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Abstract: An  improved  backward  prediction coder  featunng two-stage  vector  quantization (VQ) of
shape  codevectors  is presented, Ernc]ent two-stage  VQ  is achieved  using  the wavelet  coeracients  of

excitation  signals;  i e,, wavelet  coeMcients  are  calculated  by applying  a  clLscrete wavelet  transform  to                                                                    '

excitatson  signals,  and  the  results  are  divided into  an  approximation  greup and  a  detail group The data

lengths of both approximation  and  detail coecacients  are  half that of  cenventional  two-stage  VQ

systems.  Simulauon results  show  that the  proposed eeder  achieves  a better weighted  signal-to-noise

ratio  (WSNR) than  conventional  coders  and,  in  terms of  reconstructed  speech  quality, ranks  between
the FS-1016  Code Excited Linear Prediction (CELP) coder  and  the  Vector Sum  Excited Linear
Predictive Coding (VSELP) coder

                        i
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           1. INTRODUCTION

  We  proposed low-bit-rate backward-predicnon coders

(LBBPCs) in previous papers, introducing  optimal  algo-

nthms  for determ]ning excitation  gains and  codebooks  of

excitation  signals  [1-3]. The proposed  3,6 kbitfs LBBPCs

attained  ]ew delay of  13.5ms but could  not  elLminate  non-

negligib]e  noise  from  reconstructed  speech.  The coders  of

these stud]es  also  required  a high-comp]exity cedebook

search  due  to a vector  quantization (VQ) codebook  size  of

4,096.

  The technique proposed newly  in this paper falls
basically ipto the category  of  two-stage vector  quantization
of  excitation  signals,  a  method  used.  in  CELP  speech

coders  Conventional two-stage VQ,  on  the other  hand, can

be categonzed  pnmarily as (a) codebook  generation using

two-stage  VQ  of  shape  codevecters  of  excitation  signa]s

[4], and  (b) codebook  generat]on using  two-stage VQ  with

an  adaptive  codebook  and  a  shape  codebook  [5,6].
However, m  the proposed LBBPC  configuration,  the

etlfects  of  the adapt]ve  codebook  were  not  sucaciently

apparent,  We  considered  that an  ideal excitation  stgnal  (for
rhe backward prediction coder  of  the LBBPC)  is the sum  of

(1) a  forward LPC  residual  and  (2) a signa! that
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compensates  and  contrels  the backward coecacients  in the

backward predictiQn adaptor,  The excitation  signal  there-

fore becomes very  complicated.  We  did not  adopt  an

adaptive  codebook  for our  conventional  LBBPC  coder

resulting  in poor correLation  of  excitation  signals  between
adjacent  frames. In the conventional  systems,  two  code-

books  are used  to attain better approximation.  However,

the frequency bands  of  the two  codebooks  are  identical,

1imiting effectiveness  to some  extent  We  introcluced
similar  techmques  in our  LBBPC  study  and  investtgated

the resulting  effectiveness.  In our  system,  however,  two

codebooks  fbr twe  different frequency bands were  obtamed

by decomposing excitation  signals  into  lower  and  higher
frequencies. To decompose signals  into  subbands,  we  tried

a method  employing  filter banks as well  as  a methed  using

wavelet  transforms. We  finally adopted  the latter method,

wavelet  transforms,  for our  research,  for verifying  im-

proved characteristics  of the eodec  and  a possible benefit
from haying a  diversity of  wavelet  transfbrrns  to choose

from

  In this paper, we  propose an  improved LBBPC  by the

application  of  wavelet  techniques  [7]. Conventiona] meth-

ods  that deal with  stgnals  in  subbands  utilize wavelet

transforrns of  the original  speech  signals. [8]. Our methed,

on  the other  hand, applies  wavelet  transforrnation  to LPC
residual  signals,  The characteristics  ef  these. wavelet

transforms therefore differ greatly from those of  the
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original  speech  signals.  Two-stage VQ  is carmed  out  using

the wavelet  coerncients  of  the excitation  signals,  i.e, a

discrete wavelet  transform  (DWT) is applied  to the

excitation  s]gnals  to calculate  the wavelet  coeracients.

These coethctents  are then divided into  an  approximation

group and  a detail group. The  data length ef  boerncients in

each  of  these  groups is half that of conventional  two-stage

VQ  systems,  enabhng  us  to decrease the codebook  sizes.

Furthermere, we  can  reahze  a much  simpler  codebook

search  by calculating  the approximation  codevectors  first
and  then detefmining the detail codevectors.

