POLYTONAL ANALYSIS-SYNTHESIS SYSTEM FOR SPEECH ENHANCEMENT
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ABSTRACT

Most of techniques for speech enhen
ment using noise suppressign suppreggce
dlsgontlnuously modulated speech oscil -~
lation too.At result of discontinuousl
modulated oscillations suppression thz
quality of selected speech signal is de-
crease@.@ne way of enhancing speech in
an additive noise is to perform a func-
tional decomposition of a frame of nois
speech and to attenuate a particular trg—
nﬁformed component depending on how much
the measured component pulsation power
exceeq an estimate of the background noi-
gse.Using a'Walsh-Hadamard blocks connec-
ted by strings of zerces results in a new
gliizdggf§upgression curves which permiis

T of noise suppresi i
speech distortion.The gggorizﬁmaﬁzgngzen

Tmol ; s
te;I)‘.emented in "Eclips C-330" minicompu-

INTRODUCTION

The security of vocoders
1 : speech -
nition deviees and speech s&nghesizgigog
less than ngtural one « It was found b °
gpeech testing that technicians ignorey
/1%h/fr§ﬁge?cy Ear; gf telephone spectra
R evel o igh frequen i

lations is low,but thes : onootl~

t ! e oscillati
smit an important information forlﬁﬁgazran—

hearing becouse of voise modulations,

The signal preemphasis before an A/D co-

nvertion and the discontinuous demodulati-

on of speech osci i
data for pro llations select speech

riments.

per display and hearing expe -

Different techniques have been compared

for enhancing the noisy spe
¢ > ech,

s;em to point out the sugeriorg2§ ggsgits
c -ca§cade Walsh-Hadamard transformati o
especially concerning heavy noise ené%ons
ment. Lines of Hadamard matrix are‘stlron-
and elements of these strings are ands”
;1. Some of thgse lines seem 1like cli
armonics , while others seem 1 15ped

+1 and

ike clip~
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ped phas i i
tions? e shift keyed modulated oscilla-
Thus one string of +1 had
5 + been ta
{rom Hadamard.matrix repeated perioggzaL
y together with string of zeroes produce
sgquence of block clipped waves, The set
ga sugh sequenses and a frame of samples
thve een taken from speech signal produce
ﬁ sgt gf scalar products.
. Next step in frame processing is ne
s f 2glect-
%gg of oscillation components %hose pE%;r
v oEs power are less then corresponding
n29 ground thresholds. Neglecting reduces
toizi components , while strongest poly -
signalcgggogggts re?resent volsed speech
waveform mi iation:
se%Efnce of such accordsr.nlcrovarlatlonSby
e work presented here is conti i
tinuation
ngWngs'have been carried out ten years
% 3 4u;‘lng & stage in ULB / 2 / and later
variét' « Concerning speech signal micro-
ions representation few researches

have been don
by M.Rohtla e% él?’s 4. One was performed

OUTLINE OF THE POLYTONAL TRANSFORMATIONS

The described computational tehnique
g;sfgeen employed according to the fgame
R uame processing mcde. While samling
51 g gncy = 20 kHz and frame duration =
pl;s Fsec each frame consist of 1024 sam-

«Frames are overlapped on half of fra-

me size,i.es 25.6 msec.
scaTgi frage is transfrrmed into set of
sca eleSro ucts of speech signal samples
Wnile s ents of an elementary subsequenceé.
Walsh-Hansformatlon is block=-cascade
palsh- adamard transformation , the ele-
e O—y subsequence consist of # 1 inside

8.0 es outside of blocks , accordingly.
ples eigmple » if tone period = 128 sam-
sform’m %ng seven from an Hadamard tran-
e Calrlx formed of eight lines and
88 blookumns has been chosen and the cho-
o ck is second , theelementary sub-

quence 1is represented as follows:

+1O;?’9%O’O’O’O’O’O'O’O’Os010a0901’1"h
2T ’_1'+1)+1,+1,+1,-1,-1,+1,+1,-1,'“
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0,0,0,( in all 128-16=112 zeroes ),=1,-1,
H,+1,-1,—1,+1,+1.+1,+1,-1,-13+1 +1,=1,-1,
0,0,0,( in all 112 zeroes again 3

et cetera up -to 1024th.

After transformations of 1024 samples
into 1280 scalar products (20 tones*8 li-
nes * 8 blocks = 1280 elementary subseq-
wences ) have been fulfilled the second
cascade of transformations to be fulfill-
ed, By those second transformations one
get a set of estimations pitch pulsations
sincronuously to tones scannede. Estlmayl-
ons taken from this set are compared with
corresponding thresholds , those are gre-
ather then thresholds to be seleated,oth-
ers to be neglected and their values be -
come equal zeroeSe. .

Next steps are related with choises of
tones from scanned scale. To choose tones
estimations corresponded to scanned tone
collected together to transform in loga-
rithmic scale and to compare those Partl—
al pulsation levels with corresponding
thresholds and select tones those levels
are greather... and SO Ol

It is possible to print the results of
computations in format as data represent-
ed in Tables N°© N° 1,2,3,4,5,6 or to re-
write & linear combinaton of gselected oS-
cillations on the disk memory end to con-
vert records by D/A converter for hearing
experiments.

