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Abstract 

Title of Thesis : 
Integrated Digital Speech System with PC 

Name : 
then Zhu. 
Master of Science in Electrical Engineering 
Department of Electrical and Computer Engineering 

Thesis dilected by : 
D. Chung H. Lu 
Associate Professor 
Department of Electrical and Computer Engineering 

A PC-based real-time digital speech processing system is designed. Speech 
synthesis, analysis, storage and retrieval are implemented in the system with 
intelligent telephone functions. Speech data are stored on floppy disk and 
easy to retrieve. Though floppy disk is slow in speed, real-time processing 
is achieved with low bit rate coding. The computer gets speech data from a 
digital speech processing unit or send data to it through a synchronous seiial 
communication port. The analog input of digital speech processing unit can 
be selected from the telephone line or the microphone, and output of the 
digital speech processing unit can be sent to the earphone or telephone line. 
The software resides in the PC RA.:‘,1. It is activated by hot-key combination 
or the ring detect signal. The possibility of speedy playback without change 
of pitch and intonation is also discussed in this thesis. 



11 Integrated Digital Speech System 

With PC 

BY 
0 Zhen Zhu 

Thesis submitted to the faculty of the graduate school of 
the New Jersey institute of Technology 

in partial fulfillment of the requirements for the degree of 
Master of Science in Electrical Engineering 

1991 



APPROVAL SHEET 

Title of Thesis: Integrated Digital Speech System 
with PC 

Candidate: Zhen Zhu 
Master of Science in Electrical Engineering, 1991 

Thesis and Abstract Approved by the Examining Committee: 

Dr. Chung H. LA Advisor / DAte 
Associate Professor 
Department of Electrical and Computer Engineerig 

Dr. Anthony Robbi(_) Date 
Associate Professor 
Department of Electrical and Computer Engineerig 

Dr. Sol Rosenstark 'Date 
Professor 
Department of Electrical and Computer Engineerig 

New Jersey Institute of Technology, Newark, New Jersey. 



VITA 

Name : Zhen Zhu 

Present address : 

Date of Birth : 

Place of Birth : 

Education : 

1. New Jersey Institute of Technology 
Electrical Engineering Department, M.S. E.E. 
January, 1989 - January, 1991 

2. Luwan College of Technology 
Electrical Engineering Department, B.S. E.E. 
September, 1978 - June, 1982 



ACKNOWLEDGEMENTS 

The author wishes to express his sincere gratitude to Dr. Chung H. 
Lu, his thesis advisor, for his valuable guidance, support, inspiration and 
encouragement during the entire course of this thesis. Appreciation is also 
extended to other committee members, Dr. Anthony Dr. Robbi and Dr. 
Rosenstark, for their support and serving on the examination committee. 



Contents 

1 Introduction 1 

I. Introduction  1 

II. General Description of the System 3 

2 Principal Digital Speech Technology 6 

I. Introduction to LPC  6 

II. Realization of Linear Predictive Coding in System  12 

3 PC XT Interfacing Circuitry 22 

I. Introduction  22 

II. DTMF Transceiver  24 

III. Telephone Line Interface  26 

IV. 2-4 Converter  28 

4 Software for IBM PC XT 31 

I. Introduction to Terminate-and-Stay-Resident Program  31 

II. System Functions  33 

5 Conclusion and Suggested Future Work ' 42 

A Circuit Diagrams 44 

i 



B Software for IBM PC XT 46 

ii 



List of Figures 

1.1 System Overview  4 

2.1 The Source-Filter Model  7 

2.2 Curve Fitting  10 

2.3 Linear Prediction used in the System  12 

2.4 Block Diagram of DSPU  13 

2.5 Companding Curve of the 'u-law Compander  14 

2.6 Block Diagram of /2PD7720  16 

3.1 Block Diagram of PC Interface  23 

3.2 Analog Audio Signal Flowchart  24 

3.3 Schematic of Telephone Line Interface  26 

3.4 Schematic of 2-4 Converter  28 

4.1 Flowchart of the Program for PC  34 

4.2 Menu Structure  35 

4.3 Telephone Call Progress  36 

iii 



List of Tables 

2.1 Bit requirements for each parameter in LPC-10  11 

3.1 DTMF Coding and 75T2090 Digit In/Out  25 

iv 



Clav,pter 1 

Introduction 

L Introduction 

Speech is an everyday, essential communication medium. It also has advantages over 

other means of communication. You can listen while shaving, doing the housework, 

or driving the car. Speech leaves hands and eyes free for other tasks. The most 

important convenience feature of speech communication is the telephone, and this 

gives people the advantage of being able to communicate over long distances. You 

can go into a phone booth anywhere in the world, carrying no special equipment, and 

transmit your message to a machine or a person by either voice or keystrokes. People 

arc always trying to improve this communication medium for more convenience and 

efficiency. 