  In the fbllowing sections,  we  first briefly describe the
convennonal  LBBPC.  We  then invest]gate  the codebook

search  algorithm  usmg  two-stage VQ  of approximation  and

detatl co,eMcients  and  describe the design algorithm  for

generating the two  codebooks.  Finally, we  eva]uate  the

performance  of  the  improved  LBBPC  and  compare  it with
conventional  LBBPCs  that use  conventional  one-stage  and

two-stage  VQ  We  also  compare  perfbrmance  quality using

other  codecs  fOr reference.

       2. CONVENTIONALLBBPC

   A block diagram of  the conventiona]  LBBPC  is shown

mFig  1.

  This coder  consists  of  a  calculation  module  fOr
excitation  gain (expressed in the ]oganthmic domain using

an  ADPCM  algomthm),  a codebook  search  module,  a 50th
order  synthesis  filter and  a  backward prediction adapter.  A

bnef descnption of  the overall  operation  of  the coder  is as

fo11ows.
Step 1) Vector s,(n)  is derived by subtracting  z(n), the

    zero-input  response  yector,  from  input  speech  vector
                           '
    s(n).  The  LPC  residual  vector  e(n)  can  be obtained

    by inverse  filtering of  target vector  s,(n)

Step 2) The excitation  gam, g, is defined as  Z.=-o e(n)2,

    and  its logarithmic gain, gdb, is computed  as  shown

    in Eq. (1)

Acoust Scl &7lech. 26, 1 (2005)

                         N-L

  , gdb=10  1ogioZe(n)2  (1)
                         n=O

    Loganthmic  gam  gdb is then quantized by the

    ADPCM  coder  to give gain code  la (expressed by

    three  bits). The  actual  values  of  the coecacients  for

    ADPCM  are  O 9, O.9, 1.25 and  1.75 [9]. Gain code  Is,

    on  the other  hand, is mampu]ated  to give gdb by the

    ADPCM  decoder. It is worth  noting  that  gdb carries
    excitation  errors  wiEh  it. Then gdb, the logarithmic
    gain value  with  quantization errors,  is processed
    through  the inverse  logarithmic gain calculator  by

    the fo]]owmg equation.

                        jab
                   g=  10T, (2)

Step 3) The  optimal  combinat]on  of  
'a,

 g and  codebook

    mdex  k, ]s found  such  that Eq. (3) is  minimized.  In

    Eq. (3), v(k}(n) denotes the k-th codevector  and  the a

    can  be either +1  or -1

    D =  tfo.i (szw(n) - #.o h.(t) a g v(k)(n - t) l
2

                             (O sk<  M)  (3)

  M  Codebook  size

s,.(n):  Perceptual weighted  target vector

h.(n): Perceptuat weLghted  impulse  response  of synthesis

     filter

    We  used  a perceptual weighting  filter that  is  a  10th

    order  pole-zero filter defined by transfer function

    Ui(z) in  Eq. (4) as

                       10

                    1 +  2  af,yk-'

              vv(z)= 
':iji

 (4)

                    1 +  E  ai )tSi-'
                       t=1

Fig.1Block  diagram of the conventiona]  LBBPC
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    F;g. 2 Block dLagram of  analysis-by-synthesis  procedure  for determimng optima]  ]ndices  of  wavelet  coefiicient  vectors

     where  the  values  of  yi and  h  are  09  and  O.6,

     respec"vely.

       The perceptual weighting  filter is updated  by an

     LPC  analysis  of  the  ong]nal  mput  speech  s,(n)  but

     not  of  the previously reconstructed  speech  st(n).

 Step 4) The input vector  for the synthesis  filter is

     expressed  by v(n)  =a･g･v{ic)(n).  This vector  is

     processed by  the  synthesis  filter to generate the

     reconstructed  speech  s,(n). The synthesis  filter ]s a

     50th order  all-pole  fi]ter consisting  of  a  feedback

     loop with  a  50th order  LPC  predictor in  the feedback

     branch.
Step 5) The coerncients  of  the synthesis  filter are  updated

     by the backward prediction adapter.  The adapter

     takes reconstructed  speech  st(n)  as input and  produc-

     es a set of synthesis  filter coeMcients  as output  in

     preparation for the next  coding  frame. The above

     steps  are  repeated  for each  frame.