So ,a usage of described computation
process permits to select so many tones
as nessesary to represent signal.mlcro-
varitions and to enlarge frame S1Zz€ to
suppres noise oscillations.

’ '1a'19

COMMENTS TO TABLILS

A table of results of polytonal analysis
consists of two parts,left with "stars"
instead of zeroes and integer nompers.IZ,
which represent pulsation level distribu-
tion between lines of Hadamard matriX.
Signal time is growing from row to Tow on
the amount of overlap between frameS,il.€e
25.6 msecCe

SUMMARY

A polytonal analysis-synthesis gystem
has been described , which has’appliat}on
to robust speech processing. The experi =
ments using the new model of speech sig -
nal indicate its power in synthesizing
natural sounding voised signalse.
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APPENDIX

Table 1

File: "HA" female speaker

880'540

Length of minimal pitch period=T7

Step of pitch
Threshold

Rk kR KR ROR Rk KRR QR Rk G5 2
9****************** 94 2
92*****6*********** 95 2
***943*723*31*****1 89 6
**91*7**4**51****** 88 &
**9*33**8**5******* 88 6
***93***8********** 88 5
*k ok QD H Gox 35 R A A KK 9% 5
kok ok kR koK K T 4k ok Aok ROk 81 12
sk ok ok ok ok ok QR KK kK ok kX 87 7
*********96******** 86 8
sk ok Kok Kok ok ok R QoK oKk ok ok ok 82 12
# Aok oK ok ok ok Gkokok R Xk kX 88 7
s ok sk ok ok sk ok ok ok ok Gtk oKk KOk K 86 8
*********9246****** 33 50
Kook ok oK Ok KOk G 4ok sk KR KK 61 25
******92*********** 86 7
****94*52********** 76 15
**917************** 73 20
**92*************** 88 17
Table 2

File: "MA" female speaker

0

OCDN\»uHﬂJ-JO-JN-JO(DOCDOC)O

00
00
00
10
10
10
10
10
20
00
10
20
10
10
50
60
00
20
30
10

period increasing=1
for modul.selection=0,25

CDOCDOC)OCDO(DO(DO(DOCDO(DOCDO

Length of minimal pitch period=77

Step of pitch period increasing=]1
Threshold for modul.selection

***92*55************
*9******************
*okok KK ORRGT R FokoA kKR K
*o e Kok ok ok G5k ook ok ok Rk K
********966*********
ook koK R sk ok ¥ G ] kKR ok Rk oK
ok ook ok K Q6 B KKK KoKk
oKk K Ak ok ok F QR R KRR K X
L L PLER L L L
sk ok koK Kok QT koK R KK Rk
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94
89
87
90
91
85
78
76
90
85

Y
U1 VWU WO U W

PO 000000
TN A R\ @)

=0.

25
0

eueBOd MHJOpMAaTHUKU.
JbHas MeTO-

.COBeTCKO~
CTUUYeCKM TuaJor

L., "Mmp" I986r.,CTP.3

Te3ucH
c 1986r.

