded simultaneously with the artificial head.

In recent vears, artificial head measurements have provec
1o be effective for identifying actual sound conditions. Togethe:
with the corresponding analysis and visual representasticr
possibilities, this technology provides engineers with a tool fo:
processing and modifying actusl acoustic conditions aurally-
equivalentlv. Technical evaluation becames a reslity. Measur-
ing the SPL with a single micrephone does nol give sufficien:
information ebout the disturbing sound event. Even at low fre-
quencies, measurement points in close proximity often show
large differences in level. Annovance experienced subjectively
is often due to the difference in level or sound structure from
ane ear to the other, rather than the particular level value
measured at any one point.?

Because auditory impressions are the key to assessing sounc
quality, the next section will review the psychoacoustic tech-
nology and knowledge which forms the foundation of muck
sound quality investigation and engineering. The remaining
seclions describe implementation of the multi-channel analy-
sis system for combining binauvral analysis with multiple sig-
nal recording and analysis and give an application example.

Aurally-Equivalent Measurement Technology
Aurally-equivalent sound messurement technology is con-
cerncd with objectively definable parameters that relate tc
human perception, Evaluation of a sound event by the “com-
municalions receiver” in human hearing is influenced by nu-
merous parameters. These are diagrammatically summarizec
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in Figure 1. This shows that a sound event cannot be evalu-
ated on the basis of a single dimension. Level is one of numer-
ous parameters which play a part in the evaluation of a sound
cvent by a person. These parameters are basically of two kinds:
subjective (psycholegical) and objective (physical and psycho-
acoustic). Subjective parameters are best delermined statisti-
cally because of the variability of human respenses to a par-
ticular situation. Itis difficult to derive precise parameters from
them. This underlines the need for objectively based and au-
rally-equivalent sound measurement technology.

Regulations for fixing noise levels are based on A-weighted
SPL measurements obtained using a single microphone only.
Such a simple measurement procedure has limited utility for
quantifying the annoyance in sound events or even sound qual-
ity in general. For many years A-weighted SPL measurement
has been used to estimate the psychoacoustic parameter of
loudness. A loudness measurement which takes better account

of the spectral and temporal structure of a sound event than
the A-weighted SPL has been shown to have advantages.! How-
ever, loudness has not been universally successful for quanti-
fying sound quality. This is because complex sound events
evaluated by Joudness measurement equipment are not easily
compared with the evaluations made by the human ear.

The difference can be explained by the evaluation of sound
signals in the hearing process. While evaluations by means of
conventional acoustic measuring technigues are made with
simple A-weighting, human hearing has more complicated
level-dependent evaluation mechanisms. A sound impression
is not only determined by the sound pressure level, but alse

“by psychoacoustic parameters, such as loudness, sharpness
and roughness. A correctly tuned instrument sounds pleasant
when compared with an out of tune ane, although they have
the same A-weighted sound pressure level and 1/3-octave spec-
trum. Due to the so-called pre-, post- and simultaneous mask-
ing effects of human hearing, different sound impressions may
be created at the same A-weighted sound pressure level, de-
pending on the temporal order of the signals and their spec-
tral distribution. The measurement procedure for loudness
takes into account the distribution of ¢ritical bands in human
hearing. Thus, the masking effects and tonal components of a
sound can be registered better. Loudness not only depends on
the sound pressure level, but also on the spectral composition
of the sound. The measurement of loudness (unit: sone) is a
considerable step towards human hearing equivalent sound
measurement. Sharpness [unit; acum) depends on the spectral
composition. A sound is judged to be sharper and thus more
annoyving if the high-frequency spectral components are more
prominent than low-frequency ones. Roughness of signals with
strong temporal structure is caused by amplitude and frequency
modulations, i.e.. fast changes in level and frequency. Due te
the filtering properties of the cuter ear, each change in fre-
quency simultanecusly results in a more or less strong change
in amplitude.

Human hearing is a highly sensitive system, but has only a
limited longtime memory. Consequently when human hearing
has experienced a sound event! judged to be unpleasant and an-
noying, these parameters will continue to obtain. even when
the noise is reduced by 2 or 3 dB or even more. When human
hearing has been sensitized with respect to a given sound event
pattern, it is not able to make an objective evaluation when the
sound qualily or noise component as a whole is modified.