With fast development of computer technology, machines including the computer 

itself are more intelligent and they can do more and more tasks for people in their 

daily lives. More and more work is done by a machine rather than a person, therefore 

irrespective of whether they like it or not, people have to 'talk' with a machine more 

than they did before. As a result, practical applications of speech signal processing 

based on speech signal analysis, synthesis, recognition, transmission and i ecoi ding 
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have attracted much more attention than before. 

Meanwhile, the Personal Computer (PC), since its introduction in the late 1970s, 

has become an integral part of modern daily life. With a steady reduction in price, 

the PC has made substantial inroads into business offices, classrooms and private 

residences. Researchers say some 28 million US workers use personal computers in 

their offices, and that some 8.2 million more PCs are used in schools. Along with 

this development, the home computer market has grown to 3.7 million units annually. 

Computer literacy is an order of magnitude higher than it was five years ago. All 

these developments are accomplished with a succession of quantum jumps in comput-

ing power. Today's PC which can be the size of a briefcase, in comparison with the 

room size mainframe in its infancy, contains greater computing power, larger memory 

space and faster speed, and most importantly, it is easier to use, yet does not cost 

more. Needless to say, speech processing with a PC will let more people get benefits 

and conveniences from this advanced technology. 

The purpose of this project is to take advantage of digital speech processing tech-

nology, telephony technology, and the phenomenal growth of personal computers. A 

system that uses a PC was built. This system compresses live speech signals to 2400 

bits per second. The speech data can be stored and retrieved in real time on a floppy 

disk. A 360k bytes floppy disk can store up to 20 minutes speech data. A 1.2M bytes 

floppy disk can store more than one hour of speech data. 

Fully integrated, the system functions as a powerful, intelligent, digital speech 

system. All features of telephone functions (including telephone usage accounting), 

messaging systems, transcription systems, and various other automation functions 
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can be implemented. 

IL General Description of the System 

The system hardware contains a digital speech processing unit (DSPU), interfacing 

circuitry, a regular household telephone set and a personal computer. The initial 

phase of the project uses an IBM PC/XT. In the future, with minor modifications, 

the whole system can be ported to any other PCs, such as IBM PC/AT, IBM PS/1, 

and MacIntosh. Figure 1.1 shows the system overview. 

The system software mainly consists of two parts: one in the PC, and the other 

in the DSPU. The program for PC terminates and stays resident after it is executed 

on the command line and can be invoked by a hot key stroke, timer or ring detector. 

After it has been loaded, the user can still communicate with it by executing the 

same program to suspend, restart, or unload itself. This program does tasks such as 

reading and writing a diskfile, editing the user's phone directory, dialing, checking 

ID, automatically making a call or answering a call. The function of the DSPU is 

to convert and compress the speech signal to a low bit rate (2100 bps) digital data. 

Iii 1976, the US Government defined a standard coding scheme called LPC-10 for a 

10-pole prediction with a data rate of 2400 bit/s. Today, many systems can achieve 

even lower bit rates, and are simpler to operate and arc more flexible. Iii this project, 

we chose the VDT2400 developed by UNIDATA, with necessary modifications. It 

consists of a speech analyzer, a synthesizer, and a pitch extractor. 

The function of the interface is twofold. First, it gets the digital speech data horn 

the DSPU and then writes them on a floppy disk. Second, it feeds the DSPU with dig- 
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ital speech data from the floppy disk and then outputs an analog speech signal. Both 

functions are performed in real time. The hardware also contains a 2-4 converter, a 

DT1VIF (dual tone multiple frequency) transmitter and receiver, interrupt logic, one 

input port and one output port. The basic functions of the system are to pick up a 

message recorded previously, to answer calls and to record incoming messages. It can 

also interactively prompt users for options. 
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Chaster 2 

so rincipal igital S upeech 
Technology 

I. Introduction to LPC 

human speech is produced by the combined action of the vocal cords and the vocal 

tract, which consists of the throat, mouth, and nose resonance cavities. The three 

different sound types can be classified as: 

• voiced 

o unvoiced (fricative) 

o unvoiced (aspirated) 

Vocal cord vibration rate (which determines the pitch) varies from 60-70 Hz for 

the lowest male voice to 1200-1300 Hz for the upper limit of a soprano. Typically, a 

female voice approximates 400 Hz for a voiced sound, a male voice hovers between 80 

and 200 IIz. Predominant frequencies in unvoiced sounds are above 2000 IIz. 

