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ABSTRACT

Most of techniques for speech enhance—
ment using noise suppression suppress
discontinuously modulated speech oscil —
lation too.At result of discontinuously
modulated oscillations suppression the
quality of selected speech signal is de-
creased.0ne way of enhancing speech in
an additive noise is to perform a func-
tional decomposition of a frame of noisy
speech and to attenuate a particular tra-
nsformed component depending on how much
the measured component pulsation power
exceed an estimate of the background noi-
se.Us1ng a Walsh-Hadamard blocks connec-
ted by strings of zeroes results in a new
class of suppression curves which permits
a tradeoff of noise suppresion against
speech distortion.The algorithm has been
implemented in "Eclips C-330" minicompu-
ter. '

INTRODUCTION

. The security of vocoders s e -
nition devises and speech synghgggzgggogs
less than natural one . It was found by
speech testing that technicians ignore
high frequency part of telephone spectra
/ 1 /. The level of high frequency oscil-
lations is low,but these oscillations tran—
smit an important information for human
hearing becouse of voise modulations.

The signal preemphasis before an AID co-
nvertion and the discontinuous demodulati-
on of speech oscillationsdata for pro select speech

riments.
per display and hearing expe -

Different techniques have been compared
for enhancing the noisy s eech.Th
seem to point out the augeriorit; ifsglgf
ck-cascade Walsh-Hadamard transformations
espe01ally concerning heavy noise environ-
ment. Lines of Hadamard matrix are strin
and elements of these strings ar gs
-1. Some of these lines seem l
harmonics , while others seem

1: +1 and
a clip ad

like olig-
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ped phase shift keyed modulated oscilla
tions.

Thus one string of +1 had been t
from Hadamard matrix repeated periggigah
1y together with string of zeroes promme
sequence of block clipped waves. Theset
of such sequenses and a frame of samplfl
have been taken from speech signal pram“
the set of scalar products.
. Next step in frame processing is neglwt
ing of oscillation components those muss
tions power are less then corresponding
background thresholds. Neglecting reducw
neise components , while strongest poly-
tonal components represent voised speech
signal and its waveform microvariationsby
sequence of such accords.

The work presented here is continuafion
of works have been carried out ten years
ago during a stage in ULB / 2 / andlatw
/ 3,4'/. Concerning speech signal mien»

variations representation few researdms
have been done / 5 6 . O f d

by M.Rohtla et al.’/ 4 / He was per onm

OUTLINE OF THE POLYTONAL TRANSFORMATKWS

The described computational tehnique
has been employed according to the frame
by frame processing mode. While samling
frequency = 20 kHz and frame duration =
51.2 msec each frame consist of 1024 8mm
p1es.Frames are overlapped on half offrr
me Size.i.e. 25.6 msec.

The frame is transfrrmed into set of
scalar Products of speech signal samples
and elements of an elementary subsequench
While transformation is block-cascade
Walsh-Hadamard transformation , the ele-
mentary subsequence consist of + 1 inside
and O-es outside of blocks , accordingly'

For example , if tone period = 128 sam-
ples , line seven from an Hadamard tran-
sform matrix formed of eight lines and
eight columns has been chosen and the ch?
Ben block is second , the elementary sub-
Sequence is represented as follows:

o’0’0’0’0909090,090,090’Og090,0!-1’-h

+1’+1’-1’-1’+19+19+19+19-19'19+19+11'1'-h

Se 14.2.1

' ‘ -1 —1
0 ( in all 128-16—112 zeroes ), , ,

1011:_11-1,+1,+1,+1,+1,-1,-12+1S+1,—1,—1,

,’,O,( in all 112 zeroes again

t cetera up.to 1024th.

transformations of 1024 samples

ifiigeTZBO scalar products (20 tones*8 li-

nes * 8 blocks = 1280 elementary subseq-

uences ) 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 scanned. Estimati-

cns taken from this set are compared With

corresponding thresholds , those are gre-

ather then thresholds to be selested,oth-

ers to be neglected and their values be -

m e ual zeroes.

coNgxtqsteps 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 parti—

al pulsation levels with corresponding

thresholds and select tones those levels

are reather... and so on.

