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(57) Abstract

16 16
A system for conducting simultaneous information exchange such as polling, in which a number of individual pre-

programmed telephone interface units (TTU) (12) transmit predetermined voice messages over individual telephone lines
(14) and receive information transmitted from the other ends of said telephone lines (14). Each TIU (12) operates inde-
pendently once connected to an individual telephone line (14) and stores the recipient responses. A master unit (MU) (10)
is provided which has a computer program for setting up the format, designating the telephone numbers to be called by the
TIUs (12) and storing the results. Each TIU (12) has its own microprocessor (42) and acts independently once it receives a

telephone number from the MU (10).
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IMPROVED POULING SYSTEM

Field of Invention

The present invention relates to an improved
system capable of automatically conducting a poll,
survey or providing information via the public

telephone network utilizing a synthesized human voice.

Background
The number of Touch Tone (DTMF) and rotary public

subscriber telephones in operation in the United States
is pervasive. Consequently, extensive use has been
made of these telephones to transmit both analog (e.g.
voice) and digital (e.g. data) information. It is well
known that the public telephone subscriber can obtain a
wealth of information by dialing for a prerecorded
message. Examples are numerous and include dialing for
weather, time, sport scores, and stock gquotations.
Such examples do not require the use of a computer to
store the information féquested. Some call-in only
systems utilize a synthesized voice, with the latter
capability being disclosed in U.S. Patent 4,489,438.
While this patent also describes multiple interface
units, each connected to a different telephone line,
each unit is under the control of the main computer at
all times and does not operate independently.

Polls, however, require human operators either to
ask questions or to gather responses. Pertinent
general polling systems are exemplified by the U.S.
Patents 4,377,876; 4,345,315; 4,258,386; 4,151,370;
4,107,735; 3,950,618; 3,537,889; 3,909,536; 3,906,450;
3,891,802; 3,826,871; 3,794,922; 3,5062,813; 3,456,192;
3,216,472; and 3,187,367. Furthexr, the use of
synthesized voices to conduct the polling and
subsequent subscriber response, by his telephone
keyboard or rotary dial, is disclosed in U.S. Patents
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4,451,79&;'4,320,256; 4,084,081 and 3,644,675.

However, none of the above prior art reveals the
combination'of_features provided by the present
invention whiéh include virtual simultaneous polling

' over any number of telephone lines through the use of
multiﬁie identical Telephone Interface Units (TIUs),
opeiatiﬁg independently once a telephone number is
trahsmittedrto the TIU by a Master Unit; the use of
preselected telephone numbers, or partial random digit
dial with predetermined three digit exchanges; the use
of an on-site personal computer to generate messages,
telephoné numbers and cross-correlate polled data; the
utilization of the same type voice synthesizers both in
a Master Unit for programming the TIUs and in each TIU
for simultaneous polling over individual telephone
lines once the TIU is programmed by the Master Unit; a
programming system having a code especially adapted to
polling operations; reduction of "dead time" by
épecialiZed branching and by a convenient address-~
specified message editing; incoming signal recognition
by,cifcuitry and TIU programs that approximate én FFT
analysis; recognition of a pulse or rotary dialing
teléphone at the dialed number and reconfiguration of
the associated TIU to be able to receive responses from
either pulse or DTMF dialers; the reguest of
cooperation in a teléphone survey of "X-length";
response by pressing certain numbers at the recipient's
telephone; call placing until a preset number of valid
polls have been attained; prevention of erroneous
answers or silence from contaminating pélling results;
avoidance of having the poll recorded on a telephone
answering machine} "call in"/"call out" convertibility;
and the use of a personal computer with an associated
'printer to control initial message set up and editing,

to keep track of results, to permit on-site cross-
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correlation of data and to permit on-site readout and
printing for providing highly specific and cross-
correlated polling results in near real time on an
economical basis.

More specifically, through the increased
utilization of polling systems, there has been an
increased reluctance on the part of the recipient to
answer the polling questions, be it human-generated,
generated by tape, or generated by synthesized voice.
Current polling systems usually utilize a single voice
generating system, be it a tape or a voice synthesizer
which must be accessed each time a question is to be
asked, or the recipient's answer recorded. Thesé types
of systems are increasingly cumbersome because of the
number of tape recorders or synthesizers that are
necessary and in view of the fact that in most systems,
only one outgoing telephone line can be accessed at a
time. In the usual case: polling may take place over
as’much as 6 to 10 minutes, with the particular
telephone line being tied up for this length of time.
The systems which can only access one speech generator
are incapable of doing simultaneous polling over
numbers of outgoing telephone lines. Polling problems
are exacerbated by virtue of the fact that most of the
polling systems, unless manned by operators, are
incapable of distinguishing the types of responses
given by the recipient with any degree of accuracy éuch
that the systems often misinterpret a ringing signal, a
busy signal, a noise signal, silence, or a Touch Tone
signal, and thereafter branch to the wrong type of
message. Branching to the wrong type of message not
only increases the annoyance of the recipient, but also
decreases the accuracy of the poll and indeed reduces
the credibility of the utilization of tnese types of

systems in general..
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One of ﬁhe most.annoying factors when utilizing an
automatic polling system is the frequent use of
telephone answering machines. There is nothing that
annoyé,a recipient more thad the recording of a polling
meséageron a telephone answering machine. Presently,
automatic polling'systemsrcannot detect the fact that
rthey are connected to artelephone answering machine.

Other problems currently facing the pollster's use
of automatic equipment revolves around the correlation
of results which often must be manually entered into a
different computer for processing. Current systemsi
while able to keep track of answers to individual
quéstions are not capable of on-site cross-correlation
of results. What is therefore needed is a system which
can correlate, for instance, the number of male users
with the number of Caucasians, with the number of
‘answers, as to whether the person is a Democrat or
Republican, along w;th a correlation as to age and a
correlation as tb'geographic area. '

. It'wiil be noted that the most accessible method
of correlation to geographic area is the telephone
eXChadge. Thus, a system which is capable of
programming exchanges ahead of time results in a system
‘capable of'analyzing polling results on an area by area
basis in real time. _ ,

The economical utilization of automatic polling
systems also is dependent upon obtaining valid
responses and eliminating those responses which are not
-valid. Not only doéé'the elimination of non-valid
responses permit more efficient use of the equipment so
that the polling can take place more quickly, the
coﬁtamination of the polling results with non-valid
responsés is indeed an important feature not

immediately available in present day equipment.
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Importantly, the most economical method of polling
ié the ability to be able to use a multiplicity of
outgoing telephone lines in such a manner that
simultaneous polling can be achieved over a number of
telephone lines, so that the entire poll can be
conducted over a relatively short and specifically
designated period of time. Moreover, the speed with
which the polling can take place, rather than being
dependent upon polling over a given length of time, is
preferably a polling sYstem which shuts down after a
predetermined number of valid answers have been
received in a given area. The system should also be
actuated only over a predetermined time period such as
at night after recipients are usually in their own
homes. ‘

Finally, it is very important to be able to
readily encode messages and provide for multiple type
of branching based upon the answers given, with a
minimum amount of "dead time" so that the fécipient has
very little opportunity to hang up. Messages must be
appropriate, easily edited, and "natural sounding", so
that a naturgl sounding message is transmitted, with
"dead time" between the initial message and any
following messages keing virtually eliminated. The
importance of the elimination of "dead time" cannot be
over-emphasized in view of the fact a recipient given
even a small amount of "dead time" may feel embarrassed
about answering a "computer's" questions and hang up
the telephone, as opposed to being encouraged to answer

the poll.