The speech can be produced by a source-filter model which indicates the features 

of the human voice and simulates human vocal tract effects with filters, as shown in 
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Figure 2.1: The Source-Filter Model 

Figure 2.1. The excitation source with a flat spectrum and the radiation compensation 

with 6 dB/octave fall-off are often preferred to give the required trend in the output 

spectrum. This idea is useful for Speech Linear Predictive Coding. 

Digital speech processing can be made much more intelligent than analog process-

ing. For example, it is difficult to provide rapid access to messages stored in analog 

form. But if a directly digitized audio waveform is used for transmission and storage, 

the data rate is very high. Suitable coding can reduce the data-rate of speech to 

as little as one hundredth of that needed by direct digitization. For many coding 

method, speech parameters like intonation and amplitude are separated out from the 

articulation of the speech and stored, or transmitted, instead of simply the digitized 

waveform. 

Linear Predictive Coding is a relatively new method of speech analysis-synthesis. 

It is primarily a time-domain coding method but can be adapted for frequency-domain 

parameters like formant frequency, bandwidth and amplitude. We briefly introduce 

it below. 

A speech sample x(n) can be predicted quite closely by the previous samples 

improved by multiplying the previous samples by a set of numbers, say al , .. • , ak, 
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where 1-(z) is the transform of the impulsive excitation. 

This is similar to the linear prediction relation. If p and q are the same, then the 

linear predictive coefficients ak  form a p'th order polynomial which is the same as 

that obtained by multiplying together the second-order polynomial representing the 

individual formants (together with the first-order one for spectral compensation). 

Furthermore, the predictive error E(z) can be identified with the impulsive excita-

tion .1"(z). It is possible to parametrize the error signal by its frequency and amplitude 

(two relatively slowly-varying quantities) instead of transmitting it sample by sample 

(at an 8 kHz rate). Compared to the speech sampling rate, the source parameters 

vary relatively slowly and this leads to an extremely low data rate. 

Linear prediction can also be considered as a kind of curve-fitting technique. Fig-

ure 2.2 illustrates how four samples of speech signal can predict the next one. If the 

order of linear prediction is high enough (at least 10) with the correct coefficients, the 

prediction will closely model the resonances of the vocal tract. The prediction error 

will be very small until the next pitch period begins. 

Practical linear predictive coding schemes operate with a value of p between 10 

and 15. The ak's arc recalculated every pitch period from 10 to 25 cosec. The pitch 
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and amplitude of the speech are estimated and transmitted at the same rate. If the 

speech is unvoiced, theme is no pitch value: an `unvoiced flag" is tiansmitted instead. 

At the iecei‘er, the excitation waveform is ieconstructed. For voiced speech, 

it is impuls.ke at the specified frequency and with the specified amplitude, while 

for unvoiced speech it is iandom, with the specified amplitude. This signal L(710), 

together v.ith the ttansmitted parameteis is used to iegenriate I he specs( 

waveform by 

Time ale sevel al met hods to soh e it. We can find their ads ant ages ;111(1 (11',,1(1V,1111,1p,("; 

allcl (n, plograms in many books We will not discuss them 

The linear piedicti‘e parametcis that need to be stored cm tiair,mitted ale. 1. 

pitch, 2. i,oiced-umoiced flag, 3. overall amplitude leNel, and 1. fuller roeflic lents. 
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Table 2.1: Bit requirements for each parameter in LPC-10 

Voiced Unvoiced 
Sounds Sounds 

Comment 

Pitch/Voicing 

Energy 
ki  
k2  
k3  
k4  
k5  
k6  
k7  
k8  
k9  

kio 
Synchronization 
Error Detection/ 
Correction 
TOTAL 

7 7 

5 5 
5 5 
5 5 
5 5 
5 5 
4 - 
4 - 
4 - 
4 - 
3 - 
2 - 
1 1 

21 
54 54 

6 bits pitch, 1 voicing 
60 values, semilog 
32 values, semilog 
Coded by table lookup 
Coded by table lookup 
Linear 
Linear 
Linear 
Linear 
Linear 
Linear 
Linear 
Linear 
Alternating is and Os 

Frame Rate 44.4 Hz (22.5 msec) 

The DVT2400 is improved LPC which still has some similarity to the US Gov-

ernment standard coding scheme LPC-10. The bit assignment for the parameters in 

LPC-1O is shown in Table 2.1. 

