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Abstract: In this paper, we  present the effectiveness  of a software  tool for eliminati"g  nonlillear

distortions of  loudspeaker systems  through  some  experiments.  The nonlinear  distortions affect  the

sound  quality of  loudspeaker systerns.  We  have presented some  identification methods  of  loudspeaker

systems  and  some  compensation  methods  of  nonlinear  distortions. However,  the  software  tool for
compensating  the  distortions has not  been realized  yet. We  therefore  develop the software  tool,

Experimental results  show  that (he 2nd- and  3nd-order nonlinear  distortions of  a  leudspeakcr system

ean  be reduced  in the range  of  10 [dB] to 20  [dB] by the  developed tool when  noise  level is below

70 [dBAI.
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          g. gNTRODUCTff0N

  The  fundamental principle of  loudspeaker systems  has
never  been  chans,ed  since  the  invcntion. The  loudspeaker

systems  have so comp]ex  structure  to trunsform  electric

signal  into mechanicaL  vibration  and  to radiate acoustic

wave  so  that the loudspeaker system  produces linear and
nonlinear  distortions. These  distortions consequently  dete-

riorate the sound  quality. Recently, sinall-sized  loudspeak-

er systems  for desktop have come  into wide  use  as personal
computers  (PC) advance.  Since these  size  gets srnaller  than

general speaker  systems  inevitably, the level of  nonlinear

distortions get bigger generully. Furthermore, it has been

reperted  that the noii]inear  distortions have  influence for

auditory  sense  in high-sampling audio  [1,2]. Hence, the
importance of  eliminating  the nonlinear  distortion has been
lncreaslng  ln  recent  years,

  ldentifying the linear and  nonlinear  e]ements  of

loudspeaker systems  and  designing a  nonlinear  inverse

system  are essential  to eliminate  these  distertions, We  haye

demonstrated the effectiveness  of  an  elimination  method

using  Volterra filters [3]. In this method,･the  Voltcrra

kernels of  a  target loudspeaker system  are  identified by
adaptive  Volterra fi[ters r41 and  the nonlifiear  distortion is
eliminated  by a  nonlincar  inverse system  using  the

identified Volterra kernels [5]. By the way,  since  the

tendency ]istening to music  with  PC  has been increasing,
user's  demands of eLiminating  the nonlinear  distortion wiLh

PC  have  been increasing. However,  a  software  tool for
e]iminating  the nonlinear  distortion has not  been realized

yet. We  have therefore developed the software  tool, which

can  identify ]oudspeakcr systems,  design the corresponding
nonlinear  inverse systern,  and  conipensate  the  nonlinear

distortions. Experimental  results  demonstrate the  effective-

ness  of  the software  tool.

     2. ELIMINATIONMETHODSOF

     NONLgNEAR  DISTORTgON  USING
          VOLTERRA  FILTER

  [n this chapter,  we  explain  how  to eliminate  the

nonlineur  distortion of  a loudspeaker system  using  Volterra

filters.

2,1. Discrete Volterra Series

  Nonlinear systems  such  as  loudspcaker sysLems  can  be
medeled  by using  the Volterra series expansion.  Since this

papcr treats the 3rd-order element  and  assumes  that the

Volterra kernels have a finite memory  length N. the input-

output  relation of the systeips  is represented  by
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                                    kl..Ok2=Oki=O

   where  x(n)  and  .y(n) are  the  discrete input and  output

   the  lst-, 2nd-, and  3rd-order discrete Volterra kernels,

      h3 (kl , k2, k3 ) =  h3(kl , k/3 , k2) :=  h3 (k2, k] , k])
                                                 (2) Fig.1 Reduction  operator.