In this connection, not only is the sound pressure level im-
portant, but also the duration of exposure, the spectral com-
position, the time structure and also the number and spatial
distribution of the sound sources. If a sound event originates
not from a single but several sound sources, which may alsc
be spatially distributed, a correct evaluation of the sound event
can only be obtained through binaural signal processing.

Binaural technology, the key component of aurally-equiva-
lent measurements, comprises: {a) recarding ol sound by means
of an artificial head measuring system; and (b) analysis incor-
porating an evaluation algorithm analogous to human hearing.
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Aurally-equivalent sound measuring technology is not there-
fore an alternative to, but an important extension of, existing
sound measurement techniques. In complex sound situations,
which cannot be defined in terms of A-weighted sound pres-
sure level alone, aurally-equivalent measurements can be used
for gathering additional data, necessary for an objective evalu-
ation of the sound event. The following points must therefore
be noted:

« Simple physical measurement values such as A-weighted
sound pressure level and third octave spectrum do not pro-
vide full information about sound events.

« The subjective sound impression is also determined by the
psychoacoustic characteristics of human hearing.

« Human hearing comprises two input channels, which to-
gether with selectivity, create spatial hearing and therefore,
in the case of several spatially distributed sound sources,
yield results different from those provided by monaural

measuring procedures.

The outer ear is a strongly directional filter.® These filtering
properties, i.e., frequency dependent responses, of the human
outer ear arise through diffraction and reflections caused by
the outer geometry which include pinna, head, shoulder and
torso which are dependent on direction and by resonances
which are independent of direction. In centrast, a standard
measuring microphone has a linear, frequency independent
response characteristic for all directions of sound incidence.
These filter properties of the outer ear are very impaortant for
further signal processing at the receiver end of “human hear-
ing.”

A second difference between human hearing and conven-
tional acoustic measuring methods is the fact that man has two
auditory channels. The other ear is not simply a spare. It al-
lows spatial discrimination essential for pattern recognition in
conjunction with directional hearing, selectivity and suppres-
sion of noise. In a complex sound situation with various spa-
tially distributed sound sources radiating different signals with
the same acoustic power, the elimination of a single sound
source leads to a very insignificant reduction of level as mea-
sured with a single microphone. In contrast, human binaural
hearing is able to perceive considerable changes, depending
on the temporal structures of the signals. This binaural signal
processing is essential for everyday life, for example, speech
communication in a noisy environment is only possible
thraugh binaural signal processing.®

Prior to introduction of binaural measurement technology,
almost all acoustic measuring technology consisted only of
single-channel sound event analysis in which measurements
were carried out using a single microphone with a spherical
directianal pattern. Aural evaluation of sound events changes
however, when there are several sound sources and when the
ear is exposed to sound from several different directions. Fig-
ure 2 illustrates this complex sitvation. In the lelt section, the
test person is confronted with two signal sources co-located.
In the right section. these two signal sources are situated at
different sound exposure angles with respect to the listener.

A significant dilference immediately becomes apparent. If
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each signal source emitted exactly correlated signals of exactly
opposite phase from a position exactly geometrically symmetri-
cal with respect to the center point, they would cancel each
other and no sound pressure level would be measurable. Due
to the spatial separation between the ears at the human head
and the resulting interaural level and phase differences, hu-
man hearing perceives only slight attenuation of low-frequency
componenis, while the high-frequency speciral components
impact the human ear almost uncorrelated. For frequencies
above 300 Hz, therefore, no further difference is measurable,
Whether the signals are emitted in opposile or simullaneous
phase, the sound pressure level remains unchanged. However,
the psychoacoustic effects such as simultaneous, pre- and
posimasking change when the masker and the signal to be
masked are located at different angles of incidence 1o the ear.
Figure 3 illustrates this phenomenon using a simple example.
it is an example of simultanecus masking in which a 4 kHz
pulse tone with a 1/3 octave band of neise at 4 kHz, are located
80° to the right and 50° to the left respectively. Measurement
using a standard microphone, left panels, leads to a result com-
pletely different from that obtained when using an artificial
head measuring system. VWhereas in the first case the pulsat-
ing pure tone cannot be perceived, it can clearly be perceived
in the second signal when the artificial head microphone sig-
nals are played back. The reason for these different effects is
partly due to the filtering properties of the human ouler ear and
partly due lo the binaural signal processing of hearing.

