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ABSTRACT 

Competitive audio consumer products require not 
only cheap signal processing hardware but, also 
low-cost analog equipment and sound transducers. 
The nonlinear distortions produced by these electro- 
acoustic transmission systems cannot be described 

and analyzed by standard methods based on linear 
systems theory alone. In order to take the nonli- 
near properties into account, we present a measure- 
ment method for the linear and nonlinear transmis- 
sion characteristics of almost arbitrary systems and 
show its application to the analysis of electro-acoustic 
systems. Examples demonstrate the measurement 
of the impulse response of a loudspeaker-enclosure- 
microphone-system with cheap analog equipment. 

1 INTRODUCTION 

Real-time signal processing used to be the most ex- 

pensive part of acoustic echo and noise control app- 
lications. The additional cost of complementing the 
digital hardware with good quality audio equipment 
was tolerable and consequently, nonlinear effects of 
sound transducers could be neglected. 

The situation is changing with the availability of 

cheap computing power for real-time applications. 
Competitive audio consumer products require not 
only cheap signal processing hardware but also low- 
cost sound transducers. Software-only solutions of 
speech communication features for desktop compu- 
ters have to rely on built-in microphones and spea- 
kers, whatever their quality may be. Therefore, non- 
linear distortions have to be taken into account in the 

design of low-cost electro-acoustic systems. 
But also the digital transmission of speech or au- 

dio signals is subject to nonlinear effects. Subband- 
coding with the least possible number of bits assigned 
to each band is a standard technique. Also low-cost 
analog-digital-converters produce distortions, which 

cannot be described by linear effects only. 
Many acoustic echo and noise control appli- 

cations require to measure or estimate the pro- 
perties of the loudspeaker-enclosure-microphone- 
system (LEMS) including any digital pre- and post- 
processing. The nonlinear effects described above 
may show up in many places of this electreacoustic 
transmission chain, so that it is not always possible to 

consider them by a proper theoretical analysis. Also 
measurements of the distortion factor of isolated com- 
ponents do not give a complete picture of the nonli- 
near behaviour of the overall system. On the other 
hand, common measurement methods for the room 
impulse response record only the linear transmission 
characterics and are blind for nonlinearities. 

This contribution presents a measurement method 
for the linear and nonlinear transmission characteri- 
stics of almost arbitrary systems and shows its ap- 
plication to the analysis of electro-acoustic systems. 
The theoretical foundations of the method are de- 

scribed. Examples for the measurement of a room 
impulse response with cheap sound transducers show 
how nonlinear effects can be detected and evaluated. 

2 PROBLEM DESCRIPTION 

Fig. 1 shows an electrc+acoustic transmission system 
for the measurement of an LEMS, consisting of ampli- 
fiers, digital-t-analog and analog-to-digital conver- 
ters. A discrete measurement system MS excites the 
transmission system with a discrete input signal v(k) 
and records its response y(k). The design of the mea- 

surement system is the topic of this contribution. 

Figure 1: Electra-acoustic transmission system 
for the measurement of a loudspeaker-enclosure- 
microphone-system (LEMS) 

3 LINEAR APPROXIMATION 

The transmission of acoustic signals from the loud- 
speaker to the microphone is described by the linear 
wave equation [5]. However, if other sound sources 
are present in the LEMS, the measurement signal 
may be superimposed by additive background noise. 
Amplifiers and sound transducers can be modelled as 
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linear systems, if the distortions produced by them 

are negligible. This assumption is only valid for good 
quality (expensive) equipment. The converters are 

nonlinear systems by their very nature. They can be 
approximated by linear systems only for a high word- 

length of the digital signals. 

If background noise, distortions of the analog 
equipment, and quantization effects are neglected, 
the electro-acoustic system from fig. 1 can be repla- 
ced by a linear model with an overall impulse re- 
sponse hiin (k) between input v(k) and output y(k) 

(see fig. 2). 

Figure 2: Linear model 

An estimation &Ii”(k) of this impulse response can 
be obtained with the Discrete Fourier Transformation 

(DFT), e.g. in the most simple case as 

Alin = DFT$ 
DF’-bvi(~(~)} 
DFTMMV(h)} 

> 
(1) 

A number of techniques exist, which differ in the 
choice of the input signal w(k), the DFT length M, 
and in more elaborate details of obtaining the esti- 

mate hIi, [4]. H owever, all these techniques rely 
on the assumption of linearity and are blind for any 

of the nonlinear effects described above. 