Itgis possible to print the results of

computations in format as data represen -

ed in Tables N0 N° 1,2,3,4,5,6 or to re-

write a linear combinaton of selected os-

cillations on the disk memory and to con-

vert records by D/A converter for hearing

experiments.

50 ,a usage of described computation

prOCess permits to select so many tones

as nessesary to represent Signal micro-

varitions and to enlarge frame Slze to

suppres noise oscillations.
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COMMENTS TO TABLES

A table of results of polytonal analySis

consists of two parts,left With "stars'I'2

instead of zeroes and integer nombers.b ,

which represent pulsation level distri u-

tion between lines of Hadamard matrix.

SiSnal time is growing from row to row on

the amount of overlap between frames,i.e.

25.6 msec.

SUMMARY

A 01 t l anal sis-synthesis system

haspbeZn022scribe§ , which has appliation

to robust speech processing. The experi :

ments using the new model of speech 5 g

nal indicate its pOWer in syntheSizing

natural sounding voised Signals.
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APPENDIX

Table 1
Elle: hHA" female speaker '

Length of minimal pitch period=f7

Ste of pitch period increasing=1

Thrgshold for modul.selection=0.25

*************9
***** 95 2 o 0 O O o 0

9*****************
* 94 2 O o O O O 0

92¥****6*********** 95 2 o 0 O 0 O O

***943*723*31*****1 89 6 o 1 o o o o
**91*7**4**51****** 88 5 O 1 O O 0 O

**9*33**8**5******* 88 6 O 1 O O 0 0

***93***8********** 88 5 0 1 0 O O O

***92*5*351******** 90 5 0 1 O O 0 0

********9*74******* 81 12 1 2 O 0 0 O

*******9*********** 87 7 2 O 0 0 0 O

*********96******** 86 8 1 1 O 0 0 0

**********9******** 82 12 O 2 0 O O O

**********9******** 88 7 1 1 O O O O

**********9*e****** 86 8 1 1 O O O O

*********9246****** 33 5O 5 5 0 O 1 1

*********94**4***** 61 25 3 6 0 O O 1

******92*********** 86 7 3 0 O O 0 O

****94*52**$******* 76 15 2 2 O O 0 0

**917************** 73 20 0 3 O 0 0 O

**92*************** 88 7 O 1 O O O 0

Table 2
FITET—“MA" female speaker
Length of minimal pitch period=77

Step of pitch period increaSing=1

Threshold for modu1.selection=0.25

***92*55************ 94 3 0 O O 0 O O

*9******************
89 5 0 O O 0 O O

*#******97*3******** 87 6 0 2 0 O O O

********95*3******** 90 5 O 1 O O O O

********966********* 91 5 0 1 O O O O

*********91********* 85 9 O 2 0 0 O O

********966*a******* 78 14 1 3 O O O O

*#*******91*******#* 76 15 1 3 0 O 0 O

********92********** 90 6 0 1 O O 0 0

*********97********* 35 5 4 1 O 0 1 O
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**********9********* 76 16 1 3 O 0 0 O 98**4********4****** 38 27 17 5 2 331***}******92******** 87 7 2 1 O O 0 o 957*2*************** 4o 33 11 3 1 231***********91******* 88 7 o 1 o O O O 92****************** 38 27 21 2 01 60**********9********* 89 5 2 o 0 O o O 9******3************ 12 53 10 8 5 2 22*********945******** 54 32 4 4 0 0 1 1 9*********8*3******* 23 28 18 126 531******9************* 88 6 2 1 0 0 0 O
**98**************** 3g 13 $ 4 8 8 8 g T b1 6******************* a e Jg******************* 78 15 1 2 0 0 0 O jfiTE—-WnflflggBOH 1 "igage sp§a§e§7o‘ Length of nima p 0 per 0 =Table 3 ' Step of pitch period increasing=3File: "MA“ male speaker Threshold for modul.se1ect.=0.15Length of minimal pitgh period=110
Step of pltch period lucrea81ng=2 ***9**************** 90 1 1 1 1 00‘Treshold for modu1.se1ect10ns=o.1 98*****:*:*:*::::::: 24 1 O 0 0 go o