         =  h3(k2,k3,k,) ==  h3(k3,kl,k?) =  h](k3,k2,ki)

                                                                       '

2.?,. Discrete Fourier Transform of  Vglterra Serfies

   Discrete Fourier transform (DFT) of  Eq. (i> is given by

    Y(nt) =  Hi(nt)X(m)

          +Ai[H2(mi,m2)X(mi)X(m2)]  (3)

          +A2[H3(ml,m].,m])X(m])X(m2)X<m3)]

where  X(m) and  Y(m) are the N  point DFTs  of  x(n)  and

),(n), rcspective]y;  Hi<m), U2<mi,m2), and  H3(ml,m2.m3),
which  are  called  the lst-, 2ncl-, and  3rd-order Volterra
Frequency Responses  (VFR), are  those  ofhT(kD,  h?(ki, k?).
and  h3<ki,k2,k3), respective]y.  Furthermore, the VFR  also

satisfy  the symmcLry  property due to the symmetry  of  the

Volterra kernels. For example,  the 3rd-order VFR  has the

property as

 H3(fn],m2,mi)=H3(mi,m3,mz)=H3(m2,mi,m.D

   =  H3(nz2,trt3,ml) =  H3(m3,mi,m2)  =  H3(in3,m2,mD

                                              (4)

Moreover,  the VFR  satisfies  the eonjugate  symmetry

property. For example,  thc 3rd-order VFR  has the property
as

   H](mt,m2,m.})=H3'(N-mi,N-fn?,N-m3)  (5)

Ai andA2  are called the reduction  opcrators.  The  reduction

operator  has the role  of  tnapping  a  function with  multi-

dimensional dependent  variables  to a  function with  one-

dimensional variables  [6]. Ai, which  maps  a  t'unclien with

two-dimensional dcpendent variables  to that with  onc-

dimensionaL variables,  is represented  as

         Y(m)=Ai1Y2'(trti.in?)]

             
'=ili

 Z  v,'(mi,.,) 
(6)

                         "r tn+A'                  Ml+M!=:M

1

<1)

where  Y(tn) and  Y., (m],m2) are  the functlon with  one-  and

lwo-dimensional  dependent  variables,  respectively.  Figurc
1 shows  the reduction  operator.  In Eq. (6), the spectra

)k'(mi,m-.) at  the  t'requencies satisfying  mi  +  m2  =  m  or

m+N  are summed,  so that the spectrum  Y(m) ut  the

frcquency m  can  be obtained.  Similarly, A2, which  maps  a

t'unction with  three-dimensional  dependent  variables  to that

with  one-dimensional  yariub]es,  is represcn,ted  as

  Y(tn)=A2[Y)'(tni,ni2,in.i)1

      =N12  z  y3,(.1,.2,.3) 
(7)

           mi+nin+eni=tn  eHn+N  ur rJtRN

where  X]'(mi,nt2,tn3) are the function with  three-dinien-

sional  dependent  variables.  In Eq. (7). the spectra

Y)'Cma,nt-.,m3) at the frequencies satisfying  m]  +m2  +
tn. r, =  Jn  or  m  -F N  or m  +  2N  are  sumrned,  so  that thc

spectrum  Y(m)  at  the  frequency m  can  be obtained.

2.3. Identificatiorm ef  Loudspeaker Systeffn Usimg

     Frequency Response Method  L71

   To  obtaln  the  3rd-order VFR,  three  sinusojdal  waves,

whose  tl'equencies are  mi.  m2,  and  m3  (mi <  m2  <  in3),  are

input into a  nonlinear  system.  Thcn. the  VFR  is determined
by substituting  spectra  of  input signa] X(mt), X(m2)  and

X(mi)  and  output  signal  for

                       Y(ml +  m2  +  m3)  N2

        
H/3(Ml,M?,M3)=

 x(.1)Ikil.)x(m:.) a 
(8)

whcrc  the coefficient  a  is the number  of  the  symmetry  of

thc VFR.  Moreover, the 3rd-or'der VFR  is deterrnined by

repeating.  this procedure at various  frequencies. Since
sinusoidal  waves  are  input, l.his method  has much  superior

identification accuracy.
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2.4 Nonlmear  lnverse Sybtem