It became obvious that a human hearing equivalent analysis
of sound quality or noise is only possible if all properties of
buman hearing are taken into consideration. This means that
asimple measuring microphone is insufficient. A specia} arti-
ficial head measurement system.” (Figure 4) is needed having
transfer funciions comparable to human hearing. The analyzer

is not just a simple 1/3-octave or fast Fourier transform ana-
lvzer, but an analyzer with high resolution in the time and fre-
quency domains and a high dynamic range comparable to hu-
man hearing.

A frequency weighting algorithm which is more complex and
complicated than the standard A-weighting curve commonly
used up to now is imperative. The algorithm needs to account
for directicnal and body and head shadow effects. While the
above mentioned psychoacoustic properties, such as loudness,
roughness and sharpness can be determined by adequate al-
garithms, binaural signal processing of human hearing has not
been exzmined completely. Binaural signal processing is nec-
essary in order {o recognize the direction of sound incidence
or to select individual sound sources from a mixture of sounds.
The formeation of binaural loudness, sharpness and roughness
will presumably vary if antificial head signsals are analyzed
rather than signzals recorded with standard microphones.

The principal idea of head-related transmission is shown in
Figure 5. Two microphone signals, recorded with the artificial
head, zre equalized to oblain signals compatible with conven-
tional measuring microphone cutput. For subjective evaluation
of scund events, these signals are played back using head-
phones equalized by correction filters. This creates the same
signals in the ear canal of the listener as if the listener had been
in the original sound situalion measured by the artificial head.

The problems of human hearing equivalent sound evaluation
described here have been known for a long time, The dBA
measuremeni has been used since 1950 — first because it could
be made relatively simply and second because confusion re-
sulting from different measurement procedures could be
avoided. Thirty years ago the ISO and the predecessor to ANSI
did standardize the dBA measurement, while indicating that
a human hearing equivalent measurement procedure needed
standardization. The hitherto known psychoacoustic measure-
ment procedures, in particular the loudness meter, were not
salisfactory since they only into took account a part of human
hearing equivalent sound analysis. Becsuse binaural signal
processing was neglected, there were often doubis as to
whether simple Joudness based on recordings with one micro-

30

B , . 1 1.25 » B &7 8 0TS 1 1,75 a
CEEETEEE N NS GBFIR) BBaB L)

Fignre 3. Changes in simultaneous masking during binaural signel pro-
cessing under the assumplion thet the masking (1/3 octave band of noise
at 4 kHz} ond the mosked signel (pulsed 4 kHz sinvsoid) are emitted
from spotially different directions: {a} recording with a standord micro-
phone: (b) recording with en artificial head meesurement system.

Simphfisd Pinna

hurich
SuruAation
Walching Ihe
Natural
Mechanical
angl AEuke
Impedance

Figure 4. Arntificial heod megsurement system with mothematically
definable geomeiry, colibroteable transmission choracteristics and built-
in free field os well as independent of direction equolizers ensuring
compatibility with conventional measurements.

— .
X HEADHMS § {1} HEADphonw LOH
PX) PR EQURMTEr | - ——m- o0 e e oaes Eonrihiar - "
Rigrt 1 Rght - -
’,_,_._‘_\ —— R—— ———
HWS - . N . Lisiener - )
- i _ o R
B8 HEAD-HMS 1 HEACphona [ |
Ednalaw . Equalzer
Len . s1y Leh e !
h— h— i
|
B . . ‘
£,01). 311) Companble with Conventional Measoremen Techniques
—_—
. ’ . s ey ey
Lisiener - . Pyft] = Bt} =2 Fip i} » Hog (1) = Ho i) = Fip :
Al L] L
pit] Bt o B s PR « Mg ff) o Hoo df) = Fip 2t}