In the system, all these parameters must be transmitted from DSPU to the PC 

through a synchronous communication port and stored on the floppy disk when 

recording or vice versa when playback, as shown in Figure 2.3. 
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Figure 2.3: Linear Prediction used in the System 

IL Realization of Linear Predictive Coding in. Sys-
tem 

The DSPU may be divided into four functional sections, as shown in Figure 2.4. they 

are: A digital speech processing section, a host processor section (including control, 

memory, etc.), a digital I/O port, and an analog I/O port. 

The first step of speech processing is coding. In the coding procedure, an analog 

speech signal from the handset microphone is supplied to an industry standard ii-law 

coding and decoding (CODEC) chip. This signal is then passed through an anti-

aliasing filter and sampled at a 6.4KHz rate using pulse code modulation (PCM). It 

is then converted to an 8-bit serial data stream. In the decoding procedure or the 

receive path (synthesis), the output from the digital processing section is converted 

back to an analog speech signals by the CODEC, then fed to a low pass filter and the 

handset earpiece. 

A ,a-law CODEC chip S3507 is used in the system. It contains independent 

circuitry for processing transmitting and receiving signals. Switched capacitor filters 

provide the necessary bandwidth limiting of voice signals in both directions. Circuitry 
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«hcle 

Figure Companding Cul ve of the ji-law Compandei- 

fol coding and decoding operates by the pi inciple of successive approximation, 

Cliaige ledistlibution in a binary weighted capacitor al ray to define segments and n 

iesistor chain to define steps. A bandgap voltage generator supplies the reference le\ el 

for the conveision process. The PCM data woid is formatted according to the it-law 

companding curve with the sign bit and the ones complement of the 7 magnitude 

bits. The it-law quantization is given by: 



This process of compression-expansion avoids enlarging the quantization stepsize 

for weaker signal and then impacts the speech quality when the quantizer is designed 

to accommodate strong signals. The 8-bit PCM data is clocked out by transmis-

sion shift clock which can vary from 64K1Iz to 2.048M1Iz. The chip also has noise 

suppression when the channel is idle. 

From the CODEC, the serial data stream goes to a digital speech processing 

section which consists of three custom 16 bit digital signal processor chips. All of 

them are itPD 7720 which is introduced here. 

Fabricated in high-speed NMOS by NEC, the pPD7720 signal processing interface 

(SPI) is a complete 16-bit microcomputer on a single chip, as shown in Figure 2.6. 

ROM space is provided for program and data/coefficient storage, while the on-chip 

RAM may be used for temporary data, coefficients and results. Computational power 

• is provided by a 16-bit Arithmetic/Logic unit(ALU) and a separate 16 x 16-bit fully 

parallel multiplier. This combination allows the implementation of a "sum of prod-

ucts" operation in a single 250 ns instruction cycle. In addition, each arithmetic 

instruction provides for a number of data movement operations to further increase 

throughput. Two serial I/O ports are provided for interfacing to CODECs and other 

serially oriented devices while a parallel port provides both data and status informa-

tion to conventional /IP for more sophisticated applications. 

Features of the itPD7720 chip include: 

1 Fast instruction execution: 250 ns/8 MIIz clock; 

2 16-bit data word; 

3 Multioperation instructions for optimizing program execution; 

4 Large memory capacity; 
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5 Program ROM, 512 x 23 bits; 

6 Data/coefficient ROM, 510 x 13 bits; 

7 Data RAM, 128 x 16 bits; 

8 Fast (250ns/ 8MHz) 16 x 16-bit parallel multiplier with 31-bit result; 

9 Four-level subroutine stack for program efficiency; 

10 Multiple I/O capabilities. 

Each instruction is 23-bit long which is divided into 10 fields related to different 

tasks, such as Jump, ALU, addressing etc. Each instruction can be expressed as a set 

of six instructions of assembly language. Program for a DSP chip is straightforward 

to save time. The PASCAL and C program for calculating LPC parameters can be 

ported to µPD7720 assembly. 