   Figure 2 ghows  the struLture

system  to eliminate  the 2nd andof

 a  nonlinear  mverse

3rd erder  distomons In

InputX(,l) :s

h.

h,

+  ",(n)J+

+hl1

   Linedrizmgfiltcr

hi 1"terderVolterrdkernel hi
h, Td erder  Volterra kernel .d
hi 3id orderVolterrakernel

hl

ilh;

+++

Output

 z(n>

Fig 2

   Loudspeaker

i
 1'L order  inserse  filter

 Delay

The  gtruLture  of  a  nonhncar  miverse  g)gtem

Fig 2 the hnear mverge  filter hrL satisfies ht hvi =  z-A

To design the nonhnear  tn-ersc  system  the 1inedr mverge

filter hv] dnd  the 2nd dnd  3rd order  Volterra kernelg h!, h3

are  needed  Furthermore, those accuracteg  dffk]ct  the

pertormance ot the nonlmear  inverse  gystem

 3. SOFTWARE  TOOL  FOR  ELIMINATING

         NONLINEAR  DISTORTION

   In thLs chapter,  we  explain  how  to use  the developed

sottware  tool  We  purpose ehminating  the  distortions of

tsmall-si7ed  loudspeaker system  fbr PC by software  The

main  menu  is  ghown  m  Fig 3(a) Functions of  the gottware

tool are  as fo11ows,

  e  Identihcation ot loudspeaker system

  e  Detsign ot ]inear mverse  filter

       (d) Main  menu
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       '

  o  Eliminating distortions            v

  o  Playback WAV  l}]es, and  so  un

3.1. "vfiaking Input  Sfigana] (Fig. 3(b>)

   We  can  make  an  input signal tbr the identification as  a

WAV  file, We  need  to sct up  the order  of Volterra kernels,

frequency range,  sampling  frequency. tap ]ength, the

number  of  average.  and  so  on.  Furthermore, the record

conditions  are  made  as  text fite. Moreover,  the sampling

frequency can  be flcxibly set  in a frequency ran."e lower
than  44.] OO (Hz] and  the rnaximum  t'requency to be ab]e  to

eliminatc  the n()n]inear  distortion becomes conscqucntly

be]ow half of  the  sttmpling  f'requeney.

3.2. Recording  Outpnt Sigrma] {Fig. 3<c))

   We  can  set up  p]ayback and  record  devices frcc]y and

record  the output  signal  of  a  loudspeaker system.

3.3. Cdentification og- Volterra KerneHs  (Fig. 3(d))

   By  setting  up  the SN'AV  tiles ot' the input sis,nal made  in
Sect.

 
3.1

 
and

 
the

 
output

 
si.pna]

 recorded  in. Sect. 3.:, we  can

obtain  the VolteiTa keinels.

NONLINEAR

3.4. Desfign of  Limear  lnverse Filter (Fig. 3(e))

   VLJe cun  design the linear inverse filter by using  the ]st-

order  Voltcrra kernel in Sect. 3.3. By  using  Frequency-

DoTnain Summational Normatized B]ock LMS

(FDSNBLMS) algorithrn  [8], only  the filter coeMcients

within  a  target frequency range  is updatccl. Futherinere, the

stepsize  parameter is set  up  automatically  and  thc design of
the  lincur inverse filter is linishcd when  the reduction,

which  is defined as  Eq. <9), becomes maximum.

Reduction =  ioio.oiu[S ] Dcm)?!  Sii {D{m) -  y(m)}21
                  L"n=m] m=m/  J
                                              (9)

 D(m): Spectrum of  dcsired signa].