For &b Direcuons

Figure 5. Principle of head-reloted tronsmission.

phone produced belter resulls than measurements of the A-
weighted sound pressure level. Now, the results obtained
through aurally-adequate binaural measurement technology
provide significant improvements in the ability to produce
measurements appropriate to sound guality evaluation and en-
gineering. The combining of these 1echniques with simulta-
neous caplure and analysis of mechanical or other information
about the system, adds more capability for refining the task of
efficiently and economically improving product sound gual-
itw

Multi-Channe! Analysis

Having shown binsural measurement technclogy 1o be par-
ticularly useful, it can now be shown that a measurement tech-
nology combining audible ohservations with measurcments of
the sources of the sound will yield much additional informa-
tion for efficient sound quality engincering and design of prod-
ucts. The procedure represenied by diagrams in Figures 6 and
7 provides a basis for combining signals from an Arlificial Head
measuremeni microphone with signals from vibration sensors.
This is partjcularly sujtable for diagnosis of sounds inside cars.
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Figure 6. Block diagram of method for combining artificial head micro-
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Auditory evaluation by test persons allows selection of indi-
vidual signal components from the total sound which are
judged to be annoving. The correlation of what is heard with
signals from acceleration sensors makes it possible to discover
the origins of these sound components and their transmission
paths before they reach the interior of the car. Figure 6 shows
the basic idea. The sound in the interior of a car arises from
several sources 5C, to SC_ arriving from various transmission
paths ﬁ“ to H_ . Moreover, the sound impression is deter-
mined by the way the radiation of airborne sound from the
individual noise sources within the car arrive at a person’'s ears.

Figure 7 shows the procedure used for analvzing transmis
sion of a single engine noise. The engine noise reaches the
interior of the car via the engine suspension in the form of
structure-borne sound. This transmission can be recorded as
the accelerometer signals on each side of the engine mount(s).
The radiated zirborne sound source is most likely unknown as
study of d problem begins. The artificial head measurement
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Figure 7. Analysis method for evaluating sources of airborne sound and
engine noise with an artificial head measurement and engine motion
SENSCrS,

system can be used to record the resulting airborne sound in-
side the car. Inspection of signal characteristics: time of occur-
rence, spectrum, amplitude, etc., from each measurement lo-
cation while listening to them and to the acoustic signal
recorded through the artificial head can be carried out in a
manner similar to one used for identification of only the air-
borne or acoustic features of the sound in the vehicle. In this
way, conclusions as to the unknown airborne sound transmis-
sion path may be related to the mechanical properties. Such a
procedure provides a rapid and appropriate method of find-
ing the various sources of sounds to improve sound quality in-
side cars.
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Figure 8. Left and right ear signals of the ortificiol heed for engine oc-
celergtion over the ronge 1000 - 6000 rpm.

A new eight-channel DSP board was developed at HEAD
acoustics to facilitate the efficient processing of the large
amount of data available from this multiple channe! identifi-
cation of sound sources. This hardware allows real-time analy-
sis of several channels. An order analysis can be extracted from
the individual channels, for example. A large number of orders
may then be viewed with respect to rpm in real-time. Thus the
orders in parlicular rpm ranges that must be modified in order
to reduce the annovance factor can be identified to obtain a
more acceptable noise design.

The combination of artificial head measurement technology,
multichannel vibration analysis and digital signal processing
supgests that future innovation in vehicle and product design
for sound gquality may be characterized by speedier and even
more ocbjectively oriented development.

Application

An analysis using this multichannel approach to solving a
spund quality problem is shown next. The test vehicle was a
froct-wheel drive car of the lower middle performance and
price range. It had a four cylinder transversely suspended 1.6
! engine mounted at three points. The car exhibited good road
behavior and a noise level typical for this class of vehicle.
Below approximately 3000 rpm the interior noise leve] was
sirikingly Jow. Above 3000 rpm up to the maximum rpm, how-
ever, very disturhing humming and howling cccurred. Binzu-
ra} sound measurements were made in the front right =ide pas-
senger seat position using the artificial head. This informeation
provided acoustic information about the complaints. Base or
reference condition measurement was made during accelera-
tion/deceleration operation of the vehicle in third gear on a
straight section of good surface road.