All three NEC 7720, programmed differently, provide speech analysis, pitch ex-

traction and speech synthesis. The speech data stream from the CODEC is fed to the 

signal processors for analysis and pitch extraction. The analysis models the data, si-

multaneously processing voiced and unvoiced sounds while compressing and removing 

information unnecessary to reproduce speech faithfully and intelligibly. This method 

allows for the transmission of sounds that traditional low bit rate voice digitizers 

cannot classify, resulting in improved voice quality and speaker recognition, even in 

noisy environments. 

As a host processor, the 80186 integrates a chip-select logic unit, two independent 

high-speed DMA channels, three programmable timers, a programmable interrupt 

controller and a clock generator. All the 80186 integrated peripherals arc controlled 

by 16-bit registers contained in a 256-byte control block, which may be mapped into 
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either the memory or I/O space. The chip-select logic unit, timer, interrupt controller 

and clock generator are used in the system. Six memory chip-select outputs arc 

provided for 3 address areas: upper memory, lower memory, and midrange memory. 

The range of each chip-select is user programmable. The 80186 can also generate 

chip-selects for up to seven peripheral devices. The 16-bit programmable timers are 

used for real-time coding and time delays. The interrupt controller is used for three 

DSP chips and 8274 communication chip. 

The data from the digital signal processors are fed to the host microprocessor in the 

form of pitch frequency information and linear predictive coding parameters. The host 

microprocessor then performs a quantization operation on the data, formats it to 54 

bit serial-synchronous data frames, each containing 53 data bits and a synchronization 

bit and is outputed in RS-232C standard. 

Data received from the disk is fed to the host microprocessor where it is processed 

and fed to the synthesizing signal processor. This chip synthesizes the digital signals 

into a serial data stream which is then sent to the CODEC to be converted back 

analog voice signals. Therefore, the system must have a capability of getting data 

from DSPU through the synchronous communication adapter and storing them or 

vice versa in real-time processing. Because the speed to access a floppy disk is much 

slower than 'a harddisk, during real-time operation, it may be too late to start disk 

operation when a buffer is already full or empty. In the design two buffers with length 

of 512 bytes each are used. When one buffer is busy with transmission or reception, 

the other is used to read from or write on to a floppy disk. 

Two interrupts which connect to IRQ3  and IRQ4  are used for receiving and 

transmitting respectively. An error flag is used to tell that the disk file cannot be 

read or written for some reasons as well as due to recording timeout. When it is set, 
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Chapter 3 

PC XT Interfacing Circuitry 

L Introduction 

Interfacing circuitry deals with the connection between IBM PC XT, DSPU, and a 

telephone line, as shown in Figure 3.1. 

When the computer is off, the system can work as an ordinary telephone. So the 

external set (the base of ordinary telephone set) has ringer, dialer, and 2-4 conver-

tor. The handset which includes mouth and ear pieces switches to either internal or 

external circuits. Three signals: ring detect, DTMF detect, remote off-hook detect 

connect to the IBM PC XT through an AND gate. Each flag for DTMF data re-

ceived or off-hook detected is latched in a D flip-flop for CPU to check and they can 

be enabled or disabled to generate an interrupt. With an 8-bit read/write port, the 

CPU is able to check call progress and control a telephone set. 

The compressed speech data are transmitted between DSPU and the IBM PC 

XT through synchronous serial port. Each frame has fifty-four bits including one 

synchronizing bit alternated with 1 and 0 pattern. 

The main function of the telephone line interfacing is to feed the telephone line 

with analog speech signal of one side and get one of the other side from the telephone 

line. The speech signal to feed the telephone line can be either from the mouth piece 
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Figure 3.2: Analog Audio Signal Flowchart 

or from CODEC and the speech signal either from the telephone line or from the 

mouth piece can connect to CODEC as shown in Figure 3.2. The speech signal is 

switched by an analog bilateral switch IIC4066 which connects to +5V and —5V 

power lines and an MC1488 is used to shift the logic level to control the switches. 

IL DTMF Transceiver 

When you make a phone call, traditionally, pulses generated by shorting and opening 

the pair of telephone line, tells the connection device the number of the destination. 

Now, DTMF (dual tone multi-frequency) is often used. It can still be sent out after 

the connection established. 

