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Chapter 1

Introduction

1. 1 Importance of the analysis of BangIa speech over teleIilone channel

BangIa is the language of over 150million people. Amongthem around 100

million live in Bangladesh, approximately 50 million in West Bengal, Tripura,

Assam,Orissa and Bihar states of India, and a few million in Britain, USAand

other countries [1] . There are about 4000 languages in the world. In

reference [1] the relative 'positions of the languages from the point of view

of number of speakers have been listed in the order of Chinese, English,

Hindustani, Spanish, Russian, German, Japanese and BangIa. Fromthis we can

see that the relative position of BangIa is eighth. The importance of BangIa

as a language can be understood from the fact that about 1600newspapers, pe-

riodicals and journals are published in this language [1].

BangIa is nowbeing extensively used in academic institutions, govern-

ment offices, autonomous bodies and in almost all public affairs in

Bangladesh. Different languages are nowbeing extensively analyzed and used in

various fields of scientific research. BangIa as a language also needs such an

analysis in order to coup with the newadvancements.

Every language has its individual accent (i.e. modeof 'prommciation) .

and phonetics. In addition, every language shows its characteristic electrical

properties whena speaker of one language talks over a telephone channel. The

electrical behaviour such as frequency content, amplitude level .etc. are very

important for signal transmission and reception over telephone channel.

Longdistance analog conmunication as well as digital cOlllllunication are

'two-way. They use separate facilities for the two directions of transmission.

Thoughthe bandwidth requirement is high in digital conmunication, present
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trend is to replace the analog telephone networks with its digital connterpart

due to relative advantages of the later. As the demandfor the capacity of

digital communication j,ncreases, the efficient use of communicationchannel

bandwidth is one of the important problems in digital conununications research.

Of the two methods of bandwidth compression in digital coding of. speech, one

method is efficient source coding, and the other is speech interpolation. TIle

speech interpolatiop method is utilized in two-way telephonecommnnication

. (analog or. digital) to ensure maximumutilization of the available channels.

[2].

In a normal telephone conversation each subscriber speaks less than half

of the time of the total dUration of talk. TIle remainder of the time is com-

posed of listening,. gaps between words and syllables, and pauses while the

operator or subscriber leaves the line [6]. .TIlis on-off property of conversa-

tional speech is utilized to make efficient use of transmission channels by

employing the method of speech inteI'pDlation. For this purpose it is necessary

to find out the threshold level of the electrical signal to detect the

presence and absence of speech over telephone channel.

Extensive research have been carried out on different electrical

properties of English speech. TIle refernces [2] and [8] can be mentioned here

as examples. On the otherhand, BangIa as a language has not yet been exten-

sively analyzed for an electrical communicationchannel. TIleacoustical study

of the vowel structure of. BangIa language carried out by Pramanic [3] is an

important. work. P. K. Das [4] studied the information contents of messages in

BangIa language and S. Z. Huque [1] studied statistically the time-amplitude

pattern and the frequency bandwidth of BangIa alphabets in voice signals.

TIle purpose of this thesis is to study the on-off patterns (presence and

absence) of conversational BangIa speech over telephone channel. and to

develope proper mathematical models for them" TIlese on-off speech~tatistics

are important for the design and performance analysis of speech interpolation
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systems for Bangia speech.

This analysis may further lead to a comparison of the on-off patterns

of Bangia language with those of other languages and discover the noticeable

differences, if any.

It is expected. that on-off patterns of different languages wouldbe

different. Therefore, whena speech interpolation system has to be designed

where people of different languages will talk over telephone channels of the

system, due consideration should be given to the on-off patterns of all the

languages. The on-off speech statistics of' Bangia language maythen be helpful

in the design of the aforementioned speech interpolation system.

1.2 Objective of this work

The object of the study is to investigate the on-off characteristics of

conversational Bangia speech

mathematical models for them.

carried out:

over telephone channel and to develope proper

For this purpose the following steps have been

1. The first step of the work is the preparation of the data-base

(Bangia speech). Telephone conversatioJ;lS of different speakers are recorded on

a tape recorder.

2. In the second step of the work an experimental set-up is prepared

using electronic components to detect the presence and absence of speech.

3. In the third step the on-off patterns of conversational Bangia speech

over telephone channels are generated and different speech temporal parameters

are computedusing computer facilities.

4. In the final step the statistical analysis of on-off patterns is per-

formed' which ultimately results in mathematical models for Bangia conversa-

tional speech over telephone channel.

3



1.3 This Dissertation

In chapter 2a theoretical description of the method of speech inter-

polation is given. The design procedure of the speech detection unit and the

technique of data collection are described in chapter 3. In chapter 4 the

statistical analysis of BangIa speech data is presented and different speech

temporal parameters are calculated. Based on the on-off data somesimple math-

ematical models for cumulative distribution function of talkspurt and pauses

and for other speech temporal parameters are developed and they are presented

in chapter 5. The experimental results.and discussions of this study are given

in chapter 6. Finally, the thesis has been concluded with a conclusion and

suggestions for further work in chapter 7. Appendicesand references are

enclosed at the end of this dissertation.
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Chapter ~

'nJ.emethods of speech interpolation

2.1 Introduction

Efficient use of communicationchannels is vital in rapidly expanding

present day communication. Speech interpolation is an established technique

for ensuring the efficient use of communicationchannel.

In this chapter we introduce methods of speech interpolation as used in

present day'communication.

2.2 TeleIitone transmission

Modernday telephone transmission could .be analog or digital in nature.

In a telephone network virtually. all subscriber loops are implementedwith a

single pair of wires. The single pair provides for both directions of

transmission. In contrast, wire-line transmission over longer distances, as

between switching offices, usually involves two pairs of wires: one pair for

each direction. Longer distance transmission requires amplification and often

involves multiplexing. These operations are implementedmost easily if the

two-<lirections of transmission are isolated from each other .[5]. This is why,

digi tal cOlllllUI1icationand long distance analog communicationare two-way.

The four-wire analog system uses two s~parate pairs of wires for trans-

mit and receive directions. Figure 2.1 shows the schematic diagram of a four-

wire analog system.

The use of four-wire transmission has a direct imPact on the switching

5
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systems of the toll networl<s. Here toll networks are meant to be those net-
1-lorhs Hhich involve nlnllr.rous Bh'i t.chi.ng offices w.i th relatively long tranBmis-

sion links between them. Since most toll network circuits are four-wire, the
switches are designed to separatel~'cOlmect both directions of transmission.

Tron 5-
mitter

Recei-
ver

2-w i re-- Four-wire Transmission

Recei- Trans-
ver mitter

Figure 2.1 Four-wire !"nalog system.

In digital transmission system the analog signals are sampled and PAM
signals are obtained. These PAN signals are quantized and converted into digi-
tal signals by using pulse code mrxlulaUun (PO'1) teclmique for transmission.
Like a four~wire analog system, separate physical pairs of wires are required
for PCt1 transmit and receive directions. In each pair a particular time slot
is alloted to a subscriber. Thus'one-traTL'lmitand one-receive form one'voice
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circuit. So PCM transmit and receive systems are regarded as the digital
equivalent of four-wire analog system. Figure 2.2 shows a four-wire digital
system.

Digitized voice
NO OM

Two-wire

Customer
loop

H

AID

Undesirable
transhybrid
coupling

Digitized voiceDIA

H
Two-wire

Customer
loop

Figure 2.2 Four-wire digital switch circuit
with two-wire analog interfaces.

2.3 Speech interpolation

Four-wire circuits use separate facilities for the two directions of
transmission and during conversation each one-way channel is free (as already
stated in chapter-l) about more than 50 percent of the total time. If one can
efficiently use this silence portion of speech, the effective channel capacity
can be greatly increased in ci~uit-switched voice transmission. The
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methodof using this idle time in telephone calls, to interpolate additional

talkers, is knownas speech interpolation. This method is utilized in two-way

telephone communicationto ensure maximumutilization of the available chan-

nels [2]. Twotypes of speech interpolation techniques are in use. One is Time

Assignment Speech Interpolation (TASI)and the other is Digital Speech Inter-

polation (DSI);

2.3. 1 TimeAssignmentSpeech Interpolation

TimeAssignmentSpeech Interpolation (TASI), is a high-speed switching

and transmission system which uses the idle time in telephone calls to inter-

polate additional talkers [6]. It is essentially a bank of voice operated

switches which maydisconnect a subscriber from'a channel whenhe is not talk-

ing to permit a talking subscriber to use the channel [7]. This technique is

used by AT&Tto increase the capacity of analog cireui ts in transoceanic

cables. TASI has been 1n service on transatlantic submarine cable channels

since mid-1960.

Measurementson working transatlantic channels, showthat a TASIspeech'

detector with a sensiti vi ty of -40 dbmis operated by speech from one talker

on the average about 40 percent of the time the cireui t is busy at the

switchboard. Since long distance cireui ts use separate facilities for the two

directions of transmission, each one-waychannel is, on the average, free

about 60 pereent of the time.

In order to take advantage of this 'free time to interpolate additional

conversations, a considerable group of channels must be available. Anattempt

to interpolate two independent conversations on a single channel would result

in a large, pereentage of the speech being lost, since the probability of both

talkers speaking at the same time is high. However,with a large group of

8



channels serving a large group of talkers, the variations in demandbecome

muchsmaller. Evenwith 74 talkers on 37 channels, the percentage of. speech

lost (freeze-out fraction) is reduced to a point where there is no noticeable

effect on continuity of conversation.

The increase in channel capacity.with TAB! is illustrated in figure 2.3

[6], which gives the TAB! advantage (ratio of switchboard positions, or

trunks, to channels) for a range of activities and number of channels. A

freeze-out fraction of 0.5 percent has been assumed for each curve, since this

amountof speech loss has bee; found from tests to have a negligible effect on

transmission quality •

. . 2.3

<Il
..J 2,.2w ,.z
Z«
1: 2.1
u
a:
w
a. 2.0
<Il
>::
Z;;) 1.9
a:...
w
" 1.8
~z
~1.7
o«
iii~ 1.6

1.5
12

0.45

FREEZEOUT FRACTION=0.5 %

16 20 24 28 32 36
NUMBER OF CHANNELS (INCLUDING CONTROL)

Figure 2.3 TAB! advantage.
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It will be noted in figure 2.3 that a TASIadvantage of at least two can

be obtained on a 37 channel group as long as the average activity is not sig-

nificantly greater than 40 percent.

TASIis designed to use 36 channels. for speech interpolation and one ad-

ditional channel as .a control channel for transmitting disconnect and error

checking signals.

The first TASIsystem was put in service in June, 1960 on the transat-

lantic cable system between White Plains and London (TAT-I) and the second
.,

followed a few months later on the cable between NewYork and Paris (TAT-2)

[6] .

The Bell System had a plan to expand usage of TASIby applying it to

domestic voice circuits beginning in 1983 [5].

2.3.2 TASI-operation

Figure 2.4 shows a block diagram of the TASIequipment for one direction

of transmission; an i,ndependent TASIis used. in the opposite direction of

transmission [6].

Presence of speech on .a trunk causes the speech detector to operate, in-

itiating a request for a channel. The transmitting commoncontrol equipment

selects an idle channel, if one exists, and assigns it to the requesting

trunk.

Before the talker is connected to the channel, a "connect" signal is

sent over the assigned channel specifying the trunk to be connected to that

channel at the distant receiving terminal.

During the time required to conn~t talker and listener the ini tial part

.of the talker's speech is clipPed. in order to minimize clipping the signaling

time has been madeas short as possible, 17 rna, consistent with' reliable sig~

naling and quiet switching. The signal information consists of a single

10
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burst of 4 tones out of a possible 14, ranging in frequency from615 to 2419

Hz.

I
: TRUNKS.
I-
I
1-----

CONTROL CHANNEL

SPEECH CHANNELS

------ _._---
SPEECH

DETECTORS

TRUNKS-

Figure 2.4 TAB! equipment- one direction of transmission.

Oncea talker is assigned a channel he does not lose the connection as

long as he continues talking. Whenhe stops talking he maystill retain the

connection unless he has to be disconnected to provide a channel for another

talker.

Asimilar burst of 4 tones out of 15 (615 tq 2501Hz) is uged to discon-

nect the talker and the listener, but this signal is sent over a separate con-

trol channel. Duringperiods ..menno disconnect signals are being used, the

sametype of code signals are used to send information over the control chan-

nel as to the trunk-ehannel connections existing at the transmitting end. This

• connection-ehecking information overrides any earlier information and deter-

mines the connectionmiIdeat the receiver. In addition, a comparisionat the

receiver betweenexisting and overriding information is used to detect bad

11
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TRUNKS CHANNELS
I I
f I

TRANSMITTING t-.. -16 -2
/' CHANNEL

-16 BANK

f +
I.lODU-
LATOR

-16 = TRANSMISSION

HYB R 10 ECHO
SUPPRESSOR

t
--RECEIVING

SIGNALING
EQUIPI.lENT

+7

SPEECH
DETECTOR

CHANNEL
BANK

+ 7 DEUODU-
LATOR

Figure 2.5 TASIand associated equipnent.