   In the next  sectaon,  we  apply  our  proposed  two-stage

VQ  of  wavelet  coeracients  to the error calculator  block,
optirnal  Tndex  selector  b]ock and  VQ  codebook  block
'(shown

 ]n  Fig. 1)

   3. CODEBOOKSEARCHALGORITHM

   The search  algonthm  for determimng opinmal  indices

of  wave]et  coerncients  for the  codebooks  is described here.

The  analysis-by-synthesis  procedure used  to determine

optimal  mdices  for both the approximation  codeboek

(hereafter abbreviated  as  ApxCB)  and  the detail codebook

(hereafter abbreviated  as DetCB) is shown  in Fig. 2.

   The  ApxCB  codebook  is for the  apprexirnation  wavelet

coerncient  vectors,  ancl the DetCB  codebook  is for the
detail wavelet  coethcient  vectors,  In other  words,  approx-

imatLon and  detail correspond  to lower and  higher
fi'equencies, respect]vely  The search  algonthm  is as

followsStep

 1) The codebook  search  of  ApxCB  is carried  out,

    then  the optimal  index  IL, gain code  GL  and  sign

    code  SL for the low  frequency band are  calculated  so

    as to minimize  Eq, (S)

    D =  tll.ii) ( sav (n) m li.i?o hw (t) alk) glk} v£
k)
 (n - t) l 

2

                            (O sk  <  ML)  (5)

  ML  Codebook size ofApxCB
sz.,(n):  Perceptual wetghted  target vector

h.(n): Perceptual weighted  impulse  response  of  synthesis

     fiLter
V2k)(n): Reconstructed signal  from  k-th approximation  cocle-

     vector  of  ApxCB

     (optimal index  IL log2 ML  bits)

 cr£
k)･

 Sign of  v:k}(n)  (sign code  SL, 1 bit)

  glk): Gain of  v2k)(n) after quantization!inverse-quantiza-
     tlOII

     (gain code  GL: 3 bits)

    The  IDwrL  block in  Fig 2 is detailed m  FLg, 3,

    where  t 2 denotes an  upsamp]ing  operation,  and  FL

    and  Fk are reconstruction  filters of  the approxima-

    tien  and  the  detail, respectively.  The  lowpass  and

    highpass reconstruction  filters (F2 and  F;.i), together

IDW7Ii, t2 F£

@
ot2 Fh

Fig.3  Equivalent diagram of  mverse  DWT  for recen-

 structed  apprexlmation
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     with  their associated  decomposition fiIters (FZ and                                              '
     Fli), are  derived by a wavelet  basis function. The

     process in  IDWTH,  on  the other  hand, differs only  in

     that a vector  of  zeros  is fed into the approximation

     upsampling  block of  Fig. 3,

     However, in the actual  implementation,  we  comput-

     ed  only  the  upper  path in  Fig,3  to decrease the

     computational  load,

Step 2) The second  thrget vector  sC.(n)  is derived by

     subtracting  the contnbution  of  the  ]ow frequency

     band  from  s,.,(n).  This contribution  is the  recon-

     structed  speech  vector  obta]ned  by v2iL)(n), g{iD and
     oEiD.  As the sign  oEk)  takes  only  +11-1,  its value  is

     necessary  to subtract  the  lower frequency component

     by taking into account  the sign aESL} from s,..(n), The
     codebook  search  of  DetCB  is then  carried  out.  The

     optimal  index  IH, gain code  GH  and  sign  code  SH for

     the high frequency band  are  calcu]ated  so as to

     minimize  Eq. (6),

         N-lf  n }2

     
D'
 

=

 l,llli=, iSC'w(n) 
-
 ll.II], 

hw(i)
 
'
 
aSk)

 
'
 
gX')

 
･
 
v2k)(n

 
-
 
t)

 i
                              (O -<k<MH)  (6)

  MH:  Codebook  size  of  DetCB

ieles, E:l, RZC, 
".g,l//:g,g,t

 le,E;O,: 
ffr'g.De

 FtR d,taii codeyector  of
      DetCB

      (optimal index  IH: log2 MH  bits)

  crkk}: sign of  vek)(n)  (sign code  SH 1 bit)

  g"t): Gain of  vSk)(n)  after  quantizataon!mverse-quantiza-
      tlon

      (gain code  GH,  3 bits)

Step 3) The parameters obtained  as two  triplets of  (IL, GL,

     SL) and  (tH, GH, SH) are  combined  and  sent  to the

     receiver,  Using the above  steps, assuming  ML=

     MH  =M,  we  can  reduce  the complex]ty  to 2M

     searches  by hierarchically structunng  the codebook

     searches  for approximation  and  detail. On  the other

     hand, we  must  calculate  M2  searches  m  the fu11

     search,  which  is impractical for a real-time  codec,

          4. CODEBOOKDESIGN

   The algorithm  for generating ApxCB  and  DetCB is as

fo]lows.