Silicon Systems' SSI 75T2090 is used to transmit and receive DTMF signals as 

well as to detect call progress signals in the system. It is a Dual-Tone Multi-Frequency 

(DTMF) Transceiver that can both generate and detect all 16 standard Touch-Tone. 

The DTMF Receiver in the SSI 75T2090 detects the presence of a valid tone pair 

on a telephone line or other transmission medium. The analog input is pre-processed 

by 601-Iz reject and band-splitting filters, then is fed into an Automatic Gain Con-

troller. Eight bandpass filters detect the individual tones. The chip provides the 
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Table 3.1: DTMF Coding and 75T2090 Digit In/Out 

hexadecimal Code Frequency 
Digit in 

/out 
D7  
D3  

Do  
D2  

D5  
D1  

D4  
Do  

Low Group 
fo  11Z 

High Group 
fo 11Z 

1 0 0 0 1 697 1209 
2 0 0 1 0 697 1336 
3 0 0 1 1 697 1447 
4 0 1 0 0 770 1209 
5 0 1 0 1 770 1336 
6 0 1 1 0 770 1447 
7 0 1 1 1 852 1209 
8 1 0 0 0 852 1336 
9 1 0 0 1 852 1447 
0 1 0 1 0 941 1336 
. 1 0 1 1 941 1209 
# 1 1 0 0 941 1447 
A 1 1 0 1 697 1633 
B 1 1 1 0 770 1633 
C 1 1 1 1 852 1633 
D 1 0 0 0 941 1633 

coded digital outputs which can drive standard CMOS circuitry, and are three-state 

enabled to facilitate bus-oriented architectures. 

The DTMF generator on the SSI 75T2090 responds to a hexadecimal code input 

with a valid tone pair. Pins D4-D7  are the data inputs for the generator. A high to 

low transition on LATCH causes the hexadecimal code to be latched internally and 

the appropriate DnIF tone pair to begin. The DTMF output is disabled by a high 

on RESET and will not resume until new data are latched in. 

The call progress detector consists of a bandpass filter and an energy detector for 

turning the on/off cadences into a microprocessor compatible signal. 
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Figuie 3 :3: Schematic of Telephone Line Interface 

IIIo Telephone Line Interface 

The telephone line intei face comprises of a ring detector, a remote off-hook detect 01, 

non/off hook contioller, a 2-1 convector and a DT1111? tranceiNer. In this section, we 

will only l)iiefly discuss the first truce. Two photo couplers and a transformer ale 

used to isolate the telephone line from the intetnal ciicuit. The schematic is Sio\\ 

in  Figuie 3.3. 

In "on-hook" condition, no DC loop exists tlnough the telephone set Only 1111'2. 

signals come in to signal a incoming call. When you pick up the telephone set , the DC 

loop is closed, the tesulting DC curient tells the central office that one wants to inal:e 

ot; 



a call and it provides a dial tone if the line is not busy. If the call is completed after 

dialing, the central office will send a ring voltage to the destination and a ringback to 

the caller. When the destination picks up the telephone-set to signal an "off-hook" 

condition, the central office will remove the ring voltage and connect the two parties. 

In the system, the computer has to 'pick up' hand-set, check call progress, and dial. 

During the receiving of a call procedure, /502  conducts because AC ring voltage 

comes in and it will generate an interrupt. The ring detect interrupt service routine 

will check ring voltage again and make Qi  on. When Relay K2 contacts close, they 

provide a DC path across the telephone line through B and R10. The resulting 

DC cuirent through R10  signals an "off-hook" condition to the central office, which 

then removes the ring voltage and connects the calling party to the line. Bridge 

rectifier BRI  ensures that, regardless of the phone-line polarity, the end of R10  that's 

connected to C2 is always positive with respect to the other end. When the other 

party hangs up the telephone hand-set, a pulse of high voltage will be generated 

and it instantly lessens the DC voltage appearing between tip and ring. That voltage 

change is coupled through C2 as a gated pulse that appears on IC8 pin3, momentarily 

illuminating the internal LED. The /S01  phototransistors then conduct, placing a 

brief low in pins 3 of U9A. That will be latched into a D flip-flop for the CPU to 

check and generate an interrupt when it is enabled. 