2.3.3 Toll signaling and supervision

"Because TASI is a time sharing device, there are problems involved i.n

transmitting supervisory and dialing pulses. TASIcan work satisfactorily with

the present ringdown manual arrangement, but it is obvious that the usual

method of continuous supervision by means of a steady tone during the idle

time cannot be used. Likewise, dial pulses cannot. compete for a TASIchannel

. on the same basis as a talker. because TASIclipping would cause signaling

13



errors. A burst signaling is required.

2.3.4 Engineering objectives for TABI

In order that TASIcould operate over existing telephone facilities and

would fit in with existing performance standards, certain engineering objec-

ti ves were set up to guide the planning and developnent of TASI. They were

considered as reasonable goals rather than rigid requirements. These objec-

tives are listed in Table I [6].

Table I-Engineering Objectives for TABI

Speech quality

At least 72 message trunks to be operated over 37, 3-kHz

spaced cable channels. If the numberof available channels

is less than 37, the numberof trunks to be provided by TASI.

will be less, as illustrated in figure 2.3. If the total

busy hour speech activity is increased above about 40%, the

macximumnumberof trunks to be provided will be less.

With the TABIsystem fully loaded as defined above, the

degradation to speech quality due to TABIshould not exceed

about 1 db. Whenthe numberof talkers equals the numberof

available channels, the TASIdegradation should be close to

o db.

14
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Signaling errors On the average, during the busy hour, no more thari 0.01%of

the talkspurts transmitted should be lost because of signa-

ling errors if the transmission mediummeets the objectives

noted in Table-II. Assumingthat the average activity is

40%, this means about one talkspurt lost in thirty average

10-minute calls.

Reliability

Frequency

response

Net loss

Circuit

The reliability objective is that the amount of time trunks

are removedfrom service because of TABIfailure shall be

less than 0.1%of the total time.

The TABItransmitter and receiver connected back to back

should pass a band of 200-3500 Hz. The average variation

from flatness of all the channels should be within Z 0.5 db

over this frequency range.' In addition, the standard devi-

ation of the variations from the average should not exceed

0.2 db.

The net loss at 1000Hz through the TABIequipnent alone

should be adjustable to within 0.15 db of 0 db and should

stay within ;t. 0.15 db of the adjusted value for at least.

one month.

The noise generated by TABIin the transmission path should

not exceed about 12 dba as measured at the zero level

points.

'.
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Crosstalk

:

To provide adequate crosstalk performance, an equal level

coupling loss of 70 db should be obtained between talking

paths in TASI. This ":pplies to both near-end and far-end

crosstalk .

.2.3.5 Characteristics of channels.for TASI

Because of the high;-speed signaling used in TASIand because subscribers

are switched rapidly between channels, the transmission requirements of the

channels. connecting TASI terminals are somewhattighter than required for. the

usual telephone message service. The characteristics of importance to TASIare

listed in Table II [6].

Table II-Requj.red Transmission Characteristic

of Connecting Channels for TASI

.MinimtmOOndwidth

Flatness of band

565 to 2550 Hz

I-kHz net loss value of

any channel

300 Hz -2900 Hz (lO-db cutoff frequencies)

Difference between maximumand minimumloss

should not exceed 2. 5 db.

Not more tJull, ;1:.3 db from the nominal value.

""
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Envelope delay distortion
565 to 2550 Hz

Flat delay

IlMS noise

Crosstalk

Frequency stability
(565 to 2550 Hz)

Working levels for TASI
(excluding pwis or
amplifiers outside
of TASI)

,

",

Not greater than 2 IDS.

Maximum difference between channels should be
be no more than 10-15 IDS at 1000 Hz. (The control
channel should be one of the fastest).

Without compandors, 38 dba at zero transmission
level (38 dba 0). With companders, noise on line
ahead of compandors should not exceed 51 dba O.
,Difference in output noise between .channels
should not exceed 6 db •.

Equal level crosstalk loss on all channels
should be at least 60 db.

No frequency shifted more than 2 Hz.

Transmitting terminal input, -2 with respect to,
zero transmission level point. Receiving
terminal input, +4 with respect to zero
transmission level point.

17



2.3.6 Sources of speech clipping in TAB!

The two major components of speech clipping in TAB! are:
1. Signaling clipping, which is the time lost (17 ms) while a new connection

is established;
2. Freeze-out, whi9h is the time lost because no "channels are available.

The length and frequency of these clips will vary from call-to-eall due

to loading, speech habits, or statistical chance.
" .

In addition to signaling and freeze-out, some clipping is also caused by
(a) speech detector response time and threshold;

(b) disconnection delay caused by control channel crowding during heavy

loading.
Inspite of these minor drawbacks, TASI has been operated successfully on

subnarine cable systems to provide approximately twice as many good quality

message truru{sas existed before TASI.

- 2.3.7 Digi tal Speech Interpolation

Recent use of the speech interpolation technique for digital voice sig-
nals is referred to as Digital Speech Interpolation (OSI). It is the digital
circuit counterpart of TAS!. In essence OSI involves: sensing speech activity

seizing a channel, digitally encoding and transmitting the"utterences, and
releasing the channel at the completion of each speech segment [5].

In digital transmission of speech a particular time slot is alloted to a
subscriber in each channel. OSI utilizes that particular time slot of the

channel when it is idle.
Owing to long holding times and only modest inactivity factors, voice

traffic is most appropriately transmitted by way of the backbone circuit-

18



switched network. On any particular route, however, the backbone transmission
links can be implemented with DSI teChniques to improve the circuit
utilization. Thus the complexity of a DSI operation is added only where the

cost is warranted.
When the number of active sources exceeds the number of channels in a

DSI syStem, the usual operation is to block the overload and cause clipping of
some speech syllables. More recently, however, a TASI system has been
developed by STC Communications of Broomfield, Colorado that delays blocked
syllables for a short period of time in anticipation that a channel will soon
become available. The reconstructed speech from this process is of better
quality than when conventional syllable clipping occurs. Thus greater levels
of line utilization are possible when delay capabilities are incorporated into

a DSI or TASI system.

In our study, we have performed the statistical analJ~is of the on-off
patterns of conversational BangIa speech over telephone channel. The results
of this study will be helpful in the design and performance analj~is of any
speech interpolation system for BangIa speech whether TASI or DSI.

In the next chapter the electrical characteristics of BangIa alphabet
are tabulated and at the same time the technique of on-off data collection of

conversational BangIa speech is presented.
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Chapter ~

Conversational patterns of BangIa speech

3.1 Introduction

The theoretical aspects of speech..interpolation systems have been
described in the previous chapter. Our present aim is to carry out an analysis
of the conversational BangIa speech over telephone channels to see whether and
to what extent BangIa conversational speech may be interpolated.

This. chapter deals with the electrical characteristics of BangIa al-
phabet and the charaCterisation of different speech temporal parameters of the
conversational speech over telephone channels. In addition, the design proce-
dure of the speech detection unit and the technique of measuring the durations
of presence and absence of speech with the help of a personal computer are

also described.

3.2 Characteristics Of BangIa alpuiliet

Amplitude and duration of BangIa vowels and consonants uttered in isola-
tion by male and female voices are studied by S.2. Huque [1]. The results are
given in tables III and IV in Appendix A.

E>d:ensive study from the recorded data shows that both the amplitude and
the duration of a letter vary from word to word. This variation is entirely
dependent on the structure of the word and ita mode of pronunciation. The dis-
tribution of amplitude and duration of a letter occuring in different words
depends on the length of the word. It is also noted that for a closed monosyl-

•labic word the amplitude of the first letter is very near to its amplitude ut-

tered in isolation.
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3.3 Characterisation of different speech temporal parameters

The on-off patterns of conversational speech are the patterns of its

presence and absence over telephone channel. To obtain a correspondence to the

presence or' absence of speech, we define a talkspurt and a pause.

A talkspurt (or simply a spurt) is a time period which is j~ed by a

listener to contain ~ sequence of speech sounds unbroken by a pause.

A pause is a time period which is judged by a listener to be a period of

nontalking, other than one caused by a stop consonant, a slight hesitation or

a short breath.

The function of the speech detector unit is to generate the talkspurt

and pause patterns. Other than speech signal, n01se occasionally operates the

speech detector for short periods, and the resulting spurts should be dis-

carded or thrownaway. The maximumtime length of such a short period is con-

sidered as the throwawaytime.

TI1ere~re some'sn~ll gaps caused by a stop consonant, ~ slight hesita-

tion or a short breath within a continuous speech segment. These are called

intersyllabic gaps. While processing speech dsta for analysis these gaps are

filled m. The maximumduration of such a gap is considered as the fill-in

time.

Most of the existing designs of speech detectors employa slow release,

or hangover, to bridge the intersyllabic gaps. Practically there is no other

waybut to employa slow release to bridge those gaps. The time of slow

release or delay is termed as hangover time. It is logical to choose this

hangover time equal to the maximumduration of an intersyllabic gap.

On-off speech characteristics maybe represented by probability dis-

tributions of talksptirt and pause durations, and by speech temporal parameters

such as speech acti vi ty, average talkspurt and pause durations, and average

talkspurt rate [2].
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Speech activity represents the percent of time a party is active while
talking over a telephone. This is the ratio of the actual time a person is
talking to the total call duration.

Average talkspurt duration is obtained by summing the durations .of all
the talkspurts and dividing it by the total number of talkspurts in a given

time.
Similarly, average silence or pause duration is obtained by summing the

durations of all the pauses and dividing it by the total number of pauses in a

given time.
The talkspUTt rate is defined as the number of talkspurts per minute.

3.4 The design of the speech detection unit

The on-off patterns of conversational speech represents the patterns of
its presence and.absence over telephone channels. A speech detection unit has
to be designed for the purpose of detecting the presence and absence of

speech.

3.4.1 On-off patterns fran different speech detectors

The task of detecting the presence or absence of speech is verT
difficult. Speech has a large dynamic range, and its levels frequently fall
into the'noise, even during segments audible to a listener. In addition,
momentary interruptions due in part to stop consonants might cause a speech
detector to indicate a silent interval whereas a listener would sense a con-
tinuing flow of speech [8]. These small gaps are called intersyllabic gaps and
we should not use them for speech interpOlation. Most existing designs of
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Figure 3.1 On-off patterns from different speech detectors.
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speech detectors employa slow release. or hangover to bridge such gaps. but

an error equal to the hangover (delay) time is madeeverytime the person ac-

tually stops talking [8]. That is, the length of the time-segment whena per-

son is not actually talking is produced less than what it is [Figure 3.1].
Therefore, if the analysis is performed with a detector having a slow

release (delay), the result would be erroneous. In order to use a simple

speech detector and at the same time to avoid some of the aforementioned

shortcomings, a two-step detection technique is suggested here. Speech is

first played through a speech detector, whose.output is then processed by a

computer program. It should be mentioned here that this is not the samedetec-

tor as the one used in speech interpolation. It is the one which is used here

for the purpose of analysis only.

3.4.2 r.eneration of speech data-base

To investigate the on-off characteristics of conversational BangIa

speech we mayuse as the data-base two-waytelephone conversations spoken in

BangIa by a number ,?f pa1rs of' speakers. Telephone conversations of 20

speakers are recorded on a tape-recorder for each one-waychannel. For ease of

recording, dynamic microphone is placed close to the mouth-piece of the

telephone hand-set and speech is recorded separately. Due consideration is

given to ensure the amplitude level of the recorded signal to be the same as

on the telephone circuit. Speech signals include both male and female voices

and they are recorded from persons of different ages and of different profes-

sions while they are engaged in talking t<;>their friends or relatives. The

particulars of 10 male and 10 female speakers are listed in AppendixB. Ever);

effort is taken to keep the conversations unbiased. For a better understanding

of the experimental procedure, the block diagram of the speech detector that
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is used in this study is shown in figure 3.2.
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Figure 3.2 Block diagram of the experimental set-up.

The output of the tape recorder is played through a bandpass filter
whose passband approximately range from 300 Hz to 3400 Hz. It is a common
practice to restrict the speech band to a range of 300 Hz to 3400 Hz to make
efficient use of the transmission channels.

Observation of the recorded speech signal on an oscilloscope shows that
it is basically alternating in nature [Figure 3.3 (a)]. Determination of the
presence of speech signal therefore,' requires two threshold levels; of which
one is positive and the other is negative. To avoid these two threshold levels
for the single on-state (presence of speech), we have used fun-wave rectified
output of the alternating speech signal.
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Figure 3.3 Electrical signals of conversational BangIaspeech.

Cro'stal diodes are used in designing the full-wave rectifier. The for-

wardvoltage of the diodes usually range fromO.2 to 0.7 volt. But the ampli-

tude of the recorded speech signal over telephone channels is' quite lowand

not enoughto drive the crystal diodes. Therefore, proper amplification of

speech signal is required prior to full-wave rectification. Acommonaudio
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amplifier and full-Wave rectifier section is designed to serve the purpose.
Figure 3.4 shows such a common audio-amplifier and full-wav~ rectifier

section.