3|! * *****943************* 89 66 0 1 O O 0 0 g;::::***3**:******* 5? g; 312 1 2 13******915*********** 91 5 o 1 o o o 0 9438*2************** 72 16 3 2 1 0 00*****9************** 82 11 0 1 0 0 O O ***5****2********** 61 22 2 7 0 O 01
****91**********3*** 74 13 4 1 0 1 0 1 3******************* 54 30 2 6 0 101
****9*************** 70 1'3 5 2 0 0 5 0 984****22*********** 69 17 3 4 1 1 10
**93*3*7************ 44 3111 2 1 1 5 1 ******************** 0 O 0 o 0 O 00**988*************** 44 2314 4 1 7 2 O ******************** 0 o o o O 0 00****91*4************ 45 1910 9 1 4 5 1 ******************** 0 0 O 0 O 0 00
*****978********‘*** 51 1323 1 1 2 4 O ******************* 42 12 1323 O 1 13*******98*********** 68 9 7 2 1 3 5 o 9*****;***********7* 24 4O 19 5 2 2 21**********96*5****** 56 2O 9 2 O 1 6 0 2******************* 53 33 5 3 O 01 0***************94327 61 17 4 6 1 4 1 1 §******************* 22 44 18 7 O 0 31,

9******7************ 33 43 9 6 501 01J;‘ %$§l£wfim " male 3 eaker 96*****3****2****2** 51 31 6 5 O 111
e‘ L1 e p _ *954*2**********3**4 56 26 8 3 o 11 0
fig ength of minimal pitch period—112 9****1***********7** 15 41 30 2 O 2 403; Step of pitch period 1ncrea31ng=2 * ****************** 6 1 3 2 O 3 50
,4 Treshold for modul.select.=0.1 *2*9******54******** 14 23 9 3 O 5 11*****94************* 92 4 O O O 0 0 0 *****9************** 21 14 48 2 0 3 70
1:1 ***********91******* 88'7 0 1 O O O 0 **********9********* 55 23 9 4 1 0 201,? ****9***33241******* 9O 6 O 1 O O 0 O **************9457** 51 31 7 5 0 O 11
5‘1 *******9552********* 89 6 0 1 O 0 0 0 *******#*******9**** 46 39 3 7 O O 01
2‘3 *****967************ 91 5 0 1 O 0 0 0

(
xfl ****9283******5***** 85 8 o 2 o O 0 0

4
1“ **9*87************** 83 7 0 2 O 1 1 0

,E4 ****97************** 8310 O 2 O 0 O O
,1? ****98************** 55 7 O 1 O 1 O 0
1‘I *****97***¥$t'?$t"# 8712 0 2 0 0 0 G
'4‘ *****9452****#****** 8211 o 2 0 0 1 0

1
£11 1 ******96**5********* 8211 0 2 0 O 0 0

1"1 ***********944****** 86 8 0 2 O 0 O 0
****************9*4* 87 8 0 1 O O 0 O

I

g I

~ ‘ Table 5
E3; Fi e " HAg¥BATB ",male speaker,heavy noise1;. environme .
HR Lengjh of minimal pitch period=166€¥ Step of pitch period increasing=3

f#1 Treshold for modul.select.=0.25
;1» 9***5*************** 50 13 9 8 2 2 0 01; ***97*************** 60 7 5 0 4 4 4 O
Il7 *****95************* 36 33 511 7 2 1 1 131 **7*4********5****** 52 25 8 3 2 2 2 13? *94*8*************** 46 31 5 7 2 2 2 1 17’ 9**3**************** 74 9 3 5 3 O 0 O

19862*51*1*********** 54 15 4 4 2 2 2 2
1y 96*7************2*** 55 18 8 6 4 1 2 2
i43 92****83************ 58 21 8 4 2 1 1 O
11’ 976****************2 61 19 8 4 1 O 1 2{3 98*4**************** 61 21-4 4 2 1 2 1

41 96****6************* 55 15 5 5 4 6 2 2
io *********91********* 64 14 9 3 1 1 2 1
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