Step 1) Training vector  t(n) is generated se as to minimize

     Eq  (7).

               N-lf  n  }2

        
DMsE

 
r=

 ill.ll]o isz(n) 
-
 E.o 

h(i)
 
･
 gny 

･
 
i(n
 
-
 
i)i

                              (Osk<Mh)  (7)
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s,(n):  Target vector  derived by  subtracting  the zere  input

     response  vector  from the mput  speech  yector

   g: Galn after  quantlzatlon!lnverse-quantLzatLon

h(n): Impulse response  of  synthesis  filter

 l(n): Traimng  excttatLon  vector

     Specifically, we  first compute  an  LPC  residual  vector

     by  inverse filtenng of  target vector  s,.(n)  and  then

     calculatmg  a  norm  of  the LPC  residual  as  the value

     of  gain g Next, we  encode  gain g by ADPCM  and

     obtain  quantized gain g by its decoder Consequent-

     ly, we  generate training  vector  l(n) by dividLng the

     LPC  residual  vector  by g. It should  be noted  that the

     resultmg  target vector  t(n), in general, does not  have

     unit  norm  since  the estimated  gain includes  quanti-

     zatlon  errors,

Step 2) A  discrete wavelet  transformation  of  the training

     vectors  is camed  out  using  Haar te the  first-level,

     extractmg  the approximauon  and  detail coeracient

     vectors.  Note that the coethcient  vectors  are  only  half

     the length of the training vector.  These wavelets  are

     the well-known  Haar and  Daubechies Haar repre-
     sents  the  sarne  wave]et  as  a  Daubechjes wavelet  of

     the first order,  and  is the most  basic and  the simplest

     [7], The  procedure descnbed  in this section  u$es

     Haar fbr the mother  wavelet.  Later, in section  5,5, we

     describe the procedure using  Daubechies of  the

     second  order.  The  Haar  wavelet  basis function ]s

     given m  Eq. (8).

                 FL(z) =:  (1 +  zLt)IVii

                F.(z) ::: (1-z-i)IVii (s)

FL(z): Transfer function of  low-pass analysis  filter

EEi(z) Transfer function of  high-pass analysis  filter
Step 3) We  apply  the LBG  algorithm  [10] to the

     coecacient  vectors  and  determine appreximanon

     centroids  for ApxCB  and  detail centroids  for DetCB,

              5. SIMULATION

   To  vertfy  the  effectiveness  of  the  proposed two-stage

vector  quantization of  appToxirnation  and  detail, we  carried

out  a simulation.  The simulation  parameters for coding  and

brt allocation  are  shown  in Table 1.

5.1. CodebookGeneration

   Using Haar  as  the  mother  wavelet,  we  investigated  tbe

effectiveness  of  the proposed method  fOr codebooks  of

different sizes.  Stgnals comprising  twelve  minutes  of

speech  by several  males  and  fernales were  used  fbr training

after processing with  an  intermediate reference  system

(IRS) filter [11]. We  aLso  used  traimng excitauon  vectors,

l(n), with  a power ]eve] in the frame of more  than
-30dBov
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          Tabtel  Simulationparameters 

'

Coding  cond]tiens

Samphng  frequency
Frame length N
Analysis window  length
Backward adaptatton  cycle

Order of  synthesss  filter p

8kHz45ms22Sms4Sms50

       8

        7
wsNIIt9eq

 6

        5
             '
       4

       3

       2

        1
          256 512 1024 2048
                              Codebook size  (M)

 Fig. 4 wsAtR,,g chaructenstics  for codebQeks  of  diffk)rent sizes

                     '

ApxCB  expresses  the presence of  long-term periodicMes in
voiced  speech  while  the detajl codebook  DetCB  expresses

high frequency components.  As  we  discuss ]ater in the

Conclusion, we  ceuld  attain  improved  characteristics  as

shown  in F]gs. 6 and  7,

5.2. 0bjective Evaluation

   The input  speech  signals  used  in the eva]uation  are

non-training  speeches  passed through  an  IRS  filter for 30

seconds,  The  wsNR,.g resuLts of  the LBBPC  coders,

inc]uding  the proposed two-stage VQ  (ML =  MH  ==  1,024),
are  shown  in  Table 2.