Summary of the Invention

In order to provide for less-annoying, easily
programmable, and a more efficient polling system, the

subject system automatically conducts a scientific




WO 88/05239

-

public opinionrpoll; This system utilizes a
syhthesized human voice to poll individual public
telephone network subscribers, then stores and analyzes
their telephone'responsés from either a Touch Tone
keyboard é:rxotary dial, in near real time to cross-
correlate poll results in the form of a computer
printout. The system consists of a number of major
- parts, including a personal computer with keyboard and
printer, a Master Unit having a microprocessor and
voice synthesizer, and a group of identical Telephone

Interface Units (TIUs), each having the same type of

synthesizer and microprocessor as the Master Unit.:

Moreover, each TIU includes special circuitry to place
and receive calls and to recognize the types of signals
from the recipient's telephone.  Under contrdl of the
personal éomputer, the digitizer and microprocessor in
the Master Unit both initialize all the TIU's with
messages and interface the personal computer via a
'RS232 serial pbrf with the TIUs. The personal

~computer, used to control the system, provides operator

input and output and'produces graphic printouts of the

Subscriber-keyed responses. The analogAto—dﬁgital
‘converter in the Master Unit converts analog audio to
digital signals for transmission to each TIU dynamic
random accéss memory KDRAM), one TIU being required for
each line used for the polling. The Master Unit also
'governs the transfer df data to and from the personal
computer. Finally, the TIUs are connected to the
public,telephone network via a specialized analog card
to establish cails, to monitor call progress, to
provide synthesized audio messages, to detect DTMF and
"dialrtelephone respohses, and to provide status and
results to the -Master Unit for computation by the
personual computer. '

The subject is thus an efficient easily-programmed

PCT/US87/03405
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and non-annoying polling and data acquisition system
which includes, either singly or in combination, the
utilization of identical voice synthesizers in a
polling system for quick branching and easy message
editing, as well as for the elimination of "dead time";
the provision of unigue formatting or coding systems
for ease of message formatting and results retrival in
which the number of numbers dialed back, specific
numbers dialed back, or numbers within a given set of
numbers dialed back can be selected; branching to a new
message set if a pulse dialed telephone is reached; the
use of a personal or other computer for initialization,
message set up and editing, telephone number
generation, and on-site response cross-correlation and
printout; and, the use of a Master Unit as an intexrface
to a number of identically-configured Telephone
Interface Units, each once initialized, operating
virtually independently for simultaneous ‘pdiling and
receipt of inform;tion over a. number of telephone
lines, once telephone numbers have been inputted into
the particular TIUs from the personal computer. The
personal computer and Master Unit are also provided
with a token-passing system to ascertain the identity
of a particular TIU and its condition as to whether it
is to receive é telephone number or dump its stored
received responses back to the personal computer for
analysis. Utilization of multiple TIUs permits
simultaneous or near-simultaneous polling, with the
only time that the TIU is dependent on the personal
computer being the time that a particular telephone
number is inputted into its memory and the time it
dumps its information back through the Master Unit to
the personal computer. Programming of each
individual TIU is accompl shed through the Master Unit

which simultaneously proyrams all TIUs with particuler
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message and branching sequences. The use of the same
type of voice synthesizers in each TIU and the Master
VUnit permits random access and branching, as well as
editihg capabilityrfbf the elimination of "dead time"
in,telephoning, ~ thereby to minimize annoyance of the
recipient and consequent non-response. Branching
withouf the use of a single source of voice messages,
such as multiple tépe recorders or a single all-purpose
synthesizer, permits flexibility through the
' utilization of individual voice synthesizers and
indepéndent computer control within each TIU.
On-line computer cross-correlations permlt
" generation of hlghly tailored statistics from the
responses, as opposed to mere tallles of results, to
prov1de demographlc or other profiles, which cross-
correlated statlstlcs.are available in printed form
"from the personal computer's printer on a timely basis.
| ‘Branching is aided by a unaque inexpensive
equivélent-to a spectrum analyzer which analyzes the
1ncomlng 51gnals ‘to ascertain a ringing condition, a
busy condition, a voice condition, a noise condition,
and recipient silence. This is accomplished by
clipping the incoming Signal so that it provides pulses
~‘and then determlnlng the type of signal that is coming
in by- detectlng the time difference between rising
'edges of adjacent pulses, with correlations of the
spectral content of the;lncomlng signal in different
frequghcy channels being utilized to further ascertain
‘with a high degree Of'accuracy the type of incoming
signal. This unit is alsd utilized to detect the
‘presence of a tape recorder at an answered telephone by
the detection of continuous voice over a predetermined
- period of time, usually eight seconds, at which point
“the system hangs up rather than leaving a lengthy

message. This eliminates annoyance of polling messages
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recorded on home telephone answering machines. This
spectrum analyzer hybrid also permits the utilization
of expanded criteria for branching by permitting the
ignoring of noise transients.

Branching decisions are based on answers, with
branching to another sequence on a non-response Or an
erroneous answer being important because it prevents
contaminating the polling with erroneous answers. A
Dual Tone Multiple Frequency (DTMF) detector is
utilized to detect answers from so-called Touch Tone or
DTMF systems, whereas a specialized system is utilized
for rotary or pulse dialers in which noise introduced
via long distance telephone networks is discriminated
against through the asking of a recipient to dial a
particular number and measuring the time duration of
the noise generated during the pulse-dialed response.
Other pulse-dialed numbers are then detected by virtue
of the existence of the same type of noise over a
predetermined multiple or fraction of the time period
of the noise generated by the original pulse-dialed
number. Thus, pulse dialing of a recipient's telephone
is detected in one embodiment through detection of a
number of noise pulses within a predetermined time
period followed by a predetermined silence. In
summary, due to the noisy nature of pulse dialing, the
subject system in one embodiment detects a certain
pattern of noise "hits" in a period to ascertain the
numbers from pulse dialing telephones.

Programming of the speech sysnthesizer in the
Master Unit is accomplished during an initialization
procedure to provide "natural speech", with the method
of speech synthesis also providing editing capability
and trimming of the outgoing message through the
changing of the starting address and ending address of

the message.-
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Polling iﬁ télephohe groupings in which the first
three digits are selected for given exchanges, followed
by four random numbers permits convenient fast
designation of polling areas, as well as an efficient
means of generating random telephone numbers with éiéen
exchanges. This feature also assists cross-
correlation. 7

Moreover, in one embodiment, the system is
inactivated after compiling a predetermined number of

' responses which are determined to be valid, with the
system also being programmable not to call out during
certain periods during the day, or to be programmed to
call out only during certain periods of the day.

Finally, "call in"/“call out" convertibility
permits the system to be configured either in the
normal polling system configuration in which numbers
are randomly dialed, messages given, and results cross-
,éorrelated; or a dial-in system is provided in which no
telephones are dialed. This is accomplished through
the utilization of the storage associated with the

- aforementioned TIUs, and a detector which detects when

a TIU is receiving an incoming telephone call,

Brief Description of the Drawings

-These and other features of the subject invention
 wili be better understood taken in conjunction with the
"detailed description and the drawings of which:

Fig. 1 is a diagrammatic representatioh of the
subject system illustrating the utilization of a
personal computer, a keyboard, and associated printer,
along~withra rack cohtaining a Master Unit and a number
of'Telephone Interface Units connected to a telephone
network and thence to individual recipient telephones.

Fig. 2 is a block diagram illustrating the subject

system in which the elements of Fig. 1 are described in



WO 88/05239 PCT/US87/03405
-11-

more detail, including a further functicnal description

of each individual Telephone Interface Unit of Fig. 1.

Fig. 3 is an expanded block diagram of the Master

Unit of Figs. 1 and 2.
Figure 43 is a block diagram of the CPU, voice

sysnthesizer and memory for each of the Telephone

Interface Units of Figs. 1 and 2.

Figure 4B is a block diagram of the analog

circuitry utilized in the Telephone Interface Units of

Figs. 1 and 2,

Detailed Description

Referring now to Fig. 1, the subject polling
system in general includes a Master Unit 18 and a
number of Telephone Interface Units 12, each of which
is individually connected to a different line in a
telephone network 14, which in turn routes each
individual TIU to an individual telephone 1l6. Master
Unit 10 is driven by a computer 18, in a preferred

embodiment, a personal computer which has, as is usual,

SUBSTITUTE SHEET
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a displey 2ﬁ, a mempry and processing unit or CPU 22, a
'keyboard 24 and optionally a printer 26 for printing
out cross-correlated polllng results.

The polllng system in general works ba31cally in
two modes of operatlon.' The first mode of operatlon is
the "call out" mode in which exchanges are
automatically dialed through the programming of the
perSonaie'eomputei which routes the teleplhone numbers
through the Master Unit to a "free" TIU to dial out the
‘particular number. The personal computer generates
telephone numbers ih,accordance'with a predetermined
sequence or a predetermined set of exchanges, plus
randomlyﬂgenereted four digit numbers. The "call
out" mode is utilized to ascertain information from the
tecipient through the utilization of a synthesized
voice and cueing system which is programmed into the
Master Unit by virtue of comphter 18.

This ‘initial pfogramming is transferred to each
TIU'such that each TIU operates independently once
having been pregtammed by the Master Unit, and once
having received a telephone number to be dialed. The
Master Unit therefore serves the function of.
initializing all of the TIUS by synthesizing the voice
méséages to be transmitted, ordering the messages, and
providing the Branching instructions upon receipt of
responses by the recipient or incoming signal type.
The Master Un1t then serves the function of routlng to
the TIUs the telephone numbers to be dialed and routing
to compute; 18, via an RS232 interface, the information
obtaineé through the poliing such that cross-

- correlation can be performed by computer 18 and then
prlnted out via printer 26.