The artificial head signals were evaluatled in the frequency
range from 30 Hz to 2 kHz. Tn what follows, only the accelera-
tion phase s presenied. The spectrograms in Figure 8 show ex-
cessive increase for sound levels at both left and right ears in
the frequency range 180 Hz 1o 650 Hz, and at engine speeds
above 2800 rpm up to the maximum rpm. The frequency range
includes, between the 2nd order at 5400 rpm (180 Hz) and the
order 6.5 at 6000 rpm {650 Hz), the firsi three critical, i.e., high
leve] orders, of the 4-cylinder in-line engine together with the
corresponding intervening orders. The 2nd order itself is
clearly identifiable over the total rpm range. Levels of the vari-
ous orders appear 1o be somewhat more uniform over the rpm
range at the right ear than at the left ear. The specirograms
provide a good general overview of all orders ocecurring over
the rpm range, How can there be any observable difference in
sound levels at these relatively low frequencies? If only wave-
Jengths end head dimensions are considered, in most situations
both ears would have essentially the same levels, Clearly the
spectrograms show differences. It is these differences that give
rise 10 annoyance.

—?I.l ORDPLK .4, ONDIR ."\\'I il ;—-——- ;‘1‘ 5 Olil'[ﬁ - - % % OROCR
—— 2w ONDER Sam n-em‘ull.’ . [T ~ L eRPLR
] : j 1. s . : '
: Y
‘ : AVAYIPH
' ! = Ll
| L. | ' |
| b | I
i o ;
I ; i i
Ly WT’M _ e b .
H . - : ;
o : i J
' = SPAT
' .I"ll
N o S N, [
r\j’ . .
oo ;
ek ;
| | ;
AL r !
an ot
; o -
! ..w‘ ;
1 - 1
mee  3mee 4808 sane PR ZBAR 3ABE 488 SO08

Figure 8. Order analysis of the data shown in Figure 8: (o) 2nd order,
solid lines and 4ih order, dotted lines; (b} 3.5 order, solid lines and 5.5
order, dotted lines. Red is right ear signal; green is Jeft ear signal.

Views of individual order levels at the left and right ears vs
rpm make it easier to show what is occurring, as shown in Fig-
ure 9. The 2nd order level, solid lines in Figure 9a, exhibited
a distinct Jevel increase of 5 dB between 3500 and 4000 rpm
Second order level differences between the left and right ears
first become apparent above spproximately 5200 rpm. To un-
derline the left-right ear difference look at the doubled fre-
quency, the 4th order dotted lines in Figure 9a. In this case,
left-right ear differences ere already apparent at rpm values
above 3000 with level differences of up to 10 dB. Above 180
Hz, not only the total Jevel increases, but also the left-right ear
sound level difference increases and contributes to the total
subjectively unpleasant impression. The graphs for orders 3.5
and 5.5 in Figure 9b likewise reveal strong level differences
between the left and right ears at engine speed values above
3000 rpm.

Another important result pertaining to sound quality can be
seen in these dala, Noise impressions from engines are strongly
influenced by roughness and fluctuation strength. These arise
with engines because the various orders are situated very close
together, especially in the case of muitipies of half orders,
Human hearing cannot then distinguish between the individual
orders, i.e., frequencies. Only modulation of the individual
orders will be heard. The psychoacoustic characteristics of
roughness and fluctuation strength have been investigated
under manaural laborstory conditions. The pronounced char-
acter of roughness and fluctuetion strength has not yet been
investigated for binaural signals. With binaural signsls, as can
be seen in the figures, the individual orders combine in differ-
ent ways for the Jeft and right ears depending on the operating
engine speed. During auditory evaluation, however, the un-
pleasant and annoving impression in these rpm ranges only
becomes apparent on binaural investigation, The impression
is notrevealed by monaural investigation. The interaural level
differences of approximately 15 dB shown in Figure 9 are situ-
ated in the frequency range from 100 to 350 Hz. In natural
sound exposure situations such level differences could not
occur st such low frequencies. This is because in this frequency
range, the shadowing effect of the head can be ignored. The
human ear is not accustomed 1o such level differences at low
frequencies. Such level differences occur in the interior of
vehicles because transmission paths are very short and sound
ariginates at very different locations with different operating
conditions and orders. They produce an unpleasant sensation
of very different pressure on the ears.