   The  LBBPC  resu]ts  in  Table 2 include the conventiona]  
i

two-stage VQ  (first ancl second  codebooks  are 1024 in size)
and  the conventional  one-stage  VQ  (4096 in  size). In
conventional  VQ  systems,  the codevectors  of  the code-

books are obtatned  by trainmg the excitation  vectors

themselves. [4]. In terms of  wsIVR,.g, the proposed 6.2
kbitls LBBPC  (with two-stage  VQ  of approximation  and

deta]] coeffcients)  was  better than the conventional

LBBPC  (3.6kbitls) with  one-stage  VQ  by 2.14dB, and

better than the conventional  LBBIK]  with  two-stage VQ  by ,

Bit allocation  per frame (bits)Approxtmation
 derail

Best index  iL, JJi
Ga]n code  GL, Gfi
Slgn SL, SH

87]131 8-1131

 
'
 ln step  3 of Section 4, we  set a  convergence  condttton

threshold  for the LBG  algonthm  of  O.1%. When  the

problem of  an  empty  ce]l eccurred  in the training

procedure, we  de]eted the  empty  cell,  selected  
'another

one  wrth  more  vectors  than any  of rhe others  and  divided it
into two  new  cells. In this way,  we  maintained  the same

number  of  ce]ls as  before

   We  generated approx]mation  and  detail ceerncient

codebooks  for M  =  256, 512, 1,024 and  2,048 where  ML

and  MH  are set to M  The expenmental  results of a

weighted  segmental  SNR  (wsNR..g) are shown  ]n  F]g. 4.

   In codebooks  of  M  s  512, the required  bits are  8 or  9
and  the complexity  is relatively  very  low, However, the
resultmg  reconstructed  speech  quality was  very  poor and
noise  was  easily  recognized.  For M=2,048,  the recon-

structed  speech  quality improved  greatly but at  the expense

of complexity.  Considenng the trade-off between qual]ty
and  search  complexity,  we  used  a  codebook  size  of  M  =:

],024 (10 bits) in the  fo11owing simulation.  Examp]es of
the ApxCB  and  DetCB  coethcient  vectors  after  trainLng are

shown  in  F]g 5. In the figure, each  amp]itude  scale  is set to
be identical.  We  found that the approximation  codebook

ApxCBIndex

   o

 256

 512
   '

 768

   :1023

e.Pemo,xitve,a,tion

..Aim-e"e..,

DetCBIndex

   o

  256

  512
   :,

  768

 1023

Detai1CoeMcients

t w

Fig. S

O 5 10 15 18 O 5 10 15 18
       Position in Vectors Position in Vectors

Examples of  coeencsent  vectors  in  ApxCB  and  DetCB  after  training  (M =  1,024)

          '
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Fig.6  Cepstrum distance charactenstics

A B C D E

  Tvpes  of  Codecs

F

Fig. 7 Results of  sutljecuve  evaluation  (MOS)

G

O.12dB. As  another evaluation,  the cepstrum  distance
characteristics  were  determined, and  these results  are

shown  in Fig. 6.

   The  cepstrum  distance was  calculated  using  the speech

distonion cepstral  distance module  of  the FS-1016 simu-
lation [12] with  its order  set  to 64. VSELP  (IS-54) [11] and
CS-ACELP  (G,729), using  16-bit fixed-poLnt software  [13]
ava]lable  from ITU-T, were  also  evaluated,  From  Fig, 6 we

can  see  that the  proposed VQ  could  attain  low spectral

distertion in compansen  with  the  conventional  two-stage

VQ  However, it is apparent  here that the quahty of  the

proposed VQ  is lower than that of VSELP.

5.3. Subjective Evaluation

   To verify  the subjective  effectiveness  of  the proposed
rnethod,  we  perfbrmed  an  inforrnal  1istenmg test based on  a

mean  opinion  score  (MOS) evaluation.  We  compared  the

codec  quality of  the  LBBPC  using  the  proposed  two-stage

VQ  with  that of  reference  codecs,  as shown  in Table 3. As
for the evaluation  conditions,  eight  types  of  clean  speech

signals  were  used  (4 male,  4 fema]e, 10 seconds  each)

while  evaluators  listened with  single-sided  earphones  The
scores  of  21 listeners (including some  of  the  speech

48
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wsNRseg results  for LBBPC  coders

･Femate

 [dB]Male[dB]Bit-rate(kbitsfs)

Proposed method
Conventienal  two-stage VQ
Convenbonal one-stage  VQ

7677

 52S

 38

643634444 626236

Table3 Types  of  Codecs tn  Fig 7

SymbolCederfReference
 speech

Bntate(kb,tls)

ABcDEFG MNRU  Q=  15 dB  (ITU-T G  19t)
FS.1016  CELP
Conventional Two-Stage VQ
Proposed  Method

MNRU  Q =  20 dB
VSELP  (IS54)
CS-ACELP  (G 729)

486262

 8

 8

researchers)  were  averaged.  Figure 7 shows  the results  of

the subjective  evaluation  with  the bars representing  a 95%
confidence  level of  error.