Thus,_unlque to this system is the utilization of
a MaSter Unit to synéhesize the voice to be transmitted
‘via microphone 28, editing of the messages to be
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transmitted, and the instantaneous replay of the
messages prior to the programming of the TIUs via an
internal speaker, here illustrated in dotted outline by
reference character 30. The volume of the recorded
message is controlled via a front panel control knob 32
and the level thereof is adjusted in accordance with a
bar graph LED type display 34.

It will be appreciated that each of the TIUs is
connected to the telephone network via telephone lines
36 such that the system can simultaneously poll large
numbers of exchanges through the use of identically
configured TIUs, each with its own synthesizer and
microcomputer similar to those of Master Unit 1@. The
use of the synthesized voice precludes the necessity of
using a single synthesizer for the entire system, be it
a tape or an electronic device. The use of identical
synthesizers in each of the TIUs prohibits the results
from the peolling being skewed because a uniform polling
voice is utilized. The packaging is, of course, m&ch
smaller than that which would be required when using
multiple tape machines; and the ability to edit and
access different messages is made considerably easier
due to the ability to address the synthesizers both in
the Master Unit and in the TIUs. Thus branching can
occur without multiple tape recorders, with each of the
synthesizers being addressable and independently
controlled by the microprocessor in each TIU. As will
be described, the utilization of the synthesizer and
its associated memory permits editing through the
utilization of start and end address specifications
which reduce the amount of "dead time" in telephoning,
such that the branching may be accomplished.

Thus the utilization of a voice synthesizer and
duplicate CPUs and memories in each of the TIUs permits

virtual simultaneous polling, since, once provided with
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- a teiephone number, each Telephone Interface Unit can
call out independently and separately on the telephone
line without access to any main ccmputer or any shared
synthesizer or tape. The Telephone Interface Unit
thetefo:e'accomplishes'all of the functions necessary
in poliing, with the multiple Telephone Interface Units
being both small in size, programmed intially by the
Mastef Unit and left alone thereafter to perform the
particular polling task. 7 '

As will be-described, a specialized software-
implemented spectrum analyzer is utilized to
disfinguish ring signals,‘bﬁsy signals, or noise to
permit branching based on the type of signal that is
detected. Moreover, software Fast Fourier Transform
{({FET) detection bfrpuise dialing at a recipient's

-telephone; the"presence'pf a telephone answering'
machine, or the presence d: absence of voice, aids in
the eoperation of;the,sﬁbject polling system and makes
it both efficient and less-annoying‘for recipients.

- Another feature of the subject invention is that
branqhihg based on answers is providéd within each
Télephone Interféce Unit, which branching can be

'preproérammed by computer 18 or can be a branch due to
a non-reponse to a éueétibn Or an erroneous answer.
Branching on an erroneous answer is pérticularly

- important because it preventsrconfaminating the poll
with:erroneous answers. Thus the poll is a result of
valid'answe:s and assures more accurate results.

7 With respect to the programming of the speech
'synthesizer of the MaStef Unit, an analog-to-digital
converter ié utilized followed by a CPU and memory
which in turn outputsrﬁessage signals to a digital-to-
analqg¢COnverter which proéuces a natural sounding
voice, This is important with respect to bolling

because of the ﬁniformity of tne voice utilized in the
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poll and because of the generation of "natural speech"
which can duplicate the speech of any individual and
therefore can be made to be recognizable. This is in
contradistinction to computerized speech which would
aggravate those being polled to the point that they
may hang up. 1In the subject system an OKI model
MSM5218RS is used.

Further, with respect to the use of the personal
computer, the polling may take place in selected
telephone groupings; with the first three digits being
preselected for given areas, e.g. exchanges, and with.
the remainder of the numbers being generated in a
random fashion to provide for the best random sampling
possible,

As mentioned hereinbefore, trimming and editing of
the outgoing message through the changing of the
starting address and ending address, permits quicker
access and effective trimming with less "dead time"
which is objectionable to the respoﬁdent. Thus, with
the subject trimming techniques, the results are
professional sounding messages which can be edited
easily without a number of retakes.

Moreover, the entire polling system, while it can
take place over a given time period can be inactivated
after compiling a predetermined number of valid
responses. Additionally, the system can be programmed
not to call during certain periods of the day.

As a further feature, each of the TIUs includes a
pulse dialing detector in software which detects
numbers of sigual pulses within a predetermined time
period and a predetermined silence period, such that if
there are the prescribed numbers of pulses and silence,
it is assumed that pulse or rotary dialing has been
utilized by the recipient. Since either a Touch Tone

(DTMF) telephone or a pulse dialing telephone may be
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reached and since the Touch 7Tone telephone has more
capébility, it is important to know the type of
teiephone connected to a given TIU.
~ The subject system also has a "“call in" feature
whichféan,be switched by software selections from the
personal computer from the "call Out" polling just
described. For purposes of the subject invention,
"call in" means that rather than accessing telephone
network 14 with a séqdehce of either preprogrammed or
'randomly generated numbers, the system, in this mode of
' operaﬁion, receives the calls from individual network
V_uéers.' Thesé individuél calls are routed to "free"
TIUsjrat which point the function of the TIU is
idehtiéal:to the "call out" functions described before,
~ The telephone network selects which of the TIUs the
iﬁcoming call is rbuted to and hunts for an unused or
- free TIU, with thé'TIU sensing incoming ring signals.
”'Refetring now to Figure 2, %s can be seen,
computer 18 along with printer 26 and keyboard 24 is
utilized through a RS232 interface 70 to drive Master
Unit 18 which'is diagrammatically shown in this figure.
and includes a éynthesizer,portion 4¢ and a
microprocessor 42. As will be described,
‘miérbprocessor7427includes a CPU and associated
'memories.',This—is an important feature of the subject
invenfion in that the synthesizer, as well as the
functions performed by the TIU.- are connected by a
handshake through the individual CPUs of each of the
individual TIUs. The system of driving and processing
the oufgoing signals, as well as the incoming signals
by utiliiing armain mémory and a CPU in each TIU which
:duplicétes,:to a cértain'extent, the main memory and
CPU in the Master Unit permits the main memory and CPU
of_eachrof the'TIUs to perforrm the numerous tasks
ianlved'in'the polling system without having a
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centralized computer which must be accessed on a time-
shared basis in order that the polling functions be
performed. This also permits a general solution of
providing outgoing messages and processing of incoming
information through the utilization of software-driven
apparatus. As will be described, hardware in each TIU
provides for tone decoding, call progress detection,
tone generation, dial-pulse generation, ring-in
detection, and a dial ringing output (DRO) detection,
i.e. detection that a telephcne number is being dialed.
Referring back to Figure 2, each TIU 12 includes
its own CPU 44, its own main memory 46, a voice dynamic
memory 48 coupled to a synthesizer 50, its own dialer
52 which is under the control of its CPU, its own tone
generator 54 such as National model TP50688, a Touch
Tone decoder 56 such as Teltone model 957 and a call
progress detector 58. Call progress detector 58 is
commercially available as Teltone model 982 which
detects a dial tone signal, a busy signal, or a ringing
signal for purposes of the aforementioned branching.
The TIU also includes a pulse generator 64 such as
Motorola model MC14498 and an audio presence signal
amplifier and comparator 62 which amplifies the
incoming audio signal and squares up the incoming
signal through the utilization of a comparator type
clipping circuit. This is used to produce pulses for
signal recognition by the equivalent of a Fast Fourier
Transform analysis sytem, in which the frequency of the
incoming signal is utilized by the CPU in the TIU to
reliably determine ringing, busy, noise, and voice
signals by software processing techniques, thereby to
permit branching upon signal types which heretofore
have been difficult to detect. A
The TIU also includes a transmit audio amplifier

64 such as National mudel LM39§8 as will be described,
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as well as, a ring-in signal detector as part of the
telephcne'interface'circuits such as Cermétek model
1810 utilized in the "call in" mode of operation.

It will be appreciated that in operation, the
system is initializéd through utilization of keyboérd
24 which configures the Master Unit to accept the

- entering of a message into the synthesizer portion of
the Master Unit by virtue of microphone 28. The
keyboard control also permits message tfimming through
the utilizationrof start and end addresses, and
establishes the sequence or format for the message
transmission and receipt of polled information. This
informatibn is the result of the recipient dialing in a
number. The keyboard provides preprogramming for the
Vtelephone numbers to be dialed either directly or
through the utiiization of exchanges plus random
numbers, and permits defining the dates and times for
the sdrvey: The number of completions and the maximum
number of calls to attempt are also programmed in at
the'keyboard.r The personal or other compufer processes
the:polling returns and prints out the corss-correlated
tesults in any of a number of predetermined formats, as

~well as providing a menu selection function so that the

‘user is easily prompted to configure the system for his
-own particular puiposes.