R

y.,n
(trom banpass
til ler output)

R

R

R

v
(10 threshold
detector inPJt)

Figure 3.4 A common audio-amplifier and
full-wave rectifier section.

The amplification factor is given by the relation
~V R

A=----- =------
V; n R~

..• (3.1)

The required amplification is achieved by selecting the proper values of
resistors R and.R~ For proper detection of the presence of speech signal an

amplification. factor of 10 is used.
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3.4.3 Detection of presence or absence of speech

Since Time Assignment speech interrXJlation ITASIl systems were first
introduced, several different speech detection algorithms have been developed.
Host of these algorithms detect speech by comparing the signal levels, the
energy of the signal or its envelope, the zero-crossing rate or combination of
these, with preset threshold values [2]. In our detector, speech descrimina-
tion is based on the magnitude of the rectified signal voltage.

'D,e speech-detector threshold should ideally be chosen low enough to
pick up almost all the ~peech signal and high enough to avoid noise operation.

To set the threshold level, rectified and amplified speech signal is ob-
served on an oscilloscope. By monitoring the audio speech the amplitude level
of the noise signal correslXJlldingto the silent IXJrtion of speech is observed
carefully on the oscilloscope [Figure 3.3 (a) and (b)]. The threshold level is
sretsLightly higher than the "",-"imumnoise level 'thus observed. The threshold
detector stage is shown in figure 3.5.

The threshold voltage V,. (positive) may be set at the desired level by
properly choosing the resistors H, and HI . using the following relationship:

H,
. V•• =---------. V. (3.2)

H. + HI

If the rectified signal level exceeds this set value, the output of the detec-
tor is set to +V. and if it falls below that, the output is set to -V.. This
polarity may be reversed if point A is connected to pin-3 and input .is fed to
pin-2 of the IC-741 in figure 3.5.

28 •



-Y5

/Y 3 + 4• 6741 Yo
2 7

.... .

A

Figure 3.5 Threshold detector stage.

y/ Vo
> Yth +Ys

<Yth ~Vs

3.5 Technique of data collection for speech analysis

The main purpose behind designing the speech detector is to be able to

measure the short durations of the presence or absence of speech over

telephone channel. Upto this point, we are able to convert the state of

presence of speech to a voltage level +V. and the absence to another voltage

level -V.. As long as the speech is present or absent in the circuit, the out-

put voltage +V. or -V. of the detector remains constant throughout that

duration. For measuring these on-off durations we mayplot the output from the

detector with the help of a pen-recorder and .then compute the time from the

plot. But the main disadvantage of a pen-recorder is that the mechanical move-

ments of the pen cannot coup with the fast changing states at the detector

. output. Moreover, a huge quanti ty of paper is required and computations become

tedious. This is why, computer is used to measure these short durations of the
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on-off time.

3.5.1 Interface circuits

The output of the detector carmot be directly fed to the input port of

the personal computer. To make the output compatible with PCan interface 'is

placed in between the detector and the PC. For an IBM PC its input port

specifications requlre -3 to -15 volts for binary 1 and +3 to +15 volts for

binary O. As the detector is designed by using an op-amp the detector output

+Vs and -V. maybe set to such a value as to satisfy the above specifications.

Thus, the detector output is directly fed to the personal computer without any

additional interfacing device.

3.5.2 The computer technique for on-off data collection

Our speech detector is designed by using an operational amplifier and

the value of Vs is set at +12 volts. The recorded speech is played through the

speech detector tmit to generate the on-off patterns. The output from the

detector is.fed to pin-6 of the RS-232C port and pin-7 is connected to signal

ground. The detector output is nowdigital in nature, having two states: one

is +12 volts (binary 0), depending on the presence of spe~h and the other is

-12 volts (binary 1), depending on the absence. In the true sense a computer

cannot read any continuous signal continuously. As reading a data is a serial

process, some time, though very little, is elapsed between two consecutive

readings. Therefore, some sort of sampling takes place while reading a con-

tinuous signal. For the purpose of collecting on-off speech data, a computer

program is prepared in PASCALto read data from the port at an interval of
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5 InS and to store the status of pin-6 in the buffer. Pin-6 senses the active

low input. Whenspeech is present the detector output becomes +12 volts.

Therefore, pin-6 is active sensing it as low and as instructed in the .program,

it stores a '1' in the buffer to indicate the presence of speech. otherwise,

it stores a '0' in the buffer to indicate the absence. Thus a series of 1s are

obtained for the presence of speech and a series of Os for the absence. The

presence and absence of speech are followed by one another ill course of time.

Later on counting the numberof 1s in a series and multiplying it by the sam-

pling time of 5 InS gives the duration of on-time for that particular time-

segment. Similarly, counting the numberof Os in a series and multiplying it

by the sampling time of 5 InS gives the duration of off-time for that par-

ticular time-segment. If the sampling time could be madeas short as possible

the collected. data would represent almost continuous on-off patterns. But

there are some limitations to choose it to such a value.

First of all, it is obvious that data can be read and then directly

stored in a floppy diskette. But reading a data from the port and writing it

directly in the diskette takes muchlonger time than writing it in the buffer.

Thus sampling interval becomesgreater than the desired value and the col-

lected data loses accuracy. This is why, data are read from the port and are

directly stored in the buffer. Once the buffer is full the stored data is

transferred to the floppy diskette.

On the .otherhand, if sampling interval is madevery short, a higher

memorycapacity is required. But the computer buffer allows a maximummemory

size of 32767bytes for a PASCALprogram. This is why, if shorter sampling in-

terval is used, the buffer becomesfull within a very short time and we are

able to collect the data for a maximumduration of only 1 minute or less which

is muchlower than an average telephone call duration of about 3 minutes.

Considering all these factors, a 5 ms sampling interval is chosen. It is

so chosen because it serves our purpose with a negligible error and it can
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store' the data of about 2 minutes and 38 seconds (Le. 32767 byte/! X 5 ms),

which is very close to an average telephone call d~tion of about 3 minutes.

Moreover, the same 5 ms sampling interval has been used in the study of on-off

patterns of English speech [2]. Therefore, if we use a sampling interval of 5

ms, we can compare the results of BangIa speech with those of English one on

the samebasis.

The flow diagram of the speech detection algorithm is given 1n figure

3.6. Accordingly, a computer program named 'SArF.PAS' is prepared in PASCALto

read data from the RS-232 C serial port 'of a PC. A printout of the program is

given in AppendixC.

Thus the speech detector generates the on-off patterns and the designed

computer program collects the data successfully. A portion of the collected

data is shown in table 3.1.
The next chapter' deals with calculation of different speech temporal

parameters of conversational BangIa speech and their statistical analysis.

'.
"
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. ,

of characters, defi ne
time 1. time2. t1. t2
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tsec

Set bit 7 of l.Lne control rel(i8ter (3FB) to '0' to
get access to the interru t enable register (3F9)

Set bit 0, 1, 2, and 3,of. the interrupt enable regi-
ster (3F9) to totally disable the interrupt system'

Set bit 0 of modem control register (3FC) to logical
1 to force the DTR to logical O. This indicates that
data terminal is ready to read data from the port

Store the initial time in 'time1' and set count=O

Read modem stBtus register (3FE) and store it
in .'a' and also increment tIle counter 'count'

Isolate bit 5 of modem status register and con-
vert it to its ASCII value and store it in 'a'.
Store the content of 'a' in un array

provide a 5 ms dela~'

no

yes
Store the current time in time2 and calculate the
sampling interVal. Open a file in a floppy disk

the it h array element in the file set i=i+1
no s i > caun "

yes
Write time IX'" sample in the file

Fig~re 3.6 Flow dial(ram of the 8peech detection algorithm.
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Table 3. 1 On-off speech data represented by series of Is and Os respectively
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Chapter!

BangIa speech data processing and analysis

4.1 Introduction

The process of collecting the on-off speech ,data is already described In

the previous chapter and we have nowbeen able to collect the on-off speech

data for conversational BangIa speech from the output of the speech detector.

This chapter describes the on-off data processing technique of conversa-

tional BangIa speech and the analysis of the data. The effect of fill-in and

hangover on different speech temporal parameters are also studied.

4.2 Effect of threshold level on speech patterns

•

The speech patterns from a speech detector are strongly influenced by

choice of threshold.

To see howIowa threshold is required for the first criterion, the ef-

fect of threshold variation on the continuous speech spurt and pause distribu-

tion IS studied. This distribution is a cumulative distribution function

which shows the percent of total numberof spurts or pauses (less than or

equal to a particular time duration) along the ordinate and the'duration of

spurts or pauses along the abscissa.

First of all, a higher threshold level is set (2.164 volts) and then it

is lowered step by step. The idea is, if a point is reached where the data

remain substantially unchanged as the threshold is lowered, then that

threshold would be considered sufficiently low to cause operation on most of

the speech.
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The three samples (correspoding to three thresholds) from a particular
speaker (whose voice is low enough) are analyzed to see the effect of
threshold variation on spurt and pause distributions [Figure 4.1].

The spurt distributions change appreciably as the threshold is varied,

showing shorter spurts with higher thresholds.
The pause distribution tells only the part of the story. The total num-

ber of pauses almost triples as the threshold is lowered from (a) to (c)
going from 913 to 2569 pauses in a continuous speech sample of about 2 minutes

and 38 seconds.
If the threshold is further lowered, the spurt and pause distributions

do not stabilize, and neither do the percent time talking (i.e. speech
activity). It then appears that the threshold should be still lowered in order
to pick up most of the speech. However, it must be set slightly higher than'
the noise level. Otherwise, the result would be erroneous, because a silent
interval will then appear. to be a talkspurt. To estimate a lower bound, the
original tapes are played.and the detector output is compared with the impres-
SIOns of the sound on the tape. This process has led us to choose a threshold
level of 1.091 volts (out of 1.091, 1.565 and 2.164 volts). It should be noted
that the original speech signal is first amplified by a voltage amplification
factor of 10 and the threshold is selected at the amplified output.

;

The threshold is thus an unavoidsble compromise between too much noise

and too much lost speech.
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Figure 4.1 Effect of threshold variation on
spurt and pause distributions.
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4.3 Data processing

The collected data from the output of the speech detector do not repre-

sent the true on-off patterns as the intersyllabic gaps are still present in

them. To obtain the true on-off patterns soniemodifications are to be madeon

the data already collected.

Usually the first step in data processing is to throw out all spurts

which are less than-or equal to a throwawaytime. In our analysis we have not

considered this time on the assumption that our speech data contain less noise

because of not recording it from the original telephone cireui t. As wedo not.

intend to perform a throwawayoperation the first step of our data processing

is to fill~in all the gaps which are less than or equal to a fill-in time.

These gaps are considered as part of continuous speech segments. 'The speech

data after fill-in operation -represent the true on-off patterns.

If hangover operation is performed on the original data. the on-off pat-

terns corresponding -to a conventional detector with that particular hangover

time is obtained.

4.4 Selection of fill-in and hangover time for conversational BangIa speech

The purpose of fill-in or hangover is to discard the intersyllabic gaps

within the samespeech segment. The fill-in or hangover time should be chosen

just long enoughto bridge the longest intersyllabicgap within a continuous

speech segment. Therefore, for the analysis of conversational BangIa speech.

we have to measure the longest intersyllabic gap. For this, purpose data are
•

collected from different speech samples at the fastest possible sampling rate

(0.17 ms). The on-off _patterns are observed on the computer screen. After a ca

reful consideration of all the gaps within the speech segments. the inter-
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syllabic gaps appear to lie between 2 and 11.4 DIS. The original data have been

collected using a 5 IDS sampling interval. Therefore, we have two choices to

select a fill-in time; either of 10 DIS or of 15 DIS. Wechoose the fill-in time

to be 10 DIS as it is close to the maxillIUIl\intersy llabic gap of 11.4 DIS. As al-

ready stated in Chapter 3, it is logical to choose the hangover time equal to

the maximumintersyllabic gap. Therefore, the hangover time is also'chosen to

be 10 IDS.

The modified form of table 3.1 (chapter. 3) after applying a 10 IDS fill-

in is shownin table 4.1 and that after applying a 10 DIS hangover is shownin

in table 4.2.

4.5 Bangla speech temporal parameters under different conditions

The on-off data are collected by the computer in the form of ser1es of

1s and Os. The series of 1s represents the presence of speech and that of Os

represents the absence as shown in table 3.1 in chapter 3. Now counting the

number of is. in a series and .multiplying it by the sampling interval of 5 IDS

gives the duration of on-time for that particular time-segment. Similarly,

coUnting the numberof Os in a series and following the sameprocedure gives

the durati9n of off-time for that particular time-segment. Thus the on-off

patterns in terms of 1s and Os are converted to on-off patterns in terms of

the durations of time. With these on-off patterns different speech temporal

parameters such as speech activity, average spurt time, average pause time and

talkspurt rate of conversational BangIa speech are calc~lated for male and

female voices separately with no modifications of the data. The same

parameters are calculated with a 10 DIS fill-in and also with a 10 DIS hangover.