Rep.
00
00
00
00
00
00
00
00
00
00
00
00
00
00
11
01
00
00
00
00
0000
00060
0000
0000
0000
0000
0000
0000
0000
0010
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*kk kKRR kK Quokkkkk kK% 76 16 1 30 0 0 O 98**4********4*****f 38 27 17 5 2 33
***%******92******** 87 7210000 Q5T % 2% 3k ok o 2k 3k ok sk o ok ok ok ok ¢ 40 33 11 3 1 231
RARRKKKKKKKGIHARAKEEX 88 T 01000 0 G2¥ ¥ A XAk wk kA KRKK 38 DT D1 2 0160
ok ok ok ok ok ok ok QK ok ok ok ok K Kk 8 5200000 Qkkokokkok Jodokdokkokkkkokk 1D 53 10 8 5209
FAAKAKKKKQAS KKk kkkXk 54 32 4 4 0 0 1 1 QRkddkkkkk Bk Phkkkk*k* 23 08 18 126 5 314
Fokokdkok Qkkokkokkkkkkkkk 88 210000
*RQBAA kKRR KKK XK KKK 8O 12 320000 ¢
% 3k 3k ko %k % 3k K %k 5k %k %k oK %k %k 5k % %k 85 9110000 Table .
g******************* 715120000 File WILSICOBOY ",male spesker
: Length of minimal pitgh period=170
Table 3 ’ Step of pitch period increasing=3
File: "MA" male speaker Threshold for modul.select.=0,15
Length of minimal pitch period=110
Step of pitch period increasing=2 FRRQRRAAKAKKAAXKKKKX Q) 1 1 1 1001
Treshold for modul.selections=0.1 9B¥*xkkxkA kR XA kRKKRE Q4 1 0 0 0 00
*RKKGAJRH KRR RKKKRE 89 66 0 1 0 0 00 g;:::::::;:::::::::: gg ;g ?12 ; g }8
Kok Kk ok KK o o ook Kk K 1 010000
i *****9212*********** gg 1? 010000 9438*2********:::::: ZQ 16 3210 0?
b RRAKQPRRHR KRR THkR T4 13410 1 O 1 9***5****2***** e 122 2 Z 0 001
FAEX Gk KKK KKKKKX TO 13 52 00 5 0 9*******?***** ***: 54 30 26010
FXOJJHTH Nk kkkkAkRX 44 3117 2 1 1 5 1 DBLHAX KD H kKA KK : 69 17 34 11 18
ok QRG ¥ ok e ok ok ok ok o e o a4 2314 41720 X % ok %k 3 3k ok % ok 3k 3k ok 3k kK ¥ o k %k % 0O 0 000 0 0O
RXXX IRk RARRANARE 45 1010 9 1 4 5 1 3K K o Rk R ok ok o ok ok ok o ok oK K ok ok 0 0 0000 Oo
FREXXQTBRAkXLAARARNK® 5] 1323 1 1 2 2 0 i I I R ? ?3
FREXXAROBR KKK KKK XRKX 68 9 T 2 1 3 5 PREXH A dHREALK KK AKX 42 12 1323 0 ¥
NI s ze il gt 248135050
FRARAKKHAKKRRXKGL32T 6117 4 6 1 4 1 1 N 2 224 1870031
Table Gk kok sk ok T ook ok ok ok ok ok ok ok Kok ok 33 43 2 6 501?;
FTTg-wﬁM " male speaker 96*****3****2****2** 51 31 50 1‘
: Length of minimal pitch period=112 ¥9542kxxxxkkx k% kKl 56 26 8 3 0 ; 18
L Step of pitch period increasing=2 JIHEX Pk kA KA RAXTHE 15 41 30 2 0 550
¥ Treshold for modul.select.=0,1 :2:;::::::;;:::::::: ?4 2; g g 8 271
FAREAEQY rxkxkk xR A KKK 92 4 00 0 0 O 0 FRAKKGRA Rk R KAk kA k. D1 14 48 2 0 3 70
iy FRAERRRRKRGIRAXAXXX  88-7 0 1 0 0 00 EXAAKKAKKK QR A A KKK KKK 5T 23 941020
P XREEGEXX3241*xx%%%x 90 6 01 0 0 0 O RREKAAAAK AKX KHQYETHx 51 37 7 500 11
co RRIAAAXIS52% Kk %kk%t 89 6 0 1 0 0 0 0 RRERRRIR K KRKRKQRRRK 46 39 3 7 000 1
s FHAAKGETHRRKAAAA KA XXX Q] § () 1 0000 ‘
; *EKKGOB kKRR RSk A KRR Q5 020000 \
| KRQRBTHH A RkKKKRXXKAX 83 7 () D 0110 '
N XRRRGTHR AL AR KRR X 8310 0 2 () 0 00
i XAXKGBEAK Kk RKKAKKRXX 85 7 0 1 () 100 {
i HAKKRQTHRAKr LA bk kgD 02000 G
i FRAAXGAG2H AR R XX KKE 8211 0 2 0 () 10 ‘
g - OREEEAXRGOKKGRXKRKAXXKX 8211 () D 0000 {
P XHRRRRKAKAKG g4 RAAX 86 8 () 2 () 000
L RAKKR KKK KRKRRRGRL* BT 8 () 1 0000

. Table 5 . ‘
il File " v smale speaker heavy noise {
; environmeg{?ATB ’

L Length of minimal pitch period=166

by Step of pitch period increasing=3 f

?3 Treshold for modul.select.=0.25 ;

i QF XSk kAR KA AR RKKAK () 13982200

S RRKGTRKKKKKRKKKKA KK 6O 7 504440 !
@7 K o ok ok G ok o ok K Kk ok K 36 33 511 7211 ﬂ
ﬁg RETHLRKAAAKERE KA KRR 50 258322 2 1 ‘
ﬁ{ kG 4% 8k ok ok ok ok 3k K ok ok K ok ok ok ok 46 315 7 2 221 i
W’ Gk %k Jok ok ok ok ok ok ok 3ok ok oK ok ok ok Kok 74 9 35 3000 f
: 9862*51*1*********** 64 15 4 4 2 2209 |
ql GO T ok ok ok ke skok Kok Dok k 551886412 2 }
@5 Q2A*kAAGA*kkkx kKX Xk%x 5B D1 g 42119

g; QT 6 H 4k Aok ko kK Ak D 61 19 8 4 1 012 !
i 98* 4 *rkdkk ok kd kR kkkk 1 214 421 2 4

j1 G ok ok ok ok ok ok ok ok ok ok ok kK 55 1555462 2 j
: . R KKKk ok ok ok ok Q] ok Kok Sk ok ok ok ok 64 14 9 311 2 1
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