- Master Unit

Referringy to Figure 2, in order to implement the
menu-driven inputs, computer 18 is coupled to Master
Unit lﬁ'by an RS232 interface cable 78 which, upon
appropriate command, pefmits the Master Unit to
digitize,thermessages to be transmitted through the
polling system and provides an immediate ability to
read out and edit through the aforementioned speaker

30. The output of the Master Unit is coupled via data
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and address busses 72 to each of the TIUs through a
back plane attachment system so that the voice-in
sequence can be programmed into the TIU, as well as the
branching format which is utilized in the polling
process.

Referring now to Figure 3, microphone 28 is
coupled to the Master uUnit through amplifier 72 which
is in turn coupled to an input audio filter and sample-
and-hold buffer 74. This buffer is, in turn, coupled
to an analog-to-digital converter 76. A bar graph
display 78 is provided which includes a bar graph
driver and a LED bar graph display 82 of Figure 7, as
will be described hereinafter.

Analog-to-digyital converter 76 is coupled to an
analysis and speech syntnesizer unit 84 which, in one
commercial embodiment, is an OKI model MSM5218RS unit.
Output of the synthesizer 84 is coupled to an
encode/decode-buffer 86 which, in turn, is coupled to a
dynamic memory 88, which dynamic memory is utilized for
the digital storage involved in the generation of the
speech. As can be seen, upon a dump command over line
99 from the Master Unit's CPU 52, the dynamic memory is
dumped via bus 94 back through the encode/decode buffer
86 through speech synthesizer 84 and then out to the
output audio filter 96 which drives speaker 340. The
dynamic memory for the speech is controlled by address
decoder logic 108 to decode dynamic memory addresses
over bus 102 from CPU 92 and provide the appropriate
address to the dynamic memory by an address bus 14@4.

It will be appreciated that the output of the
dynamic memory for the speech is provided over a data
bus 186 to a transceiver 108 between the dynamic memory
and CPU 92. Transceiver 108, is connected to CPU 92
via a data bus 118. The CPU includes a microprocessor

and a buffer and is coupled to a Master Unit memory
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generally indicated by dotted box 112 to include a PROM
114 connected to the CPU via data bus 116 and address
bus 118; and to a RAM 120 connected via data bus 122
and address bus 124, The PROM or the RAM 1is enabled
alterénatively by a memory decoder 126 which is
‘controlled by a memory enable line 128 from CPU 92 to
either activate the RAM as a scratch pad memory, or the
PROM which is the software drive. Note that memory

 decoder 126 is driven via an address bus 13¢ which is
coupled to the CPU 92, '

CPU 92, along with its microprocessor and buffer,
is utilized in one instance via a data bus 132 to drive
one portion: of a TIU/Master buffer and timing unit 134
which;inéludes, in essence, two sections. The first
section is the Master/TIU buffer 136 and timing strobe
subunit which serves to couple data generated by CPU 92
‘vi'arr bus 138 to “Master/TIU line drivers 140, which in
turn ébuple'datérand strobing to the TIUs.. Unit 140
includeé,buffers for a non-maskable interrupt signal,-
NMI,EWhich, in gene:aI,ris used to instruct the TIUs to
look at the data, e.g. the output of the line drivers
which are . strobed or sampled at a given time.

The second portion of unit 134 is the TIU/Master
buffers 142, It is utilized to transmit information or

data from the TIU to the CPU of the Master Unit. This
iﬁfbrmation is then processed and read out through the
RS232 interface cable 78 to computer 18 so that the
responses, properly processed by the Master Unit, can
be analyzed by ‘computer 18. The RS232 interface,'as
will be described heteinafter, is illustrated by
reference character 144. ,
- An LED latch 152 coupled to data bus 132, drives
maéter LED diSplay 154, which provides a visual.
representation of the. mode of operation of the Master

Unit in terms of an "operate" mode, "test"™ mode and at
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least two "alarm" modes to, for instance, indicate
whether or not there is proper communication between
computer 18 and the Master Unit or between the Master
Unit and the TIUs. '

The aforementioned address bus is also utilized to
control a port decoder unit 150 which serves a number
of functions critical to the operation of the Master
Unit. In general, the port decoder provides a number
of "enable" signals, as will ke described.

The enable signals from the port decoder are
controlled via signals over an I/0 line 156 from CPU
92, The enable signals from the port decoder are
delivered over lines 158-168 such that the enable
signal on line 158 enables the LED latch 152; the
enable signal over line 160 enables the encoder/decoder
buffer to the synthesizer, i.e. encoder/decoder unit 86
to set the parameters for the synthesizer in terms of
the number of bits and the frequency for proper
analysis and synthesis; the enable signal on line 162
and Read or Write commands from the CPU 92 configures
transceiver 108 in either a transmit or receive mode;
and encoder/decoder unit 86 in either a corresponding
READ or WRITE mode; a signal over line 164 configures
via TIU/Master buffer and timing unit 142 to indicate
to the Master Unit CPU 92 that all of the TIUs are
ready for the next global communication; enable signal
over line 166 which is coupled to subunit 136 reads out
information or data to the TIUs; and enable signal over
line 168 which is coupled to unit 14¢ enables the
microprocessor buffers for the transmission of data to
the TIUs. It should be pointed out that the TIU READY
line from the TIUs enters subunit 142 and is enabled
via a signal over line 164 to transmit the TIU READY
indication to the CPU via the data bus 132.

Note that there is a WRITE line 172 which is
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,cohpled from CPU 92 to subunit 136 and a READ line 174
which is coupled from CPU 92 to subunit 142 for the
conﬁroi thereof. A
It will bé appreciated that throughout the subject
system numerous data busses are shown for ease of
.description. Also shown are a number of address busses
likewise to facilitate the description of the
invention. 1In practice, however, only one data bus is
utilized and only one address bus is utilized for the
proper,control of'the relevant units.

Teiephone Interface Unit

7 Referring now to Fig. 4A, the CPU memocries and
synthesizer of each TIU emulate or are made to emulate
' the corresponding units in the Master Unit. More
specifically, the microprocessor éection,,the PROM and
RAM, the TIU/Master buffer, the Master/TIU buffer, the
memory decoder, the port decoders and drivers, the
transééivers, the address decoder -and main memory
dynamic RAM emulate those of the Master Unit, with the
exception that the main memory dynamic RAMs for each
TIU have fqur_timeS'thé capacity of those of the Master
Unit'because they must store the entire outgoing voice
méssages, whereas the Master Unit only stores one at a
time. Thus, the data bus from the Master Unit here
,illustrated in Fig. 4A by reference character 206, is
coupled to a MaStei/TIU'buffer and timing subunit 282
of 'a composite unit 204 which includes the TIU/Master
 buffer and timingrunit 206. It is the purpose of this
‘unit, amongst other things, to provide data over a bus
2¢8 to the CPU 217 of the TIU. - Likewise, data from CPU
21@’@3 delivered over a bus 212 to TIU/Master and
buffer timing unit 206 to be transmitted via bus 214 to
Master Unit 16 and then via the RS5232 interface 78 to
computer 18, so that the infoimation derived during
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polling may be processed. The CPU in each TIU includes
a memory, in general illustrated by dotted box 216, to
include a PROM 218 and a RAM 22¢, respectively having
data busses illustrated at 222 and 224 and address
busses illustrated at 226 and 228; with the PROM and
RAM being under the control of a memory decoder 230
which is driven by a memory enable line 232 and is
addressed via an address bus 234.

Each TIU includes an identification number
generator 240 which is preset by switches SWl1 and SW2
to provide a unique code over data line 242 to CPU 210
within the TIU. This uniquely identifies the active
TIU for purposes both of dialing out and transmission
of information to the rascipient as well as receipt of
the polled information from the recipient.

CPU 210 also drives an encoder/decoder buffer 250,
which, in turn, drives a dynamic memory 252 which is
under control of an address decoder logic 254 that
receives addresses over address bus 256 fiom CpPU 214.
The purpose of this portion of the dynamic memory is to
drive the speech synthesizer through the
encoder/decoder memory 252 and the audio signal decoder
and latch circuit 260 which serves as the speech
synthesizer for the individual TIU. The output of
synthesizer 260 is coupled to a low pass filter and
amplifier 262 which is coupled to an analog card 278 to
be described hereinafter.