The cumulative distribution functions (CDF)of talkspurts and pauses are also

showngraphically. The CDFshows the percent of total number of spurts or

pauses (less than or equal to a particular time duration) along the ordinate
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Table 4.1 Modified data of table 3.1 with a 10 IDS fill-in

0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000111111111111000001111111111111111111111111
1111111111111100011111000111100000000000000000011111111000000111100000
0000000000111100000010001000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000001111111111111111111100001000100000001111100001111111111111111
1100000010001000000000000000000000000000000000000000000000000000000000
0000000000006000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000b00000000000000000011111100000111111111000111110000000000000011
1100011111111111100000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000010000000000000000000000000000000000000000
0000000000001100000100011111111111111111111000000000000000000000000000
0000000011111111111111111111100000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000000000000000000000000000000000000000000000000000
0000000000000000000000001111111111111111000000000000000000000000000001

40



Table 4.2 Modifieddata of table 3.1 with a 10 DIS hangover
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and the duration of spurts or pauses along the abscissa.

'the following defining equations are used to calculate the different
speech temporal parameters:

SA=

where.

m
LSiL=I--------------------x

m rl
~S; + 2:Pj

i.1 .i~\

100 % (4.1)

SA= speech activity in %

m= total number of spurts
S;= durati.on of the it h spurt
n= total number of.pauses and

Pi = duration of the -it h pause

AST=
m

where,
AST= average spurt time

m= total number of spurts and
S;= duration of the i'h spurt

l1
LPjJa::l

APT= ------------------
n

where,
APT= average pause time

n= total number of pauses and
Pj= duration of the j'h pause
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m

TH= ------------------ (4.4)
m
2:Si

i.=l",here,
TH=, talkspurt rate per unit time

m= total number of spurts
Si = duration of the it b spurt

n= total number of pauses and
Pj = duration of the jth pause

4.5.1 Speech temporal parameters without fill-in or hangoVer

Speech temporal parameters of conversational Bangla speech are calcu-
lated from the original data without any modification. The parameter values do
not represent the true valuse of conversational BangIa speech. They are calcu-
lated just to see the extent of deviation of the speech parameters from the
true ones. Table 4.1 lists the speech parameters for male voice and table 4.2
for female. Tables 4.3 and 4.4 show the maximum. minimum and average values of
the speech, temporal parameters for male and female voices respectively. The
average values are calculated using the data of a group of 10 males or 10
females ,using the equations (4.1), (4.2), (4.3) and (4.4). The overall speech
parameter values (male and female combined) are also calculated using the
aforementioned procedure and are listed in table 4.5. The cumulative distribu-
tion ftHlctions of spurts for n~le and female voices are shown in figures 4.2
and 4.3 respectively. The same of 'pauses are shown in figures 4.4 and 4.5. It
should be noted here that the lower and upper bounds are the curves for in-
dividual samples and the average curves cosider the data of 10 subjects as a
whole in a -group. Figures 4.6 and 4.7 show the overall (male and female
combined) CDFs of spurts and pauses respectively.
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Subjects Speech activity Average spurt time Average pause time .Talkspurt rate

•

(% ) (ms) lms) (per min. )



•

Subjects Speech acti vi ty Average spurt time Average pause time Talkspurt rate

(" ) (IDS) (IDS) (per min. )

.,..

F-1 17.11 09.87 47.85 1039.4

F-2 25.90 06.73 19.27 2307.3

F-3 24.41 08.28 25.65 1768.2

F-4 21.34 10.96 40.43 1167.9

F-5 14.01 08.93 54.84 0941.2

••• F-6 11.73 06.77 50.96 1039.4
C1l

F-7 16.20 08.23 42.56 1181.5

F-8 09.63 07.97 74.73 0725.5

F-9 09.08 07.84 78.48 0695.1

F-I0 12.35 09.68 68.70 0765.4

Table 4.2 Speech temporal ~ters for female voice without fill-in or ~!,ver

~



Table 4.3 .Maxi.DaoDand miniDlllDlimits for speech temporal ptlI"BIDeters

for male voice without fill-in or ~9ver

Speech parameters Maximum Minimum Average of 10 speakers
..,.
OJ

Speech acti vi ty 25.90% 09.08% 16.18%

Average spurt time 10.96 IllS 06.73 IllS 08.34 IllS

Average JBuse time 78.48 IllS 19.27 IllS 43.25 IllS

Talkspurt rate 2307.3 per min. 695.1 per min. 1163.09 per min.

Table 4.4 Maximumand mini.DaoDlimits for s~h temporal rnrameters

for female voice without fill-irLor ~

.-



•••
-J

Speech acti vi ty

Average spurt time

Average pause .time

Talkspurt rate

16.40%
09.59 ms

48.86 ms

1026.50 per min.

•..

Table 4.5 Overall Oll-Qffspeech statistics (male and female ccmbined)

without fill-in or hangover
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Figure 4.3 CDF of spurts for female voice without fill-in or hangover.,
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4.5.2 Speech temporal parameters with a 10 DIS fill-in

Speech temporal parameters are calculated using the modified form of the

original data after applying a 10 ms fill-in time. 'l11ecalculated speech tem-"

poral parameters represent the true on-off characteristics of conversational

"BangIa speech. Different speech parameter values are shownin tables 4.6, 4.7,
4.8, 4.9. and 4.10. 'l11eCDFsof spurts and pauses are showngraphically in

figures 4.8, 4.g, 4.10, 4.11, 4.12 and 4.13.

4.5.3 Speech temporal parameters with a 10 DIS hangover

Speech temporal parameters are also calculated using the data "modified

by a 10 ms hangover time. 'l11ecalculated characteristics correspond to those

obtainable from a conventional detector having a hangover time of 10 ms. 'l11e

speech ~~ameter values are shown in tables 4.11, 4.12, 4.13, 4.14 and 4.15.
'l11eCDFsof spurts and pauses are showngraphically in figures 4.14, 4.15,

4.16, 4.17, 4.18 and 4.19.
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Subjects Speech acti vi ty Average spurt time Average pause time Talkspurt rate

(%) (ms) (ms) (per min.)

."
M-1 11.52 11.66 89.54 0592.9
M-2 37.29 35.77 60.15 0625.5
M-3 35.52 26.51 48.15 0803.9
M-4 25.10 46.84 139.76 0321.6
M-5 21.29 70.04 259.46 0182.4

(Jl M-6 20.09 48.84 194.23 0246.8
N

M-7 22.39 86.93 302.01 0154.6
M-8 14.16 35.91 217.70 0236.6
M-9 10.81 30.27 249.78 "0214.2 •
M-10 22.03 43.06 152.44 0306.9

-
Table 4.6 Speech temporal parameters for male voice with a 10 DIS fill-in



.'
~

Subjects Speech activity Average spurt time Average pause time Talkspurt rate

(%) (ms) (ms) (per min. )

,
"';.

;,~..

F-1 22.39 24.93 86.44 538.7

F-2 39.61 27.58 42.06 861. 7

F-3 33.34 21. 72 43.43 921.1

F-4 27.15 26.90 72.20 605.7
". F-5 19.11 23.89 101.16 480.1w

F-6 13.43 21. 54 138.92 373.9

F-7 22.61 23.48 80.40 577.5

F-8 15.85 14.87 78.96 639.8

F-9 11.95 17.14 126.43 418.2

F-10 16.51 26.16 132.28 378.7

",

Table 4.7 SPeech temI>Qralplrametera for female voice with a 10 DIS fill-in

~',.



~,

Speech parameters Maximtnn Minimtnn Average of 10 speakers'

. >

Speech acti vi ty 37;29% 10.81% 22.02%

Average spurt time 86.93 IDS 11.66 IDS 35.85 IDS

Average pause time 302.01 IDS 48.15 IDS 126.99 IDS

Talkspurt rate 803.9 per min. 154.6 per min. 368.54 per min.

Table 4.8 Maxi.munand minimun limits for speech temporal parameters

for male voice with a 10 DISfill-in

01 Speech parameters MaximUm Minimum ,Average of 10 speakers
•••

Speech activity 39.61% 11. 95% 22.19%

Average spurt time 27.58 IDS 14.87 IDS 22.98 IDS

Average pause time 138.92 IDS 42.06 IDS 80.58 IDS

Talkspurt rate 921. 1 per min. 373.9 per min. 579.54 per min.

Table 4.9 MaxillD..lDand mini.Dit.nlimits for speech temporal parameters

for female voice with a 10 DISfHJ-i!!



Speech activity.

Average spurt time

Average pause time

Talkspurt rate

22.11%

27.98 ms

98.63 DIS

474.04 per min.

",'"
Table 4.10 Overall on-off speeg. sta.tistics (male and female canbinedl

with a 10 DIS fill-if!
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Subjects

-

Speech acti vi ty Average spurt time Average pause time Talkspurt rate

..~~.

(%) (ma.) (mal (per min. I

M-l 21.40 21.66 79.54 592.9
M-2 47.72 .45.77 50.15 625.5
M-3 48.91 36.51 38.15 803.9
M-4 30.46 56.84 129.76 321.6
M-5 24.32 80.02 249.46 182.4

01 M-6 24.21 58.84 184.23 246.8<0

M-7 24.96 96.91 292.01 154.6
M-8 18.10 45.91 207.70 236.6
M-9 14.38 40.27 239.78 214.2
M-10 27.14 53.06 142.44 306.9

Table 4.11 Speech temporal parameters for male voice with a 10 IDS hangover



.~

Subjects Speech activity Average spurt time Average pause time Talkspurt rate

(%) (IDS) (IDS) (per min.)
•.~

F-1 31. 36 34.93 76.44 538.7

F-2 53.97 37.58 32.06 861. 7
~ F-3 48.69 31.72 33.43 921. 1

F-4 37.24 36.89 62.20 605.7
a>
0 F-5 27.11 33 :90 91. 23 479.8

F-6 19:66 31. 54 128.92 373.9

F~7 32.23 33.48 70.40 577.5

F-8 26.51 24.86 . 68.96 639.8

F-9 18.91 27.13 116.43 418.2

F-10 22.82 36.16 122.28 378.7

Table 4.12 Speech temporal parameters for female voice with a 10 DIS hangover



Speech parameters Maximum Minimtnn Average of 10 speakers

. , Speech activity 47.72% 14.38% 28.16% ' .
•

Average spurt time 96.91 ms 21.66 IDS 45.85 IDS

Average pause time 292.01 IDS 38.15ms 116.99 IDS
'.

Talkspurt rate 803.9 per min. 154,6 per min. 368.54 per min.

Table 4.13 Maximumand minimumlimits for ~!l temporal parameters

for male voice with a 10 DIS~OV~!':

"

en Speech parameters Maximum Minimum ' Average of 10 speakers....

.Speech activity 53.97% 18.91% 31.85%

Average spurt time 37.58 IDS 24.86 IDS 32.98 ms

Average pause time 128.92 ms 32.06 IDS 70.59 IDS

Talkspurt rate 921.1 per min. 373.9 per min. 579.51 per min.

Table 4.14 Maximumand minimumlimits for s~ temporal parameters

for f~le voice w!th~HLDIS ~QYer

"

•
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'"

Speech activity

Average spurt time

Average pause time

Talkspurt rate

?S'02:?

30.00%
37.98 IDS

88.63 IllS

474.02 per min.

"

Tnbl~1!J~ Overall "!!::QfL.!!~_-"t.ati~!-iqs_!mal~ and female COOlbinedl

with a 10 DIS ~Qver
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4.6 The effect of fill-in and hangover on

dif-ferent speech temporal parameters

To stl}dy the effect of fill-in on different speech temporal parameters

the fill-in times of 10; 15, 20, 25, 30, 40, 50, 60, 80, 100, 150 and 200 ms

are applied on the original data of every subject. For a particular fill-in

time, the average values of speech temporal parameters are calculated using

the data of 10,males and 10 females combinedas a whole. The effect of fill-in

on different speech temporal parameters are shownin table 4.16. The same is

showngraphically in figures 4.20, 4.21, 4.22 and 4.23.

In a similar marmerthe effect of hangover time on different speech

tempooral parameters are calculated. The results are shownin table 4.17 and

in figures 4.20, 4.21, 4.22 and 4.23.