When the computer makes a call, it closes K2 and then checks the dialing tone 

from the output of U2A. After making sure of the dialing tone on the line, it sends 

a U2B DTMF signal to dial and check which signal appears on the line. If it is a 

ringback, the 'computer will continue to check and send the message to the input of 

U2B after the ringback disappears and Mole a timeout. 
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Figure 3.1: Schematic of 2-1 Converter 

IV. 2-4 Converter 

The signal on the phone line is the sum of the tfansmit and ieceive signals. The 

2-4 converter subtracts the transmitted signal from the signal on the line to foim 

the received signal. It is impoitant to match the hybrid impedance as closely as 

possible to the telephone line to produce only the received signal. Figuie 3.4 shows 

the schematic of the 2-1 converter. 

It uses two operational amplifiers, one in the tiansmit path and the othei in the 

receive path. The input fioin the CODEC or mouth piece amplifier provides a pin 

of 6 dI3 over thetronsing signal le\ el desired at the line. Under ideal conditions, IA it li 

no loss in the transfouner and perfect line matching, the signal level at the line will 

then be the desired -14113m. In piactice ho‘Never there is impedance nnswatth and 

loss in the coupling transformer. Therefore it may be desired to ptovide a gain in the 
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Sill/ware for ISM ;a'C '4, 

I. Introduction to Terminate-and-Stay-Resident 
• rogram 

A Terminate-and-Stay-Resident (TSR) program is employed in this design. A general 

idea about TSR is given here. 

TSR programs are loaded from the command line, and reside in memory above 

MS-DOS and beneath transient programs. After the TSR is made resident, DOS 

takes over, and the user can execute other programs. In the system, TSR interrupt 

service routine attaches the keyboard interrupt, timer, and /RQ2, so that the TSR 

can pop up as the result of one of the events, They can be a hot key, the timer when 

it reaches a previous set time, or interrupt source /RQ2. These events can occur 

while the system is executing another TSR, running a transient task, or waiting for 

a command. When the TSR is finished, the interrupted task resumes. 

As a single-task operation system, MS-DOS controls various resources to support 

a single task. The TSR program, when it interrupts another program and pops up, 

needs the services of MS-DOS. So the conditions available for popping up arid context 

switching must be handled with care to prevent the system from crashing. 

When a TSR interrupts a task, the context items that have to be switched are: 
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o Stack 

o Program segment prefix (PSP) 

o Control-Break setting 

o Critical error interrupt handler 

o Disk transfer address (DTA) 

o Video memory 

o Screen cursor 

Switching the stack can guarantee enough stack for the TSR. The TSR must 

switch the DOS PSP pointer to its own PSP which contains fields that control how 

the program operates. The TSR program should not be terminated when the user 

presses Control-Break or Control-C, usually to terminate the current program. The 

DTA has to also be saved because DOS reads and writes records from files opened 

with the FCB functions and searches directory in this area. And the video mode, 

video memory contents, cursor position, and cursor configuration must be saved and 

rectored since they all are used by TSR. 

Most MS-DOS functions are not reentrant. The typical TSR cannot operate 

without DOS functions. So the following flags are established to tell TSR if it can 

pop up or not. 

© Own running flag (avoid reentrant execution of itself) 

o Disk operations flag 

O ROM-BIOS video functions flag 
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o DOS busy flag 

In the system, the basic condition for TSR to pop up is set by three interrupt 

service routines. They are key ISR, timer ISR and an ISR that attaches to /R(22. 

Another feature of the TSR in the system is that it is able to communicate with 

the TSR after it is resident. It can be suspended, unloaded and can not be loaded 

for a second time if it is aheady memory resident. 

IL System Functions 

In this section, the software related to the system functions is explained. The main 

structure and flowchart of the software are shown in Figure 4.1 and menu structure 

in Figure 4.2. 

During telephone line connection, call progress signals the status of the telephone 

line. Call progress is measured by the presence of one or more supervisory signals 

on the phone line. There is the dial tone that tells you that the line is ready for 

use, the busy signal that tells you a call can not be completed, the ringback that 

simulates the ringing sound of the phone at the other end, and finally, an obscure 

reorder signal that tells you that the call only went halfway through and has to be 

repeated. Figure 4.3 shows all the standards for those new or precise call-progress 

signals. 

Two methods of detecting a call progress signal are by the frequency and their 

cadence. For the most reliable detection, both of those should be used together. 