 }"(m): Spectrum of  signa]  thorough  linear inversc filter,

 Eliminating frequency range:  mi-tn?  LHzl

3.bM. Eliminating Distortions (Fig. 3(b)

   By  setting  up  a  playback WAV  file, the linear inverse
fi]ter, and  thc  Vo]terra kernels, we  can  make  the corre-

spending  WAV  file to make  the 2nd- and  3rd-order
distortions ellminate.

    4. EXPERIMENTSOFELffMINATING

         NONLINEAR  DISTORTIONS

   Next, we  expe]'iment  with  eliminating  the 2nd- and  3rd-

order  non]inear  distortions by the devcloped software.

Tables 1 and  2 shows  the  mcasurement  conditions  and  thc

identification conditions.  First, we  measure  the  Velterra

DISTOR'MON

     Tabiel MeusLv'ement conditions.

CPUMain
 memory

osSound
 card

Microphone
Loudspeuker

         Pentium EV 2.0AGHz
          DDR.Sl)RAM  IGB

               Windows  XP
                  On  botu'd
  MM.MCS  (SANWA  SUPPLY)

MM-SPgOSV  CSANXNJA SUPPLY)

Table2 Tdentification conditions.

sampling frEq' ucncy

Frecluency rungc
'['ap

 lcngth ot' lst-order kcrncl
Tap length et' 2nd-order kcrncl
Tap

 
]ev.eth

 
of..ird-order

 
kernel

  S.Sl2.S[Hz]
2oo-l,sof]rH7]

        2)-. 6
        ]28

        ]28

kerne]s of  a loudspeaker system  and  design the linear
inverse filter. Next, we  play back  sinuseidal  waves  for a
test and  thc corresponding  output  waves  for the nQnlinear

inverse system.  thcn .record the output  signals  of  the

loudspeaker system.  Final]y, we  calculate  the  rrcquency

responses  of  harmonic  and  intermodu]ation elemenls  by
using  Eqs. (10)-(14).

                        }i(2m)
               H2nKlll) =                                             (]{))
                        X(m)

                        Y( M.2  ±  M1)
            H,nt,± ni/ (M) =

                                             (11)
              

,
 X(m2)

                        Y(3m)
               Hj,.(nl) =                                             (12)
                        X(m)

                        Y(}ni- ±  2ne D
            Hin]l2m, CJ17･) =  

-
 
'
 
'

                                             (,13)
                           X(m!)

                        Y(M3  ±  <Ml +  MO. ))

         
H..,±(.,L.,,･,(m)= x(JJi13) C14)

In Eqs. (11) and  (13), tni is kept ut  215[Hz]  and  m2  is

swept  in the frequency range  uf  258LHz] to l,464 [Hz].
Similarly, mi  and  tn2  are  kept at 215LHz]  and  2Sg[Hzl
respectively,  and  tn3  is swept  in the frequency ran.ae  ef

301[Hz]  to 1.464 [Hzl in Eq. (14}, Here, the noise  level is

SO  11dBA] in both the idcntification and  elimination  and  the

p]ayback sound  pressure level is 9211dBj. Noise level is
defined as  fo11ows.

          Noise level [dBA] J:  ]O los,io 
PpA{i

 <15)

 PA2: A-weis,hted sound  pressure leve].

 Po?: Standard sound  pressurc leve] (20 [pPa]).
   Figure 4(a)-(h) sho",s  that the  frequency responseg  of  a

loudspeaker system  and  the 2nd- and  3rd-order nonlinear

distortions beibre iind  after  elimination.  We  alse  calculate

the frequency respense  of  the 4th-order harmonic  distortion
as shown  in Fig. 4(i) because the  nonlinear  inverse system
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          Fig.4

in Fig, 2 may  make  the  higher-order distortions increase. In

Fig. 4, x-axis  and  y-axis express  the swept  frequency and  little. These

the sound  pressure leve] respectively.  It can  be seen  from

Fig. 4 that the levels of  the 2nd- und  3rd-order nonlinear

distertions are  reduced  in the range  of  10 [dB] to 20 [dB] order

compared  with  before elimination  over  the  whole  frequen- identified

cy  band. Moreover, all nenlinear  distortion levels after  whiteGaussian

compensation  are lower than the background noise  level. shows  the

                             Tuble3

Noise ievel

 Elements

EE-y:/!i:i2:m

ffE-y]ui8s2:

¢

ff3-ysez8di28en

100vouo7{5ooseco10?e

90so10oosoop3020
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50D iOOO
        Freguencyt]]zl

   (c) m!  - mi  element

l45.0

7cr}

(D m,

1or)OFreguency[Hzl

- 2mi element

14so

220          300

   FraqunecytHl]

(i) 4m  element

34e

Frequency  responses  ef  a  leudspeaker system  and  the nonlinear  distortions before and  after  elimination.

                        '

                                    The increase of  the  4th-order harmonic  distortion is also  a

                                               results demonstrate the effectiveness  of  the

                                    developed software  tool. '

                                       Next, we  experiment  with  eliminating  the 2nd- and  3rd-

                                         nenlinear  distortions using  the  Volterra kernels

                                            under  some  noisy  environments.  Here, we  use

                                                 noise  to make  noisy  environments.  Table 3

                                             efTects  of  eliminating  nonlinear  distortions. [n

                                                        '

                    Effectiveness ot' eliminating  nonlinear  clistortions.
                                   .t .t...tt...tt .-

50  [dBAI 60[dBA]

    Eff'ect [dB]

70[dBA]

PointsEfi'eel  ldB lPoints Po]ntsEffect[dB]Poil]ts80[dBA].    Effect[dB]

    2ml

  M2  +M[

  mz-mt

    3m]

  m2  + 2ml

  m2  
-

 2ml

M3+Ml+M2

M3-CMt+M2)

]t12O/24O/24e/74I192A94f18l/IS5.915.4t9.6l3.e

 6.7
 8,2

 7.8

 6.9

"il1-2

 e124
 OI24

 117
 3A9
 5i19

 4i18

 ]A8

5.313,S17.211.85.95,35.l6.72112O/241124O177I198119911881187,410,412.39.7

 ].4O.7O.94.1

3/1221246/242/71311914f19131tg9f1S 2.6
 7.0

 9,O
 7.0-2,1-5,8-4,4-2.0

Average  effect 10,4[dBi 8,9[dB] 5.9[dBl O.3 [dB]
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Tuble 3, LPoints'

 ig the number  of  points inereasing in the

distortion per lhc number  of  evaluating  points; 
`Effect'

 is
an  avcrage  eliminated  quantity to all evaLuating  points per
clcment  and  

`Average

 effcct' is an  average  eliminated

quantity to all elements  per 
`Noise

 lcvel'. The  negative

value  for .`Effect' means  the  increase of  the  distortion. {t

can  be seen  from  Table 3 that the  effect  is sma]ler  as  the

increase of  noise  lcvel. These  results  demonstrate nonlincar

distortions of  a  ]oudspeaker system  can  be reduced  fu11y
when  the  noisc  level is below  70[dBAI.  Therefore, this

softwure  is avai]able  for general environment,  such  as

homc  use  of  personal coniputers  wiLh  gencral devices,

because 70 [dBA] is thc sume  as the sound  pressure level of
the  te]ephone  ring.

   In this experiment  it took about  40 minutes  to identify
a  loudspeaker system,  3 niinutes  to design the linear
inverse filter, and  about  5 minutes to compensate  a 4-

minutes  WAV  filc, respectivelly.

             5. CONCLUSIONS

   ln this paper, we  have deyeloped a  software  tool for

climinating  nonlinear  distortions. The  expcrimental  results

have detnonstrated the  effecitiveness  of  the software  tool.

Effectiveness of  climinating  nonlinear  diistertions of loud-
speaker  system  in high-sampling audio  are a subject  to

study  in the  future.
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