In the next chapter somestatistical models are developed ,which repre-

sent the on-off characteristics of conversational BangIa speech over telephone

channel.
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Fill-in time

:SPeech

:parameters 00 ms: 10 ms: 15 ms: 20 ms: 25 ms: 30 ms: 40 ms: 50 ms: 60 ms: 80 ms: 100 ms: 150 ms: 200 ~

----' ----- ----- -----

:Speech activity

(%)

16.40: 22.11: 26.39: 27.76: 29.41: 30.25: 32.92: 34.48: 37.08: 40.01: 42;92

-----

48.01 50.95,

en
-1

:Average spurt

:time (ms)

:Average pause

:time (ms),

09.59: 27.98: 52.29: 63.61: 79.45: 88.42:122.92:147.05:196.99:271.31:370.16 :643.62 :884.7E

----- ----- ------- ------ ----- ----_._---- ------,-----_._---
48.86: 98.63:145.93:165.67:190.84:204.03:250.65:279.70:334.98:407.90:494.02 :700.77 :858.0~

,,
,

-------------, ------, -----,. ----_. ----_. ----_. ----_.----_.-----' -----
:Talkspurt rate :1026.50:474.04:302.80:261.78:222.10:205.29:160.71:140.70:112.92: 88.48: 69.56 44.75 34.5f
: (per min. )

Table 4.16

" ,

Variation of overall speech tem~ral parameters with fill-in time



Hangover time
:Speech
:parameters 00 ma 10 ma: 15 ma: 20 ma: 25 ma: 30 DIS: 40 rna: 50 ma: 60 ms: 80 ma: 100 rna: 150 ma: 200 ma:

,r:.'f-

:Speech acti vi ty
(%)

16.40: 30.00: 33.95: 36.48: 38.66: 40.51: 43.63: 46.20: 48.35: 51.77: 54.47 59.14 62.39

0>ex> :Average spurt
:time (ma)

:Average pause
:time (ma)

:Talkspurt rate
(per min.)

09.59: 37.98: 67.28: 83.60:104.43:118.40:162.88:196.99:256.87:351.09:469.82
I,

----- ----_. .----_. ---_ ..---_ ..------
48.86: 88.63:130.93:144.54:165.84:174.03:210.65:229.70:274.98:327.90:394.02..,

:1026.50:474.02:302.80:261.78:222.10:205.26:160.71:140.70:112.92: 88.48: 69.56:

792.83:1083.26:

550.77: 658.02:

44.75: 34.55:

Table 4.17 Variation of overall speech temporaLparameters wi th hangover time
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Chapter Q

Statistical modeling of on-off characteristics of conversational Barl/da speech

5.1 Introduction

We have already calculated the overall cumulative distribution functions
of spurts and pauses and different speech temporal parameters of conversa-
tional BangIa speech from the experimental data. In this chapter an attempt
has been made to express the on-off characteristics in termS of their mathe-
matical models. This would enable one to calculate the required character1s-
tics of conversational BangIa speech from the suggested mathematical models.

5.2 'l11echoice of the model

Different approximate methods for linear and non-linear curve-fittir,g
are used in various fields of applied science. The visual inspectio~ of the
curves of figures 4.12, .4.13, 4.18, 4.19, 4.20, 4.21, 4.22 and 4.23 shown in
chapter 4 representing the characteristics of conversational BangIa speech
reveals the fact that they are all non.-linear in nature. The generally used

non-linear functions are:
- a power function of the form

f= b, tb

_ an exponential function of the form

f= c, .exp(c2t)
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- 'a polynomial of the fonn

f= 8<J + a. t.. a. to + •••

.where,

• •• +. a." tm (5.3)

f is a ftmction of t and b., bz, c., c., 8<J, a., a., •.. •.. a..

etc. are the arbi trary constants and m is -the degree of the polynomial.

The method of least squares is widely used to fit a set of data to the

aforementioned non-linear curves. Our experimental data fits a polynomial the

best. A generalized computer program named 'CFIT.FOR' (AppendixD) is prepared

in FORTRAN-77for fitting a polynomial by the method of least squares. This

program can fit a polynomial of upto ninth degree which serves our purpose.

5.2.1 Mathematical models of the overall cumulative distribution

functions of talkspurts and pauses

The nature of the curves shown in figures 4.12, 4.13, 4.18, and 4.19 of

chapter 4 representing the overall cumulative distribution ftmctions of

talkspurts and pauses appears to us at the first inspection, to be exponential

in nature. Therefore, an attempt has been made to fit the experimental data to

the el'qxmential function represented by equation (5.2) .But the fit is not up

to the expectation. In view of achieving a better fit next attempt has been

made to fit the data to the power function represented by equation (5.1). This

time again the result does not show any marked improvement. Finally, the ex-

perimental data is fitted to a polynomial function represented by equation

(5.3) and it appears to be the best fit. Therefore, the polynomial functions
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are chosen to represent the overall cumulative distribution functions of

talkspurts and pauses.

It should be mentioned here that the method of trial and error is used
to choose the degree of the polynomial that gives the best fit. I~ is noted
that higher the degree of the polynomial, the better is the result. But a
serious drawback of using a higher order polynomial is that it shows oscilla-
tions of the data at higher values of time [Table 5.1) and it shows some CDF
values greater than 100% which is practically impossible.. This is because
most nf the spurts and pauses have lower .durations and their change in number
is also high at the lower values of time. On the otherhand. spurts and pauses
having longer durations are less and at the higher values of time the change
in number is not significant. It then appears that the curve representing the
CDF. of spurts or pauses has two distinct regions: one at the lower values of
time showing higher rate of change and the other at the higher values of time

showing a negligible rate of change.

This means a single curve may not fit such a set of data. In order to
ignore the oscillations.and at the same time to achieve a better fit, a two-
segment fit is suggested: one for the lower values of time and the other for

the higher values.
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Table 5.1 Overall CDF of spurts with a 10 DIS fill-in

Time in IDS

5
10
15
20
25
30
35
40
45
50
55
60
65
70
75
80
85
90
95

100
200
400
800

.1600
3200

ActiJal CDF values (%).

55.71
59.87
66.04
70.25
75.19
77.60 .
79.90
81.66
83.99
85.33
86.53
87.67
88.94
89.85
90.76
91. 55
92.37
92.91
93.46
93.90
98.38
99.71
99.97

100.00
100.00

CDF values from the model (%)

70.63
71.96
73.27
74.54
75.80

.77.03
78.23
79;41
80.56
81,70
82.80
83.89
84.95
85.99
87.00
87.99
88.96
89.91
90.84
91. 74
105.61
114.20
93.66
100.76
99.97

The fitted polynomial flIDction is given by

fsf= 69.2828 + .273614 t - .520541 X 10-' t • + .315404 X 10-6 t •

_ .557871 X 10-10 t • (5.4)

Where,
fsf= Overall CDF of spurts in % and
t= time in IDS.
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The results thus obtained show a marked improvement over the single'

curve and there is basically no difference between the fitted data and the

experimental data ..

The mathematical.models for overall CDFsof spurts and pauses with a

10 IDS fill-in time are represented by equations (5.5) and (5.6) respectively

and those with a 10 IDS hangover time are represented by equations (5.7) and

(5.8) respectively. They are also showngraphically in figures 5.1, 5.2, 5.3

and 5.4. The plots of the experimental data are shown on the same graphs for

comparision ..

The mathematical models for CDFsof spurts and pauses are

below.

CDFof spurt..s with a 10 IDS fill-in (fsf)

fsf=47.7949 + 1.54331 t - .0238543 t 2

+ .190553 X 10-' t' - .601838 X 10-6 t •

for 5ms~ t? 95 IDS;

preserited

... 15.5a)

fsf= 84.8524 + .119232 t - .319281 X 10-' t 2

+ .327984 X 10-6 t' - .107068 X 10-9 t' •.. t5.5b)

for 100 IDS ,< t ~ 1600 IDS;

Where,

fsf represents the CDFof spurts in pe=ent with a 10 IDS fill-in and

t represents the duration of spurts in IDS.

The equations are valid for the mentioned limits of time. The CDFvalue for
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t=O is zero and experimental data show that for values of t > 1600 ms the CDF
value is always 100%.

CDF of pauses with a 10 ms fill-in (fQfl

fpf= -2.35929 + 3.32683 t - .0568448 t 2

. '.+ .478436 X 10-' t ' - .155047 X 10-5 t •

for 15 ms f t ~ 95 ms;
••• 15.6a)

fpf= 79.4815 + .077823 t - .109823 X 10-' t 2

+ .586701 X 10-7 t' - .979127 X 10-11 t' .~.(5.6b)
for 100 ms ~ t ~ 3200 ms;

where,>

fpf represents the CDF of pauses in percent with a 10 ms fill-in and
.t represents the duration of pauses in ms.

The equations are valid for the mentioned limits of time. The CDF value.for
t ~ 10 ms is zero and experimental data show that for values of t > 3200 ms
the CDF value is always 100%.
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CDF of spurts with a 10 DIS ~over. (fsh1

fsh= 30.3863 + 2.016 t - .027711 t 2

+ .184322 X 10-3 t 3 - .461347 X 10-6 t • •••(5.7a)
for 15 rna ~ t ~ 95 DIS;

fsh= 82.2474 + .140653 t - .37885 X 10-3 t 2

+.388832 X 10-6 t 3 - .127039 X 10-9 t. .•.(5.7b)
for 100 DIS.~ t ~ 1600 me;

Where,
fsh represents the CDF of spurts in percent .with a 10 me hangover and
t represents the duration of spurts in rna.

The equations are valid for the mentioned limits of time. The CDF value for
t ~ 10 rna is zero and experimental data show that for values of t > 1600 me
the CDF value is always 100%.
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CDF of pmses with a 10 IDS hangover (fph)

fph= 25.9017 + 2.28631 t - .0414111 t 2

+ .381296 X 10-3 t 3 - .135216 X 10-5 t 4 ••• (5.8al
,for 5 IDS ,< t ~ 95 IDS;

fph= 85.3405 + .0328155 t - .247857 X 10-4 t 2

+ .683572 X 10-8 t 3 - .579413 X 10-12 t 4 ••• (5.8b)
for 100 IDS ~ t , 6400 IDS;

Where,
fph represents the CDF of pauses in percent with a 10 IDS hangover and

t represents the duration of pauses in ms.
The equations are valid for the mentioned limits of time. The CDF value for
t=O is zero and experimental data show that for values of t > 6400 ms the CDF

value is always 100%.
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5.2.2 Mathematical models of the speech temporal parsmeters

as a function of fill-in or hangover time•"
The curves of figures 4.20, "4.21, 4.22 and 4.23 as shownin chapter 4

parameters have"also given the best to the polynomial functions. The methodof

trial and error has been followed to choose the degree of the polynomial to

achieve the best fi t. Unlike the CDFs, each speech temporal parameter ~s

fi tted by a single polynomial. The mathematical models for speech acti vi ty,

representing the different speech temporal parameters of conversational BangIa

speech are also non-linear in"nature. The experimental data for these speech

average spurt time, average pause time and talkspurt rate as a function of

fill-in time are given"by the equations (5.9), (5.10), (5.11) and (5.12)
respectively and the same for those as a function of hangover time are given

by the equations (5.13), (5.14), (5.15) and (5.12) respectively. The variation

of talkspurt rate with fill-in time and with hangover time are exactly the

same and it is represented by equation (5.12). They are also showngraphicall~'

in figures 5.5, 5.6, 5.7 and 5.8 respectively. The effect of fill-in and hang-

over on speech parameters are shownon the same graph.

The mathematical models for differe~t speech temporal parameters as a

functibn of fill-in or hangover time are presented below. All the equations

are valid for a practical range of fill-in or hangover time of about 250 IDS.

Speech activity as a function of fill-in time

saf= 16.9951 + .633731 t - .721589 X 10-' t •

+ .434876 X 10-4 t 3 - .950729 X 10-' t 4
.•• (5.9)
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where,

saf= speech activity in 'percent and

t= fill-in time in ms.

Averagespurt time as a function of fill-in time

astf= 8.3204 + 2.64665 t - .129431 X 10-2 t 2

+ .16775 X 10-' t ' - .589486 X 10-6 t •

where,

astf= average spurt time in IDS and

t= fill-in time in ms.

Averagepo1lLQetime as a function of fill-in time

aptf= 49.8959 + .0631451 t - .Q445028 t 2

+ .340812 X,1o-' t ' - .875931 X 10-6 t •

where,

aptf= average pause time in msand

t= fill-in time in,ms.
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I
Talkspurt rate as a function of fill-in or hangover time

trfh= 1028.41 - 88.7137 t + 3.99793 t 2 - .0971569 t '

+ .132159X 10-2 t 4 - .100021X 10-4 t 5

+ .390263X 10-7 t 6 - .607389 X 10-10 t 7 ••• (5.12)

. where,

trfh= ta1kspurt rate per minute and

. t= fill-in time or hangover time in filS.

Speech activity as a function of hangover time

Bah=18.5003 + 1.12248 t - .0150264 t 2

+.925183 X 10-4 t ' - .19989 X 10-6 t 4

where,
sah= speech activity in percent and

t= hangover time in IDS.

Average spurt time as a function of hangover time

asth= 8.31545 + 3.64755 t - .134686X 10-2 t 2

+ .167895X 10-' t ' - .589938X 10-6 t 4
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where,

asth=' average spurt time in IDS and

t= hangover time in IRS.

Average pause time as a flIDCtion of hangover time

apth= 49.8294 + 5.30215 t - .0441341 t 2

+.33777 X 10-3 t 3 - .868342 X '10-6 t •

where,

apth= average pause time in IDS and

t= hangover time in IDS.

••• (5.15)

Thus we have developed' the mathematical'models for different on-off

characteristics of conversational Bangla speech and one can noweasily calcu-

late the required characteristic values for conversational Bangla speech using

the mathema,tical models represented by the equations (5.5) to (5.15).