4 WEAKLY NONLINEAR APPROXIMA- 
TION 

A detailed account of all possible nonlinear contri- 
butions in fig. 1 leads to a general nonlinear model 
according to fig. 3. Due to the variety and different 
nature of the nonlinear components, an exact nonli- 
near model S of the transmission system from fig. 1 
would be too complex to be handled efficiently. 

v(k) 0 El S 

Figure 3: Nonlinear model 

In order to circumvent this difficulty, we approxi- 
mate the nonlinear system S by a weakly nonlinear 
model as shown in fig. 4. It consists of a parallel 
arrangement of a linear system SL and a nonlinear 
system Sx. 

Again, it is not feasible to derive SL and SN ana- 
lytically from the components of the transmission sy- 
stem. Instead, the characteristics of both systems 

v(k) 

SL 
YJk) 

0 0 

SN ’ 
n(k) - 

A@ 

Figure 4: Weakly nonlinear model 

have to be obtained experimentally from suitably cho- 
sen input signals v(lc) and the corresponding respon- 
ses y(k). 

A method for the determination of SL and SN from 
measurements of v(k) and y(k) is described in the fol- 
lowing. It is based on the assumption that the im- 
pulse response of the linear subsystem does not de- 
pend on the variance of the input signal. In this case, 
the arrangement of fig. 4 is called a weakly nonlinear 
model. 

This kind of nonlinear systems analysis has been 
succeessfully applied to the measurement of imple- 
mented digital systems, i.e. the simultaneous deter- 
mination of the frequency response and the quanti- 
zation noise in digital filters and filter banks [3, 21. 
Here, it will be applied to the mixed analog-discrete 

electro-acoustic system described above. 

5 MEASUREMENT METHOD 

5.1 Frequency response of the linear subsy- 
stem SL 

The frequency response of the linear subsystem SL 
is determined such that the contribution of the non- 
linear subsystem SN to the total output signal y(k) 
becomes a minimum. This is achieved by expressing 
the output yL(k) of SL in fig. 4 by a convolution with 
the impulse response h(k) of SL: a(k) = h(k) * v(k). 
The minimization of the quadratic mean value of the 
output of the nonlinear system c(k) = E { 1 n(k) I’} is 
equivalent to determining the impulse response h(k) 
such that the expected value E {.} 

4) = f {I y(k) - h(k) * v(k) 1’) (‘4 

becomes a minimum. After some calculations, similar 
to the derivation of the Wiener-filter, we obtain the 
frequency response as 

H(ejn) = 2 h(k)e-j”” = ~~:~~e~,’ . (3) 
k=-a, 

Qv,,(ejn) is the power density spectrum (PDS) of the 
input v(k) and O,,(ejn) is the cross power density 
between output y(k) and input v(k). 

Since these power densities are not known in ad- 
vance, they have to be determined from the signals 
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v(k) and y(k). In general, a wide range of possible 
input signals and a variety of corresponding spectral 
estimation methods could be utilized. Here, we will 
focus on periodic signals v(k) and y(k) with period 
M. Then it is sufficient to determine H(ejn) at M 

discrete frequencies Q, = p2r/M, ,u = 0, . . . , M - 1. 
The values H(ejnu) of (3) can now be expressed by 

V(p) = DFTM{v(k)) and Y(P) = DFTM{y(k)) 111 

The expected values & {.} are calculated from the 
measured input and output sequences by applying 
L sample sequences zIx (k), A = 0, . . . , L - 1 of the 
same stochastic process to the transmission system 
and by averaging the results. Thus, the estimated 

value fi (ejn*) for the frequency response of the li- 
near subsystem is obtained 

L-l 

c w4w4 

fi(&%) = x=Lo_l 

c IwP~l” ’ 
/J = o,..., M - 1 . (5) 

x=0 

The procedure is simplified, if the DFT-spectrum 
of the sample sequences has a constant magnitude 
JVx (cl) I = IV(p) I. This can be achieved by deriving 
the sample sequences VA(k) from an arbitrary peri- 
odic, deterministic signal v(k) by adding a stochastic 
phase term 