Another striking effect is evident when analyzing the two ear
signals. In this lest the right ear theoretically should exhibit
higher signal components because of reflecticns frem the ad-
jacent window. The artificial head measurement system was
located on 1he right-hand seat. Not only do significant level
differences occur between the left and right ears but a higher
level can occur al the left ear,
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Figure 10. Schematic of engine mount and frame. Positions and direc-
tions of three measurement points are left, right and rear with triaxial
acceleromelers on each side of each engine mount.

As noted earlier in this article, airborne noise frequently may
be due to structure-borne sound or vibration transmitted
through engine mounts and other attachment components.
Purely airborne sound excitation paths can only be successfully
tackled once structure-borne sound transmission has been in-
vestigated, identified and isclated. In this example which is
typical, structure-berne sound transmission from the engine is
evaluated for the mounts in all spatial directions. Even with a
very straightforward measurement procedure, the techniques
produce a large quantity of data. With three engine mounts -
left, right and behind, each with a triaxial acceleration sensor
located on either side of the mount ~ a total of 18 accelerom-
eter signals is produced (Figure 10). [t thus becomes important
to find a method of reducing the quantity of data needing analy-
sisin a speedy and easily carried out manner. Airboroe sound
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Figure 11. Order analysis spectrograms for the rear mount vertical di-
rection acceleration: {o] engine side; (b} chassis side. The differenca is
o measure of the transmission of acceleration across the mount.

signals in the vehicle interior can be simultaneously recorded
using the artificial head measurement system. Having both
airborne sound information and vibration information allows
more rapid location of noise source and transmission paths by
auditory correlation with the signals originating from the in-
dividual acceleration sensors, the parameters affecting sound
quality having been previously identified by listening. Figure

11 shows a spectrogram example of the various orders on the
two sides of one of the engine mounts and in one direction.
Comparative auditory evaluation while displaying the various
acceleration signals produced a close correlation with motion
in the vertical direction from the center rear engine mount,
Through structure-borne sound analysis a distinct resonator
behavior at approximately 200 Hz was identified as a signifi-
cant source of the annoyance. This powerful resonance sug-
gested presence of a bodywork resonance.
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Figure 12. Interoural Ievel difference of ortificial head ear signals when
the chassis is excited with a shoker gttached directly to the middle en-
gine mount position.

To support the theory that bodywork was being vibrationally
driven from that engine altachment point, a shaker was used
to excite the bodywork at the attachment point, Tke transfer
function of the airborne sound in the interior relative to the
force at the point of excitation was recorded with an artificial
head. The result of this experiment, shown in Figure 12, can
be interpreted as follows: the shift in sound level function from
one side of the head to the other, in the frequency range above
200 Hz, is explained by the shift in level curve in the 2nd or-
der in the rpm range above 5000 rpm (Figure 9a) and the level
differences in the order 3.5 in the rpm range 3500 to 4000 rpm
(Figure 9b). The level difference for the order 3.5 above 5000
rpm is also clearly shown when the bodywork is excited at ap-

proximately 300 Hz. Significant vibration sources and paths
can thus be identified step by step and related to the individual
orders present in the noise analysis, as in Figure 9. Further, this
example shows the respective order analyses of the accelera-
tion signals from each mount, as well as the bodywork trans-
fer function which result when the bodywork is excited at the
mouni altachment points. Relevant information is thus guickly
made available to the design engineer as to how the bodywork
attachments can be modified for example by changing their ri-
gidity.

Summary

The combination of reliable and realistic artificial head re-
cording of sounds inside cars with a multichannel structure-
borne sound analysis system provides acousiical engineers
with new possibilities of achieving the objective of improved
noise design a1 reduced time and cost. The additional possi-
bility of subsequent digital signal processing also brings the
objective of higher acoustic comfort a step nearer.®
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