The next chapter deals with the experimental results and discussions of

our analysis.
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Chapter ~

~rimenta1 results and discussions

6.1 Introduction

In previous chapters the on-off patterns of Bangia speech are analysed

using generated data-base. The speech temporal parameters are characterised

and cumulative distribution functions are plotted with or without hangover or

fill-in.
The present chapter elaborates the results and discusses the analysis

that has so far been carried out.

6.2 .On-off characteristics of conversational Bangia speech

without fill-in or hangover

.Asalready stated in chapter 4, the on-off characteristics calculated

from the original data do not represent the true values of conversational

Bangia speech. They are calculated just to see the limitations of the speech

detector by noting the extent of deviation .of speech parameter values from the

true ones.
From table 4.3 it is seen that the speech activity varies from 8.63%to

26.59%for male voice. The average speech acti vi ty calculated from the data of

10 male speakers combinedas a whole is 16.63%. The. same table shows that

average spurt time varies from 5.92 IDS to 22.01 ms and the average spurt .time

for 10 male speakers is 11.21 ms. Average pause time varies from 24.90 IDS to

125.27 IDS and for 10 male speakers as a whole it is 56.21 IDS. The talkspurt

rate varies from 439.5 per minute to 1796per minute and the average talkspurt
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rate is 389.92 per minute.

On the otherhand, from table 4.4 it is seen that the speech activity for

-female voice varies from 9.08%to 25.90%. The average speech activity calcu-

lated from the data of 10 female speakers combined as a ..mole is 16.18%. The

average spurt time varies from 6.73 ms to 10.96 ms and the average spurt time

for 10 female speakers is 8.34 ms. The average pause time varies from 19.27 ms

to 78.48 ms and for 10 female speakers as a whole it is 43.25 ms. The

talkspurt rate varies from 695. 1 per minute to 2307.3 per minute and the

average talk spurt rate is 1163.09 per minute.

Comparision of the speech temporal parameter values for male speakers

with those for female speakers show that speech activities for male and female

speakers are nearly equal. . The average talkspurt rate of female speakers is

muchhigher than that of male speakers. The average spurt time and the average

pause time for female speru{ers are less than those for male speakers.

The CDF of spurts as a function of duration of time for male voice is

shown in figure 4.2 and that for female voice is shown in figure 4.3. The ob-

servation bf the curves show that upto 100 ms the CDFval use of spurts for

female voice are greater than those for male voice and above 200 ms the result

is reversed. The cDFs of pauses as a function of duration of time for male and

female voices are shown in figures 4.4 and 4.5 respectively. It is seen from

these' curves that upto 200 ms the CDFvalues for female voice are less than

those for .male VOlceand above 200 ms the result is reversed.

The overall speech temporal parameters taking the data of male and

female speakers into account is shown in table .4.5. The overall speech ac-

tivity is 16.40%, the average spurt time is 9.59 ms, the average pause time is

48.86 ms and the talkspurt rate is 1026.50 per minute.

The overall CDFof spurts is shown in figure 4.6 and that of pauses is

shown in figure 4.7. Both the curves have non-zero initial values and after
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increasing gradually both.of them becomesaturated.

6. 3 On-off characteristics of conversational BangIa speech

with a 10 rna fill-in

Speech temporal parameters calculated from the data after applying a 10

ms fill-in represent the true on-off characteristics of conversational BangIa

speech. The intersyllabic gaps are no longer present in the data. 'f!1eyare

considered here as part of the continuous speech segment. Table 4.8 lists the

speech temporal parameters for male voice. It is seen from the table that the

speech activity varies from 10.81% to 37.29% for male voice and the average

speech activity is 22.02%. The average spurt time varies from 11.66 ms to

86.93 IllS and the average spurt time for 10 male speakers is 35.85 ms. The

avera~e pause time varies from 48.15 ms to 302.01 ~s and the average of 10
male speakers is 126.99 ms. The talkspurt rate varies from 154.6' per minute to

803.9 per minute and the average talkspurt rate is 368.54 per minute. ,',

On the otherhand. table 4.9 shows that for female voice the speech ac'~

tivity varies from 11.95% to 39.61% and the average speech activity is 22.19%.
The average spurt time varies from 14.87 ms to 27.58 rna and the average spurt

time for 10 female speakers is 22.98 ms. The avaerage pause time varies from

42.06 ins to 138.92 ms and the, overall value is 80.58 ms. The talkspurt rate

varies from 373.9 pe~ minute to 921.1 per minute and the average talkspurt

rate is 579.54 per minute.

Comparision of the speech temporal parameter values for male speakers

with those for female speakers show that speech activities for male and female

speakers are nearly equal. The average talkspurt rate for female speakers is

higher than that for male speakers. The average spurt time and the averag~

pause time for female speakers are less than those for male speakers. All the
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aforementioned data ,showthat on an average, female speakers talk more than

male speakers in a given time.

The CDF of spurts as a function of duration of time for male voice is

shownin figure 4.8. 'and for female voice is shownin figure 4.9. It is seen

from the curves that female speakers have a higher initial CDFvalue and upto

200 ms the CDFvalues of spurts for female speakers is greater than those of

male speakers. The result is reversed above 200 IDS. It indicates that shorter

spurts are higher in number for female speakers. The CDFsof pauses as a func-

tion of duration of time for male and female spealrers are shown in figures

4.10 and 4.11 respec~ively. It is seen from the curves that upto 30 IDS the CDF

values of pauses for female, speakers are less than thos'e for male spekers and

above 30 ms the result is reversed. It indicates that the number of pauses

having durations of 30 ms and less are relatively higher in male spekers than,

In female speakers.

The overall CDFof spurts is shown in figure 4.12 and that of pauses IS

shown In Figure 4.13. The overall CDFof spurts shows higher values at t.he

very beginning indicating the presence of higher numberof shorter spurts. The

curVe shows that about 55.71%of the spurts have a 5 ms duration and most of

the ~purts have the durations of less then 200,ms. On the otherhand, at higher

values of, time the curve becomessaturated. It indicates that the spurts of

longer durations are less in number. Similar is the case with the pause

distribution. But the curve for pause distribution is shifted to the right in-

dicating the absence of pauses having durations less than or equal to 10 IDS.

The curve has a zero initial value and the rate of rise is slower than that of

spurt distribution indicating nearly an uniform distribution of pauses.

However, the overall speech temporal parameters listed in table 4. 10

shows that average speech activity with a 10 IDS fill-in is 22.11%. The average

spurt time is 27.98 IDS, the average pause time is 98.63 IDS and the average

talkspurt rate is 474.'04 per minute. It is already stated that these represent
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the true speech temporal parameters for conversational BangIa speech over

telephone channel.

wben the speech temporal parameters without fill-in are compared to

those with a 10 ms fill-in, it becomes evident that speech activity has in-

creased from 16.40%to 22.11%. The increase in speech activity is the result

of increased spurt time due to fill-in. The increase in speech activity by

5.71% maybe considered equal to the percent of time comprising the intersyl-

labic gaps. The average spurt time has increased from 9.59 ms ,to 27.98 ms.

This is because with fill-in the total number of spurts are decreased and at

the same time the lengths of the spurts are increased. The average pause time

has also increased from 48.86 ms to 98.63 ms. The reason is that, with fill-

in, the number of pauses is decreased imd the pauses less than or equal to the

fill-in time are vanished leaving the longer pauses only. The tall{spurt rate

is sharply decreased from 1026.5 per minute to 474.04 per minute because of a

decreased number of spurts.

6. 4 On--off characteristics of conversational BangIa speech

with a 10 IDS hangover

The conventional detectors have no other way but to employ a slow

release or delay to bridge the small intersyllabic gaps. Therefore, the on-off

characteristics that are calculated from the data modified by a 10 ms hangover

time corresponda to those obtainable from a conventional detector ,having the

same hangover time of 10 IDS.

Table 4.13 lists the speech temporal parameters with a 10 IDS hangover

for male voice. It is seen from the table that the speech activity varies from

14.38% to 47.72%for male voice •. The average speech activity is 28.16%. The,

average spurt time varies from 21.66 DIS to 96.91 IDS and the average spurt time
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for all the 10 male speakers is 45.85 DIS. The average pause time varies from

38.15 DIS to 292.01 DIS and the average for 10 male speakers is 116.99 ms. The

talkspurt rate varies from 154.6 per minute to 803.9 per minute and the

average talkspurt rate is 368.54 per minute.

On the otherhand, table 4.14 shows that the speech activity for female

speakers varies from 18.91%to 53.97% and the average speech activity is

31.85%. The average spurt time varies from 24.86 DIS to 37.58 DIS and the

average spurt time for 10 female speakers is 32.98 ms. The average pause time

varies from 32.06 rna to 128.92 rna and the average of 10 female speakers is

70.59 ms. The talkspurt rate varies from 373.9 per minute. to 921.1 per minute

and the average talkspurt rate is 579.51 per minute.

Comparision of the speech temporal parameter values for male speakers

with those for female speakers show that speech activity for female speakers

is higher in this case than that for male speakers. This has already been

noted that numberof talkspurts or pauses in a female voice are higher than

those in a male voice.' Andwhenh,mgover or delay is 'applied to bridJle the in-

tersy llabic gaps, the beginning of all the other gaps greater than hangover

time are also filled in by the delay time. This results in an increased spurt

time. As the number of pauses are higher in female voice than that in male

voice, the delay contributes a higher summationof spurt durations in female

speech and hence the increased speech acti vi ty. The average spurt time and the

average pause time for female speakers are less than those for male speakers.

The talkspurt rate for female speakers is higher than that for male speakers.

The CDFof spurts as a function of duration of time with a 10 ms hang-

over for male voice is shown in figure 4.14 and for female voice is shown in

figure 4.15. It is seen that upto 200 rna the CDFvalues for female voice are

greater than those for male voice and above 200 rna the result is reversed. The

CDFof pauses as a function of duration of time with a 10 ms hangover time for

male voice is shown in figure 4.16 and that for female voice is shown in
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figure 4.17. It is seen from the curves that upto 20 ms the CDFvalues of

pauses for female voice are less than those for male voice and above 20 IDS the

resul t is reversed.

The overall CDFof spurts with a 10 IDS hangover is shown in figure 4.18

and that of pauses is shown in figure 4.19. The curve for CDFof spurts has

been shifted to the right showing absence of spurts that are less than or

equal to 1'0 IDS and the curve for CDFof pauses has been shifted to the left

showing 36.13%presence of pauses having 5 IDS duration.

However, the overall speech temporal parameters with a 10 IDS hangover

are listed in table 4.15. The overall speech acti vi ty is 30%, the average

spurt time is 37.98 IDS, the average pause time is 98.63 IDS and the talkspurt

rate is 474.02 per minute.

Comparision of the speech temporal parameters with a 10 IDS fill-in with

those with a 10 ms hangover shows that speech activity has increased frrnn

22.11%to 30%.' The increase is due to the effect of delay. The applied delay

fills in the inter-syllabic gaps as well as the beginning of every gap which

are greater than hangover or delay time. Therefore, it is noted that in a con-

ventional detector, to fill in the intersyllabic gap of 5.71%an.additional

7.89% ( i.e. (30-22.11)% ) of the time is lost due to the applied hangover.

The average spurt time has increased frrnn 27.98 IDS to 37.98 IDS due to

the lncrease in spurt duration and decrease in the number of spurts. But the

average pause time 'has reduced frrnn 98.63 IDS to 88.63 IDS. It is because with

hangover, the number of pause as well as the duration of pauses are reduced.
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6.5 Variation of speech temporal parameters
with fill-in or hangover

Table 4.16 shows the variation of different speech temporal parameters
with fili-in time and table 4.17 shows the variation of the same with hang-

over time.
Figure 4.20 shows the variation of speech activity with fill~in or hang-

over time. It is noted that speech activity increases with increase in hang-'
over or fill-in time. The curve with hangover lies above the one with fill-in.
The speech activity varies from 16.40% with zero fill-in or hangover to
50.95% with a 200 IDS fill-in and to 62.39% with a 200 IDS hangover.

Figure 4.21 shows the variation of average spurt time as a function of.
fill-in or hangover time. It is seen from the curves that the, average spurt
time increases with increase In fill-in or hangover time. But the curve with
hangover lies above the one with ,fill-in. The average spurt time varies from
9.59 ms with zero fill-in or'hangover to 884.75 IDS with a 200 IDS fill-in and

to 1083.26 IDS with a 200 IDS hangover.
Figure 4.22 shows the variation of average pause time as a function of

fill-in or hangover time. It is ,seen from the curves that the,average pause
time increases with fill-in or hangover time. But the curve with hangover lies
below the one with fill-in. The average pause time varies from 48.86 IDS with
zero fill-in or hangover to 858.02 IDS with a 200 IDS fill-in and to 658.02 IDS

with a 200 IDS hangover.
Figure 4.23 shows the variation of talkspurt rate with fill-in or

hangover. The curve shows that the talkspurt rate decreases with increase in
fill-in or hangover time. However, it is noted that the variation with fill-in
and that with hangover are the same. The talkspurt rate varies from 1026.50
per minute with zero fill-in or hangover to 34.55 per minute with a 200 IDS

fill-in or hangover.
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. 6.6 Comparision of the measured and fitted characteristics

of conversational Bangia speech

The CDFof spurts and pauses with a 10 IDS fill-in have been modeled

in equations (5.5) and (5.6) respectively and those with a 10 IDS hangover have

been modeled in equations (5.7) and (5.8) respectively. To achieve a better

segments. The calculated CDPvalues of talkspurts and pauses from their models

accuracy, we have fitted each of them to the 4, b order polynomials in two,

agree well with the measured data.