It will be appreciated that the CPU, voice
synthesizer, and memory is carri.d on a separate card
272, although the functions as described here
interrelate as will be seen. As described before, a
port decoder and driver 264 is driven via an address
bus 266 from CPU 218 to provide a number of enable
signals over lines 274-286. The enable signal on line

274 is coupled to synthésizer 260 to set the parameters
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for the synthesizer in terms of the number of bits and
the frequency for proper synthesis. The signal over
line 276 clocks the data into the latch portion of the
synthesizer and then to thersynthesizer circuitry. The
enablérsigdal transmitted over line 278 is the
aforementioned TIU READY signal which is transmitted
back to the Master Unit. The signal transmitted over
line'28ﬁ is coupled to encoder/decoder 2540 to enable
the dynamic memory encoder/decoder buffer. The.enable
signal.transmiﬁted over line 282 enables the TIU/Master
buffer to enable this unit to send data back to the
Master Unit. The enable signal transmitted over liné
284 is transmitted to the analog card of Fig. 4B to a
microprocessor interface which includes a data
. interfaée 292 and a éignal interface 294,

' Referring back to Fig. 4A, the enable signal -over -
‘line 284 is coupled to data interface 292 to read data
from arTouch Tone or DTMF decoder 296 and to permit the
writing of data into a dfél—pulse generator 298 and a
tone'generator 360 as required. Thus an enabling
signal ovér line 284 either reads the results of the
'DTME decoder 296 back to the TIU memory or writes data
both into the dial-pulse generator 298 or the Touch
Tone generaﬁor 300 depending on which mode of operation
is selected by a switch S§2 coupled to the dial-pulse
generator and then to theitelephone line interface and
buffer amplifier 3¢2 which determines whether Touch
Tones are transmitted over the'telephone network or
pulses. Switch S1 sets the number of pulses/sec., i.e.
l@'or,ZQ. In order for the Touch Tone generator to
provide the appropriate tones they are amplified and
buffeted by a transmit auSio amplifier and buffer 304,
which is also coupled to the output of the low pass
filter and amplifier 262 to transmit the synthesized

voice over the telephone line.
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The enable signal over line 286 1is coupled to
signal interface 294 either to write data to an LED
display driver 366 or to read data from a call progress
detector 308 or the audio present line detector 310
whose functions will now be described.

With respect to call progress detector 308,
signals from the telephone line interface buffer and
amplifier 3¢2 are applied thereto, with this hardware
circuit determining whether the signals over the
connected telephone line reflect & dial tone, a busy
signal, or a ringing signal.

With respect to the audio present amplifier and
comparator 310, tlis unit is connected to the telephone
line interface buffer and amplifier and thence to the
signal interface 294 and CPU of the TIU which indicates
via a signal over the appropriate line that an audio
signal is present which may represent either noise, a
voice, or any incoming audio signal which may be used
for any of a variety of pufposes. The processing by
the CPU constitutes the software analysis of the
incoming signal to identify the type of signal coming
in. In one embodiment, preference is given to the
software analysis versus the hardware analysis of the
call progress detector. Here detector 308 is used to
check the software analysis. Alternatively, the roles
can be reversed.

With respect to the LED display driver 3¢6, this
driver is utilized to indicate an "“off hook"™ condition,
a dial tone receipt, the presence of ringing, the
ongoing polling operation, or an alarm condition such
as the non-receipt of a dial tone.

Referring to Fig. 4B, it will be appreciated, as
seen from the diagram, that there is a two-way data bus
going from the CPU 21¢ of the TIU to the microprocessor

interface 298 in that there is two-way communication
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oVe: the data bus with respect to the data interface
subunit 292, whereas a signal interface subunit 294
‘also is coupled td.this two-way bus. The purpose of
the Sighal interface unit is to hand off to the TIU's
CPU the'hardwareéderived presence of a dial tone; a
busy signal, a ringing signal, an audio presence
,éignal; and a ting—in signal developed in the telephone
line interface 3@271s stored in the ring-in flip-flop
314, the purpose of which is to establish that an
incoming call has been received. The ring-in flip-flop
is, as illustrated, coupled to the telephone line
interface buffer and amplifier for this'purpose. Note,.
for the "call in" mode, the reset signal froﬁ data
interfaée unit7292»is coupled to the ring-in flip-flop
. 314 to reset the ring-ih flip—flop to receive the next
‘call after the present call is finished.

Also provided is a dial ringing output (DRO)
signal from DRO unit 316‘which is coupled to signal
interface subunit 294, with a signal therefrom
indicating that a dialing operation is occurring. - It
will also be apprediated that the TIU includes an

ianélcg timing—section 3278 which has output signals to
congrol the dial pulse generator 298, the Tbuch Tone
generator 3¢9 and to enable DRO unit 316; with signals

" from the analog board timing section permitting the

' dialing of numbers derived from the data interface
subunit 292 over data bus 322. .

~ also shown is an enable line from data interface
subunit 292 to the signal interface subunit 294, which
is an Intel model 82127intérrupt that indicates to the

. CPU that there is data in the 8212 storage register,
with the presenée of an enable signal on this line
~indicating that the DTMF decoder has determined that
incoming DTMF data is present and has been latched in

the 8212,iegister; which:data'is ready to be read out
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to the TIU's CPU, in this case CPU 2140.

As an optional feature, an enable signal from the
data interface subunit 292 over line 324 may be
utilized as a squelch control for the telephone line
interface buffer amplifier 362.

It will also be appreciated that the data
interface subunit 292 produces a reset signal over line
326 to the DTMF decoder 296 after a call is finished,
whereas DTMF decoder 296 produces a signal over line
328 back to the data interface unit 292 indicating that
the incoming line is a DTMF line, not a pulse line. If
the incoming line to which the TIU is connected via the
telephone interface unit 362 is a line which is
connected to a pulse dialing telephone, it would
therefore be important to note this so that specialized
processing may be instituted in order to obtain
information relative to polling. Alternatively,
information from pulse dialing telephonés may be

ignored.

Overall Operation
An understanding of how the subject system
operates will be evident from the following example of
how the user sets up, runs, and displays the results of
a scientific public opinion poll or survey. Note,
menus provide the user with a series of prompts to
guide him through the entire set-up, run, and display

results sequence.

First, the user turns on his personal computer and
enters the correct date and time on his monitor via his
keyboard. The personal computer then automatically
loads the operating program. Following notice of the
copyright and clear RS232 page, the user obtains the
Master Menu on his monitor by pressing ANY KEY on his

keyboard.
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PreSsing 8 pfovides the user with the Set Up
Shrvey Menu. Information for each of the first four
items, i.e., V, F, P, and T must be recorded or entered
into the system prior to running the survey.
>Accordiﬁgly, the user presses V, which results in a
Record Voice Messages Menu appearing on his monitor.
He then is prompted through a series of steps to record
his message at the proper audio level, controlled by
adjusting the Aﬁdio'Level meter on the Master Unit
panel and with the proper message length, "X". When
this has been done,rthe user presses S, which sends the
recorded message to the TIUs. A Data Transfer Light
Emitting Diode (LED) in each TIU turns on during the
‘recorded message transfer and turns off when the
transfer is completed. A similar procedure is reguired
for each different message to be recorded. After all
such messages have been transferred to the TIUs, the
user presses X to exit the Record Voice Messageé
segment and return to the Set Up Survey Menu.

Nextrthe'userrpresses"E to record the flow
control, i.e, to determine which message is to be sent
over the:télephone'lines and when it is to be sent.
Pressing F provides the user with a Record Flow Control
Menu on his monitor. 1In the Current Flow Chart
example, "A" signifies,ﬁhé first message, "B" the
second, "C" the third, etc.; the numbers 1,2,3, etc.,
representing responses from fhe person being surveyed.
The dash "-" indicates the start of a:voice message
whose symbol follows. Thus Al1B2C3D-BE-CE-DE-E
indicates that message "A" followed by response "1"
triggers message "B", which with response "2" triggers
message "C",'With which response "3"™ triggers message
"D", etc., Pressing I allows tne user to input new flow
chart data and then pressing S sends the data to the

Master Unit microprocessor for storage. When this has

PCT/US87/03405
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been done the user presses X to return to the Set Up
Survey Menu.

The next item that must be recorded is the
telephone information and the user accordingly presses
P. This results in the appropriate Telephone Menu.
From this menu the user has three choices of teleplione
numbers to call; that is, numbers arising from a random
number generator, a user generated list, or a purchased
list. The user selects which of the three he wishes by
pressing R, U, or P and enters the required input
data as directed on his monitor prumpts. When such
input data has been entered, the user presses X and'
returns the user to the Set Up Survey Menu.

The final item that must be recorded before a
survey run can be made is the survey schedule itself.
The subject system allows the user up to three sets of
start and stop times for each day of the survey. By
pressing T on the S22t Up Survey Menu the user obtains
the Record Survey Schedule Menu. After the proper
entries have been made the user presses X to return to
the Set Up Survey Menu. A second pressing of X returns
the user to the Master Menu. At this point all the
needed input information has been entered and the user
is ready to run the survey.

