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ERERACE

The present state of the art in Vocoder Teohnology (Technology
of speech snslysis-aynthesis) owes its existente to the piomesring
work of Homer Dudley who firet developed the first vocoder (VOICE~
- CODER) » Sinoe the first channel voeoder was built by Dudley just
before the Worild War II at the Bell telephons lsboratories,
different typs of vocoders (chammel vecoders, Pormant vocoders,

antocorrelation vocoders, pattern regognition vocoders ete)

have bheen proposed and built. The expanding interest in the
voooder field im its earlier stages of growth, was primarily
stimulated by the speech bandwidth compression offered by the
vocoders, while the need for conservation of dandwidth of a
spsech channel was great, especially for military use. Bandwidth
compression schemes using snalysie-synthesis teohnigues, both
in the frequency domain and the time domain occupied absorbing
attention of researchers. The need for achieving higher and
higher compression ratios, stimulated the need for achieving

a bettsr insight into the processes of speech generation and
perception. Research in the process of speech production and
perception has gained momentum with the use of fast and versew
tile digital eomputors, in the last two decades. Simultaneously
work is progressing in the development of auntomatie recognition
dsvices, and reliable man-machine communication syatems.
Powerful techniques of speech enalysis which have been developed
for use in the compression systems, have been applied tcr
providing perceptusal aids for the deaf.

With the present state of communications technology, when
satellite commmicationy, and laser transmissions, have made
bandwidth compression relatively unimportant, research in the
voooder field has more significance in providing a grester
understanding of the process 0f speech generation and perception,
and the possidle applications to mane-machine communication
systems.
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It was with thesep objectives, a new forment vocoder was
proposed and fadbricated for analysis and synthesis of vowels,
at I1IT Delid.

Use of digital techniques and implementation of hardware by
use of gemeral rurpose transistors (while holding promise of
use integrated circuitry) are the main features of the scheme.

The besioc functional blook both the formamt tracker or
analyser and the formant synthesiszer is an electronieally
tunable filter. The filter is a transversal filter using a
transistorised digital delay line with electronically tunable
delay. Nonerecursive (nom~feedbaok) filters, are used in the
analyser, while recursive (with feeddack) filters are used in
the synthesiser. |

In the analyser, the frequencies and amplitudes of the first
two formants are extracted slong with the pitoh or the fundae
mental frequency of the input speech sounds. The analyserxr
therefore consists of two foyxmant trackers, for tracking the
first and second formamt respectively, and a pitch extractor.

The formant tracker is a continuously tuned automatic tracking
filter tracking the formants in real time. The identification
of the formant is schieved with the aid of AFC technigues. The
tracking system uses two stagger tuned elestronically tunable
filters whioh are tunsbdle from a common control source, and
having a common input ( = suitably filtered speech signal ).
Their outputs are rectiffed, filtered and ocompared, and their
difference, is used %o tune the ocentres of the twe tunadle
filters, such that the input speotral maximum coincides with
the midpoint between the centres. To achieve treoking im
real time, two artifices have been adopted. One is to use &
Bere crossing oounter, which ocounts the mmber of sero crossings
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of the speech isput algnal, and dewvelops 2 IC voltage propo=
tionsal roughly to the frequemcy of spestral maximm in the
input band of Crequencies. The cutput of the sero oroscing
counter is fed to the formant tracker and controls 1¢ in such
2 way as o shift the centres o0f the two stagpered tuned filters,
to the region where the formant frequensy would exist, thus
making the sutomatie frequemey controlasotion fast enough.
7he second is to yse polyphase rectiffication of the cutouts
of the filters, for reducing the time comstants of the ripple
filters uhich aof upon the rectified aignals. This has deen
possible maunﬂ the tunsble filtcrs are transversal filters
using deley 11%%:, and the digital type of dclay lines offer
2 larxge mmw of csmmmt taps, %o givo polyphase outputs.

me Lntqmtiw 1# wmil&blc in a 83gital form from the
amlaier. R \/ :

The p#.w tracker, lma a combination of nomwlinesr
WM /am ewi tohing oircuitry to producs reliable pitoh
pubses, am pulse being m&med. during every fundenental
;aor:loa q@ the volced ‘sound,.

) /Aynthesiser, uses the parmsters extracted from the
anaw/wx to synthesise the opeech sounds trenmmdtted. It uses
two 4&%»@;3@&11, th fi:ters, and a busz generator, which

'm controlled by m pamtom sent from the analyse-,

T™he complete ,uyﬂ;aa wvas tested with live speech input,
and different sustaired vowels, were successfully synthesized,
at the output of the synthesiser.

CHAPTER I ee & general introduction to speech sounds,
their mmﬂm/ and perception, snd the underlying redundancy
in the speech si/m gZiving scope for brmdwidth redustion.
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CEAPTER Ildiscusses some of the classical bandwidth
ocompression schenes, leaving a discussion of the formant
voeoders o chapter III.

CHAPTER IV 84scusses some of the proposals examined
for the develomment of a new formant ¢oding compreasion system
leading to the evolution of the model which was finally const-
ruacted in the laboratory.

CHAPTER V discusses the development of a diglital delay line,

CHAPTER VI pertsins tc a discussion of the perfomance of
tunable filters derived as transveysal filters from tumable
delay lines.

CHAPTER VII is the longeat chapter in the t!msis. dealing
with the formant tracker. A desceription and discussion of the
different units constituting the formant tracker is given.

CHAPTER VIII descrides the action of the pitchfinder.

CHAPTER IX discusases the action of the speech synthesigzer.

CHAPTER X gives & descriptiom of the procedures followed
in testing the fomant tracker and synthesizer as functional
units, and sli/ming the anslyser-synthesizer system as a whole.

CHAPTER XTI qivba a2 report of the final dest results on
live speech impit dignals on the system and the conclusions
drawne. , r! ‘

In Ap: ’zend;i;x is fncluded a bdrict anzlysis of the AWC loop
of the zormt; tﬁ&anr and & short note on phase lock loops.
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