The speech temporal parameters with a 10 IDS fill-in and a 10 IDS hangover

are also modeled in equations (5.9) to (5.15). Each of the speech parameters

shows better fit to polynomials of the 4. b order except the talkspurt rate. It

has been fitted to a 7. b order polynomial and has been represented b~' equa-

tion (5.12). The meaSured values of speech temporal par::1Jnetershave been com-

pared to those calculated from the models and also shown to be in good agree-

ment for a practical range of hangover and fill-in time.

Therefore. one can use the suggested mathematical models to find out the

required on-off characteristics of conversational Bangla speech. without any

appreciable error.

6.7 Comparision of speech temporal parameters

of Bangla and English

The on-off characteristics of English speech [2] are shown in graphs and

tables in Appendix E. The comparision is given in tabular forms in this

chapter.
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TabLe 6. 1 _~JJPC<'Qh-I!'!.r:!'!'X'l:"'S~_Ios Bly.Jgl'L!I!1'Lf!!g.li .••h
wi th zero fj!!:-_~!-o.Lh",ll'N'I"'-!:

Speech temporaL

parameters

Speech activity

Average spurt time

Average pause time

TaLkspurt rate

BangLa speech .

16.40%

9.59 IDS

48.86 IDS

1026.50 per min.

English speech

27.50%

250.00 ms

600.00 ms

72.00 per min.

•

Table 6.1 Lists the various speech temporaL parameters for BangIa and

English speech Hith zero filL-in or hangover time. It.is seen from the table

that speech activity for BangLa speech. is lower than that for English speech.

The average spurt and pause time are much lower and the talkspurt rate is much

hi~her.

D!t,Le 6. 2 _~h_f,,!..r:tllllete.r!! f(llC~~l!!.-'¥'dEngU"-1I

with a 10 DIS fill-in

--~----------------_.-_._ .. _._----------_. __ .._-----------------

Speech temporal

parameters

Speech activity

Average spurt time

Average pause time

TalllSpurt ra te

BangIa speech

22.11%

27.98 IDS

98.63 IDS

474.04 per min.

English speech

27.70%

260.00 IDS

630.00 IDS

65.00 per min.

--~--------_._-----------_. __ ._----------------------
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.Table 6.2 lists the speech temporal parameters with a 10 ms fill-in. As
already stat,,'Clin section 4.5 ..2, t.hesevalues represent the true parameter
values of conversational BangIa speech. The speech activity for BangIa speech
has been found to be 22.11%, whereas that for English speech is 27.70%. The
average spurt and pause time for BangIa speech are lower and the talkspurt
rate is higher.

Table 6.3 ~ters for BangIa and English
with a 10 ms h~over

Speech temporal
parameters

Speech activity
Average spurt time
Average pause time
Talkspurt rate

BangIa speech

30.00%
37.98 ms

88.63 ms
474.02 per'min.

English speech

28.50%
280.00 ms

630.00 ms
65.00 per min.

Table 6.3 shows the speech parameters with a 10 ms hangover time. These
correspond to the values obtainable from a detector employing a delay of 10

ms. The result shows a higher speech activity, a lower average spurt time, a
lower average pause time oolda higher talkspurt rate of BangIa speech compared
to English speech. The main reason for higher speech activity with hangover is
the higher talkspurt rate of Bal~la speech. With hangover, the initial.portion
of every pause greater th001 the h001gover time is filled in by the hangover
time. As BangIa speech has a higher talkspuit rate, it contains higher number
of pauses .compared to English speech. Therefore, the total spurt time of
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Be~gla speech 1S increased by the amount of time equal to the hangover time
multiplied by the difference in number of pauses ,and hence an increased speech
activity.

Tabl~ !1-d ~~h pur-an",J:.<ers_for~lB and ~1ish
with a 200 ms fill-in

Speech temporal
parameters

Speech activity
Average spurt time
Average pause time
Talkspurt rate

BangIa speech

50.95%
884.75 ms

858.02 ms

34.55 per min.

English speech

31. 50%
'1110.00 rna
2400.00 ms

16.67 per min.

Table 6.4 lists the speech panuneter values with a 200 rnafill-in time.
At this stage 'the intersyllabic gaps and most of the inter word gaps are
filled in. The speech activity for Bm~la speech is seen to have a value of
50.95%, a considerable increase. But the speech activity for F~lish speech
has increased to only 31.50%. This indicates that most of the pauses in
English speech are greater than 200 ms. The average spurt time for BangIa
speech approaches to that for English speech, but the average pause time still
lags far behind. The talkspurt rate is nearly twice the tall{spurt rate of
English speech.
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Table 6.5 _~'L~rnmelers for Bru~ and fulglish
.with a 200 IllS hangover

Speech temporal
parameters

Speech activity
Average spurt time
Average pause time
Talkspurt rate

BangIa speech

62.39%
1083.26 IDS

658.02 ms
34.55 per min.

English speech

37.00%
1300.00 IDS

2220.00 ms
16.67 per min.

Table 6.5 lists the speech parameters with a 200 IDS hangover time. Con-
ventional TASI detectors usually employ a hangover or delay of about 200 IDS.

The results show that the speech activity of BangIa speech is mueh higher than
that of English speech. The average spurt time is nearly equal to the average
spurt time of English speech but the average pause time lags far behind. The
talkspurt rate is nearly twice the talkspurt rate of English speech. Though
the true speech activity for BangIa speech is not greater than 30%, it shows
such a high speech activity of 62.39% for the reasons alre~v explained in the
discussions under table 6.3.
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Chapter 1

Conclusions and suggestions for further work

7.1 Conclusions

• '" "
•

Speech interpolation technique is used in present day communication to
ensure maximum utilization of the available communication channels. The
measurement and modeling. of on-off speech characteristics are essential for
the design and performance analysis of speech interpolation systems. In this
study the on-off characteristics of conversational BangIa speech over
telephone channels are measured using a large group of data-base. Some mathe-.

matical models are also suggested for them,
Neasurement and calculations of di{ferent on-off speech statistics from

the suggested mathematical models have beeh compared. The calculated values of
speech temporal"parrnneters of BangIa have also" been compared to those of

English.
The main results of "the study are summarized as follows.

The speech temporal parameter values calculated from the speech detector
output without fill-in or hangover can not be used as the true speech
parameter values. Because the deviation is much higher from the true values.

Though the average speech activity for male and female speakers with
fill-in are nearly the same, the talkspurt rate for female speakers is much

higher.
The average spurt time and the average p>use time for female speakers

are less than those for male speakers.
With hangover the speech activity for female speakers is higher than

""that for male speakers.
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10 ms

data.

The models for CDFsof talkspw.-ts' and pauses with a 10 ms fill-in and a

hangover are good approximations as they agree well with the measured

Directly measured values of speech temporal parameters and those com-

puted from the fitted mathematical models have been compared and shown to.be

in good agreement for a practical ral~e of hangover and fill-in time.

A=ording to our resul ts , the talkspurt rate decreases from 1026.50 per

minute with' zero hangover time to 34.55 per minute with a 200 ms hangover

time, while the speech activit~- with time increases considerably from 16.40 to

about 62.39 percent. Therefore, the tradeoff between reduced talkspurt and in-

creased speech activity with hangover should be given due consideration for

conversational speech.

BUI~la conversational speeCh shows lower speech activity, lower average

spurt time and higher average pause time with fill-in than with hangover, and

it shows the same talkspurt rute with fill-in or hangover.

When compared to the parameters of English speech over telephone

channels, BaJ~la conversational speeCh shows a lower average spurt time, a

lower average pause time and a higher tall{spurt rate. As a result it shows

higher speech activity with a fixed value of fill-in or hangover time compared

to its English speech counterpart, while with a 10 ms fill-in or hangover it

shows lower speech activity.

From the analysis of conversational ~la speech over telephone chan-

nels it is. understood that if a speech interpolation system is designed con-

sidering the on-off characteristics of speech of only one particular language

, it maynot show the same performance for other languages. As an example TASI

detectors are designed by employing a hm,gover time of 200 to 250 ms for

English speech showing a speech activity of about 40%. But the same hangover

time of 200 ms, if employed for BangIa speech shows a speech activity of about

62.39%. The result is of no wonder as the true on-off patterns for ~la
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speech are those obtained by employing a 10 ms fill-in time, which shows a
SIX,cch activiLy of alxJIlL22.1IX.. It. sil(nifics thaL if n 200 rna hWl,I(overis
employed for Bangla speech we are occupying the channel for about 62.39% of
the total time and using only 22.11% of it. Therefore, a lower hangover time
is suggested for BangIa speech to have effectively a lower speech activity and
thereby achieve a higher trunk to channel ratio.

From the analysis of the on~off speech characteristics of conversational
BangIa speech and their comparision with those of English speech it becomes
evident that if a speech interpolation system has to be designed where people
of different languages will talk 'over telephone channels of the. system, due
consideration should be given to the on-off patterns of all the languages.

7.2 S~esLions for furlh"r work

A number of useful extensions of the work described in this thesis are
possible. They are discussed in the following paragraph.

This work suggests to employ a lower hangover time for BangIa speech
than that for Englfsh speech so that.effective speech activity becomes low
resulting in a high trunk to clumnel ratio. But it should be noted that with a
low hangover. time the talkspurt rate of conversational Bangla speech
increases. Therefore, the probability of speech clipping during busy hours be-
comes higher. Further study is required to optimize speech clipping by select-
ing a proper hangover time for the speech detector for BangIa speech. The
present analysis and other design constrainls of the,speech detector may be of
useful reference. A suggestion for avoiding sPeech clipping during busy hours
is to incorporate delay capabilities inlo a DSI or TASI system. It has been
stated in section 2.3.7 that when the number of active sources exceeds the
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number of channels in a TASI or DSI system, the usual operation is to block

the ovedoad alld cause cIi""illl(of some SIX,echsyllables. To avoid speech
clipping the blocked syllables may be st~red in a buffer and delayed for a
short period of time in anticipation that a channel will soon become

available. The reconstructed speech from this process will give a better

quality than when conventional syllable clipping occurs. Therefore, another

st~v may be carried out for the feasibility of incorporating delay

capabilities (temporary storage of speech signals in a buffer) for BangIa

speech interpolation to enhance the greater levels of line utilization.
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Appendix ~

Characteristics of Bangla, alphabet

Table'III -Average amplitude, duration and bandwidth
of Bangla alphabet in male vOice

Letter of the Amplitude Duration Bandwidth

alphabet Vm (mv) T (sec) (Hz)

~ 126.30 0.50 193
\5lT 115.90 0.47 219
~ 43.60 0.41 628
';( 51.70 0.46 443
'"'" 79.80 0.46 341
G" 85.20 0.51 267
~ 66.80 0.48 405
<!I 91.10 0.45 313
.3 107.70 0.44 440
'3 105.90 0.49 283
..,
'3 115.70 0.45 281
i3f~ 129.10 0.44 377
i3f: 128.40 0.41 351
<jl 129.70 0.50 171

•• 124.20 0.54 186
<r 119.00 0.51 172
'I 125.20 0.52 196
D 120.00 0.43 173
~ 125.50 0.50 193
Q" 122.70 0.48 192
~ 123.70 0.52 200
V. 129.00 0.49 179
't 125.70 0.50 194
IS 122.20 0.48 183
V 126.00 0.50 201
'I 110.50 0.42 400
15 126.20 0.50 174
~ 123.20 0.53 223

'" 128.00 0.49 172
If 126.50 0.52 224

""
112.00 ,. 0.42 362
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letter of the
alphabet

Amplitude
Vm (mv)

Duration
T (sec)'

Bandwidth
(Hz)

1" 129.00 0.48 202
1;" 124.50 0.50 211
l' 121.20 0.48 190
'5 127.50 .0.51 205
'if 118.70 0.45 322
1J .120.70 0.49 191
:'f 124.20 0.53 156
if 123.20 0.52 166
"f 121.50 0.45 266
~ 119.50 0.47 . 272
'1 116.70 0.46 260
~ 126.70 0.49 253
W 125.70 0.50 178
l> 128.50 0.52 182
•
" 124.00 0.35 369,

Table IV -Average amplitude. dln'Stion and bandwidth
of Bangla alphabet in female voice

Letter of the
alphabet

Amplitude'
V. (mv).

Duration
T (sec)

Bandwidth
(Hz)

i."< 118.80 0.48 153
~ 108.90 0.45 166
~ 39.90 0.40 520
'Si 47.60 0.45 359
"" 70.20 0.45 271-\j

{; 79.30 0.49 191
~ 53.10 0.46 367
~ 86.20 0.44 238
:;} 103.20 0.45 376
13 102.40 0.46 188.. 110.60 0.44 21213
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Letter of the Amplitude Duration Bandwidth
alphabet v. (mv) T(sec) (Hz)

Gf" 117.80 0.42 309,
Gf: 117.20 0.40 282

" 124.50 0.48 137
"J" 118.80 0.52 141
?T 116.20 0.49 115
'<l 122.20 0.50 127
D 116.50 0.41 130
~ 117.70 0.48 ' 132
~ 117.00 0.47 113
~ 119.70 0.49 146
TJ 121.90 0.46 112
~ 121.10 0.47 129
is 117.60 0.45 134
1) 119.70 0.48 139
'T '106.30 0.40 257
15 119.30 0.47 127
~ 117.90 0.50 140
"\ 122.40 0.47 120
~ 120.70 '0.50 127

'" 107.20 0.40 231
<f 119.60 0.46 114
'F 115.70 0.48 133
<'[ 115.50 0.46 120
i5 117.00 0.46 151
'if 113.90 0.42 238
1T 118.30 0.46 149
iT 122.20 0.51 100
<r 119.20 0.50 123

\
lSf " 117.00 0.43 144
~ 113.30 0.43 142
,'1 111.40 0.42 156
~ 118.50 0.44 145
c; 121.30 0.48 108
•
1) 121.80 0.50 111•
~ 116.60 0.30 285

". "
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Appendix ~

Particulars of speakers

Speakers Age (yrs) CX:cupation TalkinS to

M-1 28 Doctor Female

M-2 26 Student Male
M-3 27 Engineer Female

M-4 20 Student Male
M-5 30 Teacher Male
M-6 32 Engineer Male
M-7 23 Student Male
M-8 40 Officer Male
M-9 45 Lawyer Male
M-10 29 Teacher Male

F-1 18 Student Male
F':'2 22 Student Female
F-3 25 Housewife Female

F-4 12 Student Female
F-5 38 Teacher Female
F-6 50 Housewife Male
F-7 20 Student Female
F-8 20 Student Female
F-9 21 Housewife Female
F-10 55 Teacher Male

** M represents male and F represents female speakers.
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Appendix g

Printout.of the program •SAIF.PAS'

A program named 'SAIF. PAS' has been used to read data from the RS-232 C
serial port of a PC. Computer acquisition of data has been done at an inter-
val of 5 IDS. The data thus collected has been stored in an array and finally
transferred to an assigned file in a floppy diskette. The program is prepared
in PASCAL. A printout of the program is presented below.

program read-POrt;
var
'aa : array [1..32767] of char;
a,c: byte;
count, i : integer;
time1, time2 : integer;
str : string [80];
fil : text;
t1,t2, tsec : real;

begin
a '- port [$3fb];
c .- a and $7f;
port [$3fb] .- c;
port [$3f9] := $0;
port [$3fc] := $I;
time 1 := memw[$40:$6c];
count := 0;
repeat

a := port [$3fe];
count := count + 1;
a .- a and $20;
a := a shr 5;
a := a or $30;
aa[count] := chr(a);
delay (5);
until keypressed or ( count >= 32767 );

time2 := memw[ $40:$6c];
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tsec:l0:6) ;

t1 ._ time1; if t1 < 0 then t1 := 65536.0 + t1;
t2 time2; if t2 < 0 then t2 := 65536.0 + t2;
if t2 < t1 then t2 := t2 + 65536.0;
tsec := (t2 - t1) / 18.204;
tsec:=tsec/count;
write ('Enter the name of the data file'); readln (str);
assign (fil,str); rewrite (fil);
'for i .:= 1 to count do begin

write (fil,aa[i]);
if i mod 70 = 0 then writeln (fil);
end;

writeln (fil); writeln (fil);
writeln (fil, 'Time per sample in second =
qlose (fil);
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0.1 The method of least SQlJllI"eS to fit !! polynomial of degree !!!

If the curve is of degree m representing the pOlynomial

then,

f= So + a, t + SO t2 + ... (d.l)

••• (d.2)

and

where,

n
E =L
- 1(.1

•••
~•.. (d. 3)

f is a function of t, m is the degree of the polynomial,
n is the .munberof data points,
and ao, a" •••, ... a. are the arbitrary constants.

f is the functional value (ordinate) from equation (d.l) corresponding to t.
(the experimental t-a.xis value),
and f. represents the corresponding ordinate from the e""perimental data.

E,,=Error and

~ =Summationof squares of the errors.

'Theapplication of the least square error condition. results in a
matrix equation of the form

[aJ = [AJ-I [bJ (d.4)
where,

[aJ = So
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n n •• Y1 m
[AJ = YI ~ tl( L tK 2:: -l:.K

K=1 I<.=i K=l

n i:~ n 3 ,., 11\+1

~t ••. 2: tj<, . . . 2: t:K
je,= I 1<." I K" I K "1

• •
•

• .
Il\t 2-on .." n l7l .•.J n r'l 2m

LeI(. LtK L:. -C" . .. L. t••.
K=1 . K=1 \(.=1 1(=1

and
Y\

[b 1 = 2: fl<,
1<-"'1

•.

Solving equation (d.4) gives the arbitrary constants So, at, az, •.. am
resulting in a polynomialof the fonn represented by equation (d.1).
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D.2 Printout of the program ,CFIT. Fffi'

The program ' CFIT. FOR' is used to fit a polynomial of upto 9.. degree
by using the method of least squares. The program is prepared in FORTRAN77.
A printout of the program is presented below.

C-----------------------------------------------------------------------C
C This program fits a set of data using the' method of least squares. C

C-----------------------------------------------------------------------C
C It can fit a polynomial upto 9th (10 terms) degree C
C----------------------------------------------~------------------------C

PARAMETER(ND=5,~~1=6,NDATA1=200)
IMPLICIT REAL*8 (A-H,o-Z)
DIMENSIONX(NDATA1),Y(NDATA1),A(ND,ND1),D(ND),ClND)
OPEN(UNIT=5,FILE= ' INP' )
OPENlUNIT=6,FILE='RESULT',STATUS='NEW')
OPEN1UNIT=7,FILE='SO' ,STATUS='NEW'}
. lv'RITE(* ,* ) , * This program fits a set of data using the method'
IVRITE(*,*), of least squares. It can fit a polo~omial of up~'
lv'RITEl*,*), to ninth degree (10 terms).'
WRITEl*,*)

'. WRITE(*,*)'** If you want to fit a polo~omial of' degree K,then'
w'RITE(*, *) , set ND=K+l,NDl=ND+1 in the original program '
WRITE(*,*)' The existing set value is'
WRITE(*,*)' ND=',ND
WRITE(*,*)'***If you bave,nt set the proper parameter values set'
loffiITE(*,*)' them in the original program, make the execution'
WRITE(*, *) , file using (forl filename; pas2; link filename;)'
WR1TE(*,*)' and then rUn the execution file: filename.exe '

WRITE(*,*}
WRITE(*, *)' # Enter number of ~irs of input data(ndata)'
WRITE(*, *) , (No. of data must be between 2-200)'
READ(*, *) NDATA
WRITE(*,*)'# If you want to fit a polynomial of degree K, then'
WRITE(*;*)' your choice will be K+1=N ;# Maximum limit of K=9'
WRITE(*,*)'# Please enter your choice'
READ(*,*) N
WRITE(*, *) '1=INPIJI' DATAIN FILE 2=DIRECI'KEYBOARDENTRY'
READ(*, *) NFILE
IF(NFILE .EQ. 1) GOTO680
WRITE(*,*)
WRITE(*, *) , # Enter pairs of input data X ,Y ,
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WRITE(*,*)
DO 400 I=l,NDATA
WRITE(*,*)'# Data (X,Y)' ,I
READ(*,*) X(I),Y(I)

400 CONTINUE
ooro 670

680 DO 660 I=l,NDATA
READ(5,*) X(I),Y(I)

660 CONTINUE
. 670 XXX=X(NDATA)

WRITE( *, *) XXX
WRITE(* ,* ) '# Enter no. of pairs of data calculated using function'
READ(*, *) NOlIT
WRITE( *, *) NOUT
XSTEP=(XXX-X(l»/FLOAT(NOUT)
WRITE( *, *) XSTEP
N1=N
DO 440 I=1,N1
DO 440 J=1,N1
A(l,J)=O.O
D(l )=0.0

440 CONTINUE
DO 450 I=1,N1
DO 460 J=l,N1
IF(I+J) ,GT. 2)ooro 130
A(I,J)=NDATA
ooro 460

130 DO 470 K=l ,NDATA..
A(I,J)=A(I,J)+X(K)**(I+J-2)

470 CONTINUE
460 CONTINUE

DO 480 K=l,NDATA
D(I)=D(I)+Y(K)*X(K)**(I-1)

480 CONTINUE
450 CONTINUE

N2=N1+1
DO 490 I=1,N1
A(I,N2)=D(I)

490 CONTINUE
C Call subroutine SIMAL to solve simultaneous linear equations

CALL SIMAL(A,C,N1,N2)
IF(C(2) .GE. O.O)OOTO 180
WRITE(6,3005)C(1),C(2)
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WRlTE(*,3005)C(1),C(2)
3005 FORMAT(/10X, 'POLYNOMIAL FUNCTION: Y=',E12.6,E12.6,'X'/)

GOTO 190
180 WRlTE(6,3006)C(1),C(2)

WRlTE(*,3006)C(1),C(2)
3006 FORMAT (/10X,'POLYNCX1IALFlJNCTION: Y=' ,E12.6,'+',E12.6,'X'I}
190 IF(N .EQ. 2)GOTO 210

00 500 I=3,N
L=I-1
IF(C(I) .GE. O.O)GOTO 200
WRlTE(6,3007)C(I),L
WRlTE(*,3007)C(I),L
GOTO 500

200 WRlTE(6,3008)C(I),L
WRlTE(*,3008)C(I),L

500 CONTINUE
3007 FORMAT(40X,E12.6,'X**',I3)
3008 FORMAT(40X, '+',E12.6,'Xu' ,13)
C Print input values of X and Y and calculated values of Y .
210 WRlTE(6,3009)

WRITE (*,*)
WRlTE(*,3009)

3009 FORMAT( 17X,'X',7X,'Y(ACTUAL)' ,3X,'Y(CALC)'/14X,
+3(9(lH=) ,2.X)I}
8=0.0
00 530 I=l,NDATA

220 Y1=C(1).
00540 J=2,N
Y1=Y1+C(J)*X(I)**(J-1)

540 CONTINUE
8=8+«Y(I)-Y1)/(NDATA-1»**2
WRlTE(6,3010)X(I),Y(I),Y1
WRITE (*,3010)X(I),Y(I) ,Y1

530 CONTINUE
3010 FORMAT(10X,E12.6,2(E12.6,lX»
3012 FORMAT(E12.6,lX,E12.6)

1=1
XSTEP1=X( 1)
X(l) =XSTEP1
XS8=XSTEP1

620 Y1=C( 1)
00 605 J=2,N
Y1=Y1+C(J)*X(I)**(J-1)
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...
, ,

CONTINUE
WRITE( 7,3012 )X(I) ,Y1
IF(XSS .GE. XXX}OOTO 650
1=1+1
XSS=XSS+XSTEP
X(I)=XSS
GOro 620
S=DSQRT(S/NDATA)
WRITE(*,*}
WRITE(6, 3011)S
WRITE(*,3011}S
FORMAT(/10X,'# Standard deviation=' ,E10.5/)
WRITE(*,*)
WRITE (*,*)

,s'roP
END

3011

650

605

. ,

•

•

414
413
411

Subroutine for solving simultaneous equations
SIJJ31l0UTJNESlMAL(A,C,~l,N)

/ IMi'LJCIT REAL*B(A-il,o-Z)
., DlNENSION A(M,N) ,C(HI

DO 411'K=l,M
PIvar=A(K,KI
IF(DABS(PIVar) .LE. D-lO)OOro 20
DO 412 J=K,N
A(/(,J)~A(K,J)/PIVal'

412 CONTINUE
DO 413 I=1,M
IF(I .EQ. K) GOro 413
PIVI=A(l,K}
00 414 J=K,N ..
A(I,J)=A(I,J)-PlVI*A(K,J}
CONTINUE
CONTINUE
CONTINUE
IJO415 J=1,M
C(J)=A(J,N)

415 CONTINUE
RE'llJRN

20 WRITE(G,3000)K
3000 FORMAT (lOX,'Pivot element',I2, 'is close to zero'/)

RE'I'UHN
END

C

r
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On-off characteristics of ~lish speech

The on-off characteristics of English speech are presented below by two
figures and a table. They have been taken from reference [2].
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Speech Temporal. Parameters Wit.h hangover With fill-in

Mean silence duration 2220 ms 2400 rna

t-lei'll1 talkspurt duration 1300 ms 1110 rna

Talkspurt rate 16.67/min 16.67/min
Speech. aeti vi ty 37% 31. 5%
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