By pressing R on the Master Menu, the user obtains
an initial’zer Menu which allows "C" clearing all old
data before starting a new survey. "V" is the same as
"C" but saves voice messages to hard disk first or "R"
to re-start an existing survey as if never stopping, or
X for Master Menu then obtains [if not "X"] a Run
Survey Menu. Then items D, V, T, B, and C on this menu
are intended for testing and checking the system prior
to the actual running of the survey, which is done
automatically on the scheduled time and date, if the
system is not in the D al Test mode or can be
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accomplished by pressing S. Pressing P provides the
user with a real time printout of the survey results to
present'as they are obtained while the survey is in
progreSs; When the survey has been completéd, if the
- user chooses to terminate the survey at any time,he'may
do so by pre531ng E. By'pressing X he returns to the
Master ‘Menu,

After the survey has been completed, the results
obtalned can be analyzed by the Display Results
'programs}' These programs analyze the active survey
results to provide the desired information. Access to'
the dispiay :esuits is obtained by pressing D on the

- Master Menu whichvprovides the Display Results Menu.
If the survey was conducted by using random number
,generated telephone calls,ithe user presses M, .which
allows him to select and ahalyze only the responses
from'pa:ticuiar exchanges out of a possible 390
exchanges. If the survey was run with either user or
purchaséd lisﬁ'teiephone numbers, hé skips option "M".
In either case the user pfesses S, which allows him to
define'what the program is to analyze or search for in
"the survey results and then tallies and dlsplays them
in a prlnted report. '
.Elnally, current active files on voice messages,
survey data or report information can be saved by
p:essihg F on the Master Menu, which provides the
File Survey Information Menu.

Detailed Operation

In more detail, and referring back now to Figures
3 and 4, it will be appreciated that the Master Unit is
Vinitialized'from the. personal computer via the RS232
interface as follows:

To record the voibe; comphter 18 sends the command
via R5232 to the Master CPU telling it to activate the
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recording section, and whatever is spoken goes through
microphone 28, amplifier 72, then buffer 74, then A/D
converter 76, then synthesizer 84, then encode/decode
buffer 86, and then is transmitted to memory 88. At
this point buffer 86 is acting as an encoder since it
takes the data coming in and encodes it into the data
which can be stored in the dynamic RAM for speech
storage. Samples of the speech are clocked into the
dynamic RAM until the appropriate key on the keyboard
is depressed, which sends a signal to the RS232
interface to instruct the CPU to stop the incoming
audio signal. At this point, the Master CPU does not
grab the data, but rather ignores it regardless of the
fact that the LED bar graph on the Master Unit will
still go up and down whenever somebody speaks.
Therefore one can adjust the microphone and voice
volume without actually putting it in the memory. More
specifically, when the appropriate key on the keyboard
is depressed, the program in computer 18 converts that
key into a particular token which the CPU recognizes as
being the token to record voice. Therefore, the CPU
starts storing voice data sequentially in memory. The
CPU will continue doing this until the user stops
recording or the Master Unit runs out of memory. If
the Master Unit runs out of memory, all future data
coming in is ignored and an error code is generated and
displayed. 1In one embodiment computer 18 displays
exactly how much data is in memory, so that for each
phrase of a message one knows how much memory and time
have been used up and how many seconds one has left,
Once the information is stored in the memory,
scratch pad memory 128 produces pointers to memory 88
which tells wheré messages start and stop. For
instance, if one were to record a message, and this is
a message that might start at zero and end at 7,000
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hex, when this message is complete, the operator
instructs the Master Unit to play the memory. This
sends another token down to the CPU of the Master Unit,
which then goes to the beginning of the memory as
indicated by the dynamic RAM. This starts memory 88
sequenfially from the beginning at 000 all the way to
the end address. The Master memory's CPU proVides
~instructions to take the data from DRAM 88 and encode
it back into a synthesized voice which then goes out
through an internal monitor speaker 3@. When voice is
played, therraw data is taken from the memory 88,
synthesized;'and ‘coupled out to speaker 3¢ so that an
operator can listen to it and see if that is what he
wants. ~After the operator listens to the message, he
mighf,decide that he might want to cut off some of ‘the
rffont endiaudid; It might have too much dead space or
it might have a phrase altogether that he does not
want. So by keyboard control of the computer, the
operatb:~instfucts the deletion of a fraction of a
second from_memory. "That sends a token over the RS232
interface to the CPU which then grabs the beginning
pointer of the memory as pointed to in the scratch pad
-memory 120 and inctements it by the amount of bytes'
required to actuéllyrfepresent a half-second of speech.
'What is now saved is a new starting .address which
results in the deletion of the first half-second from
-the message.' |
' Every time ther'operator hits a key to "delete",
more speech will be deleted from the beginning of the
message. So every -time one sends a "delete" it will
move that pointer up by a half-second's worth of
memory. Now the operator can depreés the "play®"
button, and the whole process of playing will begin
again. Now instead of starting at 000, it might start
at 209 hex or Z,QGG hex depending on how far up the
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pointer is moved. Note that all deleted speech is
stiil in the memory. It simply is just not played from
its initial starting point.

Now, if the operator decides he went too far
forward after he has played the message and he wants to
go back a little, the operator can undo some of the
deleting so that he can back up the same way at half-
second increments until he hears the beginning of what
he wants. So theoretically one plays the message to
see 1f that is what oné wanted, If it is not, one
stops the play and decrements again until one hears the
message the way one wants., This same editing process
can be used for the end of a message, as well as its
beginning. Thus, the purpose of the RAM with respect
to the CPU as a scratch pad memory is to, at least,
control the editing process.

The scratch pad memory or RAM also keeps track of
the active TIUs that are connected to the Master Unit.
This is done at the power-on sequence. The Master Unit
goes through and polls every possible TIU number and
TIUs that answered, with stored data being active in
the scratch pad RAM. The RAM also contains a lot of
miscellaneous variables that-the Master Unit needs to
perform functions that are unique for their particular
purpose and are ignored after that.

Thus, the main function of the RAM is to keep
track of memory 88 for how big the message is and to
keep track of the flow chart that comes from the RS232
interface. It also keeps track of telephone numbers in
the same way. It is acting as a go-between, between
the RS232 interface and the TIUs for almost everything.
The scratch pad memory 120 is a temporary storage
memory before the Master Unit can send data to each of
the individual TIUs. Likewise, when the TIU sends an

answer to the Master Unit, RAM 12§ saves the data until
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~ computer 18 is ready'tp receive and then .it trausmits
this data over the RS232 interface to computer 18.

' ' The PROM carries the code of the program for the
CPU. The scratch pad RAM is strictly a variable and
the PROM is the'actual controller, always in contrcl of
the CPU as far as tefiing it what to do and what
sequence to follow; "The PROM and the RAM can be

rrthought'df'as ohe entire block of memory. The fact

‘that the PROM is not changeable and the RAM'is, is not
relevant for pﬁrposes »f the present discussion because
the CPU can only address one place at a time. So when
the CPU goes to the PROM it addresses only the PROM and
if it needs to get a variable, it will go only to the
RAM. It will never address more than one address at
one time. So, therefore, the PROM is always addressed
by itself, as is the RAM,

It is important to note that the Master Unit
~produces only one voice message at a time and that once
- a méssage is compleéed,'it is transferred to all of the
TIUs $imultaneously;

There are several lines used for communication
between the Master Unit and the TIU. rThese are the
NMI, the INT, the TIU READY, the data lines and the
data strobe. The NMI indicates a nonmaskable interrupt
to the TIUs. As far as the CPU is concerned, this is
a line which the Master Unit's CPU 92 pulses to

ihdicaté'to all TIUs that the CPU is ébout to send an
- address. - All TIUs see this signal and all look at it,
and depending on théir state, they will then waif for
,thefdata to come from the Master Unit. If they are
ralfeady polling somebody, they will ignore the NMI., So
the NMI indicates that an address follows.

The next line, the interrupt (INT) line, indicates
to a TfU that a‘data>byte has arrived. What that data

byte indicates is based on a particular sequence of



WO 88/05239 PCT/US87/03405

-35-

protocol, but the interrupt line does tell the TIU that
data has arrived and also creates an interrupt on a TIU
processor.,

The TIU READY line is a line that all TIUs are
hooked up to sequentially, and if any one of the polled
TIU READY lines is high, then it stays high. What this
does is allow the Master Unit to know when all the TIUs
are completed with particular data communication. For
instance, if a TIU is taking a long time to process a
particular byte, the corresponding TIU READY line will
stay high until the TIU is ready, and the Master Unit
will wait for that line to go low, for a certain amount
of time. Thus, the Master Unit will not send a byte
before a TIU is ready for it. The two data busses
themselves are all the standard 8 bit data lines. The
strobes for the data busses indicate to the Master Unit

that data has arrived from the TIU and visa,versa.