Unfortunately, through the output of SSI 75T2090, the computer can only know 

if a signal in the frequency range from 3501Iz to 6201Iz is present or not. If such a 

signal is present, the computer must identify the call progress by its cadence. 
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Figure 4.3: Telephone Call Progress 

The computer samples and stores call progress detect from the output of SSI 

75T2090 at every fixed time period for thirty times. The computer also stores the ideal 

patterns for each call progress signal. For example, the pattern of reorder signal can 

be '11110000111100001111000011110000' and '11111111000000001111111100000000' 

for a busy signal. After all samples have been finished, the computer compares input 

sample pattern to each ideal pattern. The program has a threshold and shift function 

in case that the phases are different and noisy. When two patterns compare, they 

shift relatively to get the minimum number. The program checks if it is less than 

the threshold. If so, the number of that ideal pattern is returned. The programs are 

shown below. 

#define WAIT_TIME 5 

enum react { NOTIIING,DIALTONE,RINGBACK,BUSY,REORDER }; 

#define detect_tone() (((inportb(FONEPORT)&0x80) == 0)?0:1) 

unsigned one_num( long in ) { 
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When the computer records every speech data file, it must get a file name for that 

speech data in order not to be mixed up. The file name for each incoming call is 

defined as the specific time when a call comes in. The first letter of a file name with 
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A to L indicates January to December, the next two digits are day of month, the 

next two digits are hours and the next two are minutes, and the last digit indicates 

seconds. So the file name for incoming speech data gets a format of YDDITIIMMS.in 

and the program for the record file name is shown below. 

When a user wants to make future calls, he just selects 'outbound call' from the 

main menu and tells the computer the time, number and message for each call. The 

computer can do it one by one without attention. When the user sets a future call, 

an execution-time-pointer will point the nearest time he sets. The timer interrupt 

service routine will check the time each minute. The program for calling pops up 

if it reaches that time. The timer interrupt service routine also checks the hot key-

combination for the program popping up. The system has a function that it will stop 

after recording a certain period of time when it processes real-time speech data. A 

timer-counter is set in the main program and is deceased in the timer ISR. If the 
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timer-counter is zero, nothing happens. If it is nonzero, it will be decreased by one, 

and as soon as it is decreased to zero, the error-flag is set and real-time recording or 

playback ends. The following shows the timer interrupt service routine. 



The ring detector and data valid flag of DTMF receiver connect to /RQ5. Both 

of them can be read, reset and disabled. The program is activated when a call comes 

in. The previously recorded message will be sent out and the incoming message will 

be recorded on the disk. The information about all the incoming calls will be listed 

on the screen for the user to check or delete. 

A directory of up to one hundred phone numbers is built up for the user's con-

venience. The user can use this directory or just dial to make a phone call. Ile also 

can record the speech of either partner. When the line is busy, the user can set to 

automatic redial mode and the computer will dial again and again for him. 
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Chaster 5 

Conclusion and suggests:_•' Future 
/, ork 

Digital speech signal processing has lots of advantages over analog speech signal pro-

cessing. The integrated PC based Digital Speech System can perform detailed call 

accounting, message indexing for easy retrieval, and timed distribution of messages to 

pre-selected telephone numbers. The potential applications are many. In the future, 

with added features of speech recognition, speaker recognition, and text to speech 

conversion, the system can become more versatile and perform more useful automa-

tion functions. 

The speed of speech communications mostly depends on the speaking not listening. 

Sometimes, it is desirable to listen to previously recorded thirty minutes of speech 

within twenty minutes or even less with the same quality, intonation. There is no 

problem recognizing a speaker who speeds up his speech. You also can adjust the 

time of speech to fit it into a certain interval. This, as a suggested future work, can 

be achieved in the system. In this design, all compressed speech data are stored on 

the disk in a format of 54-bit frame and can be processed fui then. Normally, from 

forty to fifty percent of speech data frames are silent. Some of the silent frames can 

42 



be removed and the speech is still clear. Some unsilenced frames can be removed from 

a steady group of speech frames. It is possible that up to fifty percent of time can 

be saved. This processing can be realized by checking each frame, removing some of 

silent and redundant ones to decrease time duration of a steady segment, and then 

joining the remaining frames together. 

The system has been implemented with speech synthesis and analysis. If speech 

segments are stored instead of messages, the computer can create a sentence by itself. 

With implementation of speech recognition, it is possible that a PC based digital 

speech system with more intelligent functions can be developed. 
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