   From  Fig. 7 we  can  see  that the  proposed  method  (D in
the figure) shows  an  improvement  in  noise  reduction

compared  w]th  conventional  two-stage VQ  (C). We
introduced a codebook  search  that first calculates  the
optimal  codevector  of  the low frequency band for the

approximation  codebook  and  then deterrnines the optimal

codevector  of  the high frequency band for the detai1
codebook,  Using this approach  is probably the prmcipal
reason  fOr the improvement described above.  On  the other

hand, while  we  could  not  directly compare  the proposed

system with  other  codecs  and  or w]th  the modu]ated  noise

reference  unit (MNRU)  speech  samples,  the proposed

6.2 kbitls coder  can  be said  to have a reconstructed  speech

qua]]ty that ranks  between  the FS-1016 4.8kbitls CELP
and  the 8kbit!s VSELP.

5.4. Relationship  between  Codebook  Specification and

     LBBPC  Complexity

   Table4 summanzes  codeboek  sizes, vector  code

lengths, required  memory  (to store  codeboeks)  and  com-

plexity for three  types  of  LBBPCs  using  the propesed two-
stage  VQ, conventional  two-stage VQ  and  conventiona]

one-stage  VQ.

   From  Table 4 we  can  see  that the proposed two-stage
VQ  requires  codebooks  halfthe size  of, but with  complex-

ity no  greater than,  conventional  two-stage  VQ.  Conse-

quently, in companson  with  conventional  LBBPCs,  the

proposed  6.2kbit!s coder  using  two-stage  VQ  of  approx-

imation and  detail vector  coeMcients  could  attain equal  or

better WSNR  (Table 2), better ceptstrum  distance charac-

teristics (Fig. 6) and  a  better MOS  evaluation  (Fig 7).
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  Table4  Re!ationship between  codebook  specification

   and  LBBPC  complexity

                  Cedebook

                 Code  Required  Complexity
            S]ze
                 ]ength memory

Proposed  method  2M  Nf2  36 kwords 056
Conventional
            2M  N  72kwords  050
 two-stage  VQ

Conventiona]
            4M  N  l44kwords  ]OO
 one-stage  VQ

5.5. Verification of the Propoed  System with  Daube-
    chies  Wavelet

   We  also  evaluated  the  performance of  the  proposed
system  using  Daubechies  of second  order  as the mother

wavelet  However, we  found that the average  wsNRseg  as

well  as speech  quality showed  only  slight  differences in

performance  compared  to that  of  the Haar mother  wavelet.

The reason  fbr this ]s that the  infiuence  of  wavelet

coecacient  quantization errors  was  greater than  the effect

of  dit}ferences in  wavelet  bases between Haar and  Daube-
chies. This t6en leads to the conclusion  that our  two-stage

VQ  system  is effective  fbr both ef  the wide]y  used

wavelets,  Haar and  Daubechies.
                   t

            6. CONCLUSION

  We  proposed an  approach  introducing  two-stage  VQ  of

wavelet  coecacients  to eur  cenventional  LBBPC  speech

coder  to improve  reconstructed  speech  qualiCy, The two-

stage  VQ  is carried  out  using  the wavelet  coerncients  of

excitation  signals  By using  these  wayelets,  the data length
of  appreximation  and  detail coefficients  are  e4ch  ha]f that

of  conventional  two-stage  VQ  systems  enabling  a decrease
m  the size  of  codeboeks.  Companng  our  proposed coder  to

conventional  coders  that use  two-stage  VQ  of  excitation

vectors,  the  proposed coder  has smaller-s]zed  codebooks

and  attains  an  equal  or better 14LSNR. We  also  venfied  that

the proposed coder  attains a better mean  opinion  score  in

an  evaluation  comparing  it to conyentiona]  coders  How-

eyer,  future exper]ments  with  different wavelets  may  be
mandatory  to exploit  these wavelets  in  terms  of  coder

perfbrmance, 
'
 .
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