VA(k) = vx(k + M) = v(k)ejvA . (6) 

The phase cpx is a stochastic variable, equally distri- 

buted in the interval [--A, +x). 
For input signals of this kind, the computation of 

the estimated value simplifies to 

{F yA(k)e-ivA} . (7) 
x=0 

Fig. 5 shows the structure of the resulting messu- 
rement arrangement. In our application, a complex 
chirp signal 

w(k) = e~WWa (8) 

has been used as deterministic component v(k) of the 
input. This signal achieves the minimum possible 
crest factor. 

5.2 Power spectral density at the output of 
the nonlinear subsystem SN 

Fig. 6 shows the frequency response of the LEMS, 
measured with high quality audio equipment. Here, 
we used a standard measurement procedure accor- 
ding to (1) which assumes a strictly linear system 
behaviour. 

Once the frequency response of the linear subsystem Fig. 7 shows the same measurement using low-cost 

SL is estimated, we can use this result to obtain the equipment and again a standard measurement me- 

power spectral density @,,,,(ejnp) of the nonlinear thod. Due to this equipment a different frequency 

e 
j% 

0 

v(k) 

‘W 

Figure 5: Measurement arrangement for the fre- 
quency response of the linear subsystem SL. (*)* 
denotes the conjugate value. 

subsystem SN. From fig. 4 follows for the estimated 

output of the nonlinear system 

ii(k) = y(k) - jl(k) * v(k) , (9) 

where i(k) is the estimated impulse response of SL. 
The estimation of Q,,,.,(ej”p) is performed in the fre- 

quency domain by evaluation of 

i,,(ej”@) = (10) 
1 

2 [lK(P)la - lfi(ejn@)i2 lv*ola] 
= M(L - 1) AZ0 

6 RESULTS 

This section presents measurements of an LEMS both 

with high quality and low quality equipment. The 
LEMS was an anechoic chamber containing the mea- 

surement gear which caused some reflections. The 
high quality equipment was a studio microphone, a 
preamplifier (Bryston Mod. PB4) and an active loud- 
speaker (GENELEC Mod. 1013A). For the low qua- 
lity measurements, preamplifier and loudspeaker were 
replaced by a one-chip amplifier (TBA 820M) with a 

cardboard mounted noname speaker (6 cm diameter). 
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Figure 6: Frequency response using high quality au- 
dio equipment and standard measurement method 

thod is capable of recording linear and nonlinear ef- 

fects separately. The method yields the frequency 
response of the linear subsystem as well as the PDS 
of nonlinear distortions including noise. Obviously, 
the true frequency response deviates from the original 
one (Fig. 6) due to additional linear distortions of the 
low-cost equipment. Thus, our method is an efficient 
way to measure the true response even in the pre- 
sence of nonlinear distortions and background noise. 
Moreover, also the nonlinear system components and 
noise characteristics can be identified and described 
by the PDS of the disturbances. 

Figure 7: Frequency response using low-cost audio 
equipment (standard measurement method) 

response has to be expected although the room im- 
pulse response was not affected by the change. Ne- 
vertheless, the measured frequency response shows an 
unexpected strong noise-like behaviour. This is due 
to the fact that conventional measurement procedures 
are not able to distinguish between linear and nonli- 

near system components, the latter being caused by 
distortions of the amplifier and speaker. Thus, the 
result is a superposition of both components. 

Figure 8: Frequency response using low-cost audio 
equipment with background noise (standard measu- 
rement method) 

The frequency response measurement shown in 
Fig. 8 was performed with an additional broadband 
background noise 4dB below the signal level. It was 
produced by a noise generator fed into a guitar ampli- 
fier. The detrimental distortion of the measurement 
result by the superimposed noise source is obvious. 

In contrast, Fig. 9 shows the measurement results 

with our proposed method for the low-cost equip- 
ment with background noise as in Fig. 8. This me- 

1 

-6O,!, I 
1 
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3 4 

Figure 9: Frequency response and power density 
spectrum using low-cost audio equipment with back- 
ground noise (proposed measurement method) 
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