»

Formatting )

The person operating the Computer 18 will send a
token to the CPU of the Master Unit instructing that
data be sent to the TIUs. The CPU of the Master Unit
92 will then address all the TIUs. In other words, it
will tell all TIUs present to be prepared to receive
voice data. ft will then send the name of that
particular message, for instance, the letter "A",
followed by an end of text code, followed by all the
voice data corresponding to message "A", and when it is
done sendiug out the message, it stops the transmission
by sending out an end of transmission code. The TIU's
will then realize that that is a complete message, and
they themselves will store it with a start and end
address so they know where to play that particular
message. The result of the foregoing is that one

message has been labeled, such as hy the letter "a",
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and has been stored in this particular configuration in
the dynamic mémory of each of the TIUs. It is then up
‘to thé operator to program the flow of the messages; in
other words how the messages are to be spoken, which
. one comes before the next, and also whether the TIU is
to wait for an answer, and what type of answer to wait
for, asrﬁell as what action is to be taken based on the
answer received. This is dohe by what is called a flow
chart, which consiSts of a series of letters and

symbols indicating how the polling is to proceed.

'Flow Chart Symbols and Functions

Each letterrindicates what message the TIU should
send out. For iﬁstance, if there is an "A"™ in the flow
chart, that is telling the TIU to say message "A"
whatever it may be. Following the letter an "action"
group tells the TIU what to do after thefmessage

. corresponding to the letter is communic;ted. Uniquerto
the coding system is that a character is used to
designate to look for a given return number, a given
number of return numbers, or a number that must exist
within a given set of numbers, i.e., a "$"; an "'"; or
raw, Another character is a ":"; this is used to
branch either to a Touch Tone messade cycle or to a
rotary dial message code depending on the type of

' télephone that was detected,previously. For instance,
if the letter is followed by another letter, that means
go speak the second message. If the letter is followed
by a dollar'sign and a number, that indicates that the
"TIU should wait and allow as a valid response, any
digit from 1 up to that number. For instance AS$3 means
say message "A" and then wait and ailow as a valid
response, the number 1,2, or 3 from the recipient.

There are three other types of flow chart sumb.ls,

and there are eight different ways a flow chart can be
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written. One way is two letters in combination, for
instance AB, that says say message "A" and then go and
say message "B". Another way would be with a dollar
sign, for instance A$3B. This means say message "A",
wait for a number up to 3 and then go to message "B".
AS5B for instance, means one responds with digits
1,2,3,4 or 5 and then goes to message "B".

another tyre of flow chart character is the "at"
sign, "@", and it works the same way as the dollar
sign, except in this case it is the number of digits to
accept. For instance, A@3B means accept a number up to
three digits in length and then go to message "B".

Another type of flow chart character is the an
apostrophe "'", A'3B means wait for a number having
exactly 3 digits. This forces the recipient to type in
the number of characters expected. For instance, if
one asks for the recipient's social security number,
this will come back with an error if the recipient does
not type in the exact amount of digits reguired.

Anothér type of flow character is a full colon,
“:", For instance, a full colon allows the person
controlling the flow chart to base a decision on what
type of telephone the person called has. By way of
example, if one reaches a Touch Tone telephone one may
want to ask the recipient one question. If a rotary
telephone is reached, one may want to ask the récipient
a different question. One does this by using a full
colon. For instance, A:CB means if a rotary telephone
is detected go to message "C", and if it is a Touch
Tone, go to message "B". This is the type of code
needed when one is trying to get an age limit or some
large number of digits coming in. If the system
reéches a rotary telephone, one can't go above a "3"
due to constraints discussed hereinafter. In this

case, one has-to ask the questions differeatly.
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The standard way of operating is, for instance,
A1B2C3D. = What this means is that one transmits a
message "A"™ and then waits.for a number. If the
recipient responds with a "1", message "B" would be
transmitted. If the recipient responds with a "2", the
sysfem t:ahsmits message "C", because the letter
following the number "2" is a "C". Thus one can branch
based on an individual number. Moreover, one can .
branch to the same letter by several different paths.

, A semi-colon indicates that this is an end message
and is used for two reasons. One is where one eays a
message where one does not want to ask anfrmore
questions. Termination is accomplished with a semi-
colon, Another reason is that if there is an error at'_
any time from the recipient and one wants to terminate
the call, the semi-colon is used. In the subject

| system flow chart, the eystem will automaticaliy'go to
a message correéponding to the letter previous to a
semi-colon and hané up the telephone. For instance, if
~one has an "A;" this means transmit message "A" and
- hang up. If the flow chart is, for instance, AlB2z-Z;.
then this means if the'recipient responds with a "2" to
'messege'"A", go to messaée "zZ". - Message "Z" says say
meséage ngn and hang up, because there is a semi-colon
aftet'the Z. Likewise, 1if one provides a flow chart
that says A$3B and the person does not answer with a
-number "1", wau or "3®; for inStance; they respond with
a "4" twice in a row, then the TIU will look to the
first letter previous to the first semi-colon, in our
example Z}_and,séy that message and hang up. This is
useful for having a closing message such as "“Thank you
vaery moch. Goodbye." S0 if somebody does not
understand what,to do twice in a row, the system can
still politely hang up without just clicking off. The

twice-in-a-row feature is preprogrammed into the flow
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chart automatically, with a wrong answer resulting in a
message retry.

The last character of the subject flow chart
system is a period, and this indicates to the TIU that
there is no further flow chart information.

With respect to the use of a dash "-", and
considering Al1B2C3E-BD-CF-D;-EB-FD., the dash
separates action groups. Also when the TIU is looking
for message "B", since the person answers "A" with "1",
"_B" is found instead of EB. So the letter immediately

following a dash is the one that is branched to and

spoken.

Example
The flow chart, in simplified form, may be AB-

BlC2D3E-E;-CD-D;. This can be interpreted as follows:
Each section of this chart is an individual entity on
its own. The AB in this case is the start point, and
each subsequent section is starteé with a dash. Note,
the first letter of a flow chart has an "Implied" dash,
i.e., -AB. Thereafter there is a complete section unto
its own. In every case the letter which is indicated
first such as the "A" is the message in question which
is spoken. For -BlC2D3E message "B" would be the
message that was spoken. Any letter or numbers that
follow the first letter tells the computer what to do
next. Now following through one at a time for the
above format, message "A" is spoken and then the
computer hunts for the next character, which is a
letter, message "B". To find it the computer starts at
the first position and moves until the compurter finds a
".B", at which point it stops and says message "B".
The next thing following message "B" is a number, so
the computer immediately knows that a response is

expected and the person musu dial a "1",. "2", or w3,
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‘If a "" is received, it is compared to a "1" in the
- RAM, and if they compare, the computer then moves to
the next message, and it should go to message "C". The
computer then statts at the start point and works its
way through the flow chart looking for a "-C" and when
~ found it says méssage "c", Since fhe néxt character is
-a "D", it will then look for a "D" starting at the
front of the flow chart and work its way through to a
"-D", It will then say the "D" message. The next
character is a semi-colon. This indicates that the
survey of this person is complete. The telephone is
“then huhg—Up. Going back again, if message "B" had
been annunciated and the party on the other end of the
line aialed a "2", the comparator would look at the "1L"
and find that it would not equal what was dialed back.
So the computer would skip over the "C" message and
look at the next character which is a "2", Having
compared it to nat the computer would move on to the
next character which is a "D" and then hunt for a "-D"
‘message starting at the front of the flow chart and
work its way down until it found the "-D", Then the
"D" message is said., The semi-colon then indicates
that'thersystem'is to hang up. If the recipient
erroneously dialed a "4", which is nct contained in the
flow cuart at all, the "B" message would have been
said. The program now goes back with a "4" comparing
it with a "1". It does not compare, so two places are
skipped to the next character which in this case is the
number "2", This does not match the "4", so two places
are skippeﬁ agaiﬁrto tne "3", This does not match the
"4" either. The computer then looks two spaces over
~ for the next number, but there is no next number.
There is a dash.' When the computer finds the dash, it
- says the party did not dial oune of the digits defined
by the flow chart and checks to see if messaye "B" has
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been suid twice. If not, then message "B" is repeated.
If the same thing happens and a "4" or ahy other
invalid response is dialed, the computer determines
that an error was made two times in a row, The program
then goes to the first letter which has a semi-colon
following it. So starting at the front of the
sequence, the computer would roll down until it finds a
semi-colon, back up one space where it finds "E", and
it says message "E". It simply would say "Thank you

very much. Goodbye."

Phone Number Generation

In one embodiment, telephone number selection is
one of two types. One is a random number Jgencrator,
and the other is a user list from which numbers are
supplied. In one embodiment, for random number
generation on computer 18, the operator supplies up to
300 different exchanges and pre-exchange information,
for instance area codes, ard then decides how many
nu.abers are to be generated for each exchange during a
particular survey. A random number is then the four
last digits of a telephone number. For instance, on
exchange 295 the computer would create a random nuwber
from ¢90¢ to 9999 and append the randomly-generated
number to exchange 295, It will be appreciated that
the random numbers are created at computer 18 through
the utilization of any one of many common random number
generating routines. Once the random number is
generated, computer 18 will then send it to CPU 92.
CPU 92 will then place the telephone number in RAM 1240.

Once the Master Unit has a number for a TIU, it
compares the pre and excharnge information (i.e. the
NON-random part of the number ) to see if it is the
same as was received interface from the RS232. If the

pre and exchance numbers have been changed, the Master
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Uhit will send them to the TIU first. 1In either case,
the Master Unit will then send the four remaining
digits (the random partf to the TIU. Once the TIU has
that félephoné number, it will automatically go through

" the dialing and polliné process as indicated with the

flow éha:t and the voice that it already has.

. What'happens is that the Master Unit on the fitst
pass will send the_enﬁire telephone number to a TIU and
" keep track of the,éxchange and the telephone number
which are separate,' The next telephone number which
the Maéter Unit is asked to send will be checked
: égainsf the last'one'that'waé sent, and if the exchange
is the same, it knows that the TIU has the same
exchange. Thérefore it will only send the four digits..
The TIU does not send anything back to the Master Unit,
which -simply remembers what it initially sent to -the
pérticular TIU. Anytime the exchaﬁge is changed; then
" the Méster Unit,will~resend and keeg track of the new
exchange. At this-point the TIU has the voice and the
flow chart required for a survey, and it has at least
one télephone number in it. The Master Unit then polls
all TIUs until one of them comes back with a status
indicéting that they;have én answer from a recipient.
iThe Master Unit will then identify that particular TIU
and tead'theiréSpohse from the recipient. For
instance,-if the recipieht'answeted "2" to message "A",
‘the Master Unit will get a message that has "A2" in it
to indicate Ehat is how the user answered the question.
The Master Unitrwill store thié result in its scratch
~ pad memory 126, and then it will wait for the RS232
interface to poll it and give the RS232 interface an
indication that it has an answer and likewise will send
the answer from RAM 120 out the RS232 interface to.
computer 18, which will then append the telephone it
sent toﬂfherTIU,and'Store the results on disk. The
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Master Unit will then indicate to computer 18 that it
needs a new telephone number for that same TIU.
Computer 18 then generates a random number or a user
list number, and sends it down to CPU 92, keeping track
of which number went to each TIU. CPU 92 saves it in
RAM 120 and automatically turns around and transmits
that telephone number back to the TIU that gave it the
answer. The TIU then takes that number and takes the
next survey. Meanwhile, the Master Unit begins polling
for the next available TIU. This seguence is repeated.
It will be apparent from this description that the TIUs
do not operate completely independently. They do,
however, operate independently with respect to the
polling; but with respect to the transmission of the
polled information back to computer 18 for analysis and
also for obtaining the telephone numbers, the Master
Unit must be connected to the TIUs. Thus, the TIUs are
able to go through the polling sequence once the
telephone number has been dialed and they are
independent of each other in the sense that they can
dial up on different telephone lines, take a poll and

record the results.

Operation of the TIU

Referring now to Figure 4, and the operation of a
TIU, one of the biggest differences between the TIU and
the Master Unit is that the TIU has enough memory for
four times the amount of memmory that the Master Unit
has. Memory 252 thus allows one to have several
messages in the memory at one time, approximately 6
minutes of messages in one embodiment. The CPU of the
TIU acts a lot like the CPU of the Master Unit in that
it accepts commands from the Master Unit Jjust as the
Master Unit's CPU accepts commands from the RS232
interface. The CPU has a PROM t control it Jjust as
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" the Master Unit does} and it also has a scratch pad RAM
like that of the Master Unit, which is used to save the
flow chart and the particular telephone number. It is
also used to save the results from the recipient that
it will send back to the Master Unit., Once the four
digits of the telephone°number are received, the TIU
dials the telephone number based on the telephone
number in its memory.

The TIU contains the capacity to store 6 minutes
‘of speech, which can be made up of several messages
that can be randomly accessed and thus spoken in any
requ1red order.

It also contains a scratch pad memory where the
telephone number to be dialed is entered, as is the
flow chart of messages, @ map of the storage position
of the VariOus messages, and an area for answers and
other return date to be sent back to the Master Unit
upon request. The PROM contains the control code to

. operate the TIU.
"~ The messages are sent to all the TIUs in parallel.
The iemaining required data, the flow chart sequence
and the telephone number must be sent individually to
each TIU and the exactness verified before acceptance
for use. '

The messages and message flow chart must first be
transferred from the Master Unit to the TIUs. During
operation, the Master Unit polls the TIU looking for an
inactive TIU, and when found, the TIU status and last
message data is sent to the Master Unit for later
analysis by computer 18, The Master Unit then
Vtransfe;s:a telephone number from computer 18 to the
TIU. Upon teceipt of the last four digits of the
telephone number, the TIU is aetivafed to start the
call, and the telephone number is dialed; either rotary

or DTMF, as per the setting of .an internal TIU switch.,
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The TIU then analyzes the signals coming from the
tlephone line via interface buffer and amplifier 362 to
find out whether it is a busy, a ring, noise, an SIT
tone, or too much audio, indicating an answering
machine. Upon recognition that a person has answered,
the TIU will then voice the first message per the flow
chart and, if no answer is required, will then voice
the next message. 1f an answer is required, the TIU
will then wait for an answer, Once the recipient
answers, the TIU will analyze that answer and see if it
is a valid answer. 1If it is not a valid answer, it
will repeat the question one more time, and if it does
not get a valid answer again, it will voice the first
message in the flow chart with a semi-colon following
it, this being a termination message. & valid answer
is, for instance with a flow chart of A$3B, any number
1,2,0or 3, after the message "A" has been spoken. A
"qn, fo£ instance, would not be a valid answer. An
invalid answer is also "no" answer. If the recipient
did not understand the gquestion and.did not respond
right away, after a certain amount of time the question
is repeated. This sequence of one repeat, if required,
is for every question asked.

With respect to the analysis of the types of
signals that are incoming, there is a DTMF decoder, an
audio present amplifier and comparator, a call progress
detector including a dial tone, busy, and ring output,
a ring-in detector, and some software detection
utilizing the signals from the audioc present detector
and comparator to detect various conditions which can
exist for the incoming signal to the telephone line
interface buffer and amplifier 302.

In operation, the hardware portion of the input
signal recognition detects dial tones, busy signals,

rings, Touch Tornes, and riny-in. The software detects

PCT/US87/03405
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rings, buéy,éignals, SIT tones,rvoice, noise, and
rotary dialing. In one embodiment the hardware
outputs, are dominant or chosen over software outputs
with software oﬁtputs being used if there are no
availablerhard&are outputs., Actually, the only
duplication is for rings and busy signals, with the
'hardware outputs taklng precedence.,

A typical sequence for operation of the polllng
unit would be as follows: An unused TIU is identified
as'being capable of receiving a teleghone number
geﬁeréted by computer 18. ' Thereafter, the particular

'telephone'number.to be dialed is computed by computer
18 and is interfaced through the Master Unit to the
particular addfeséea:TIU. The TIU upon command from
computer 18 throughrdata,ihterface subsystém 292 causes
either dial pulse generation or tone generation of the
telephone number, which is placed on a particular
télephonerline. Thereafter, the audio present
ampl;fier and comparator, the call progress detector
and the DTMF decoder are each ready to analyze the
incoming signals. Based on the receipt of voice coming
back through on the telephone line which is validated,
the flow chart is implemented.

Software Signal Analys1s

' Wlth respect to the socftware analysis of the
incoming signal, this is accompllshed within the TIU.
After the telephone is dialed, the TIU will then start
monitoring the audio pfesent line 314. It will wait
for any signal coming in from the telephone line which
will be amplified by unit 382 that feeds the audio
presentrline 310. The audio present line is a digital
1 or @ based on the audio signal. This paﬁticular line-
is sampled repéétedly by the TIU, and a rough

. approximatica of the audio is then brought into the
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TIU. For instance, if it samples and sea2s the audio
present line is high for X amount of time and low for X
amount of time, this represents a frequency which the
TIU then keeps track of in a series of freguency slots
in its scratch pad RAM at 220, After there is a
certain amount of silence, the TIU will then go back
and look at the scratch pad RAM and analyze what
frequencies have been detected and how much of those
particular frequencies it saw. More particularly, the
audio present circuit clips the audio into square
waves, providing a series of pulses corresponding to
this audio signal. The time between adjacent pulses
determines the frequency of the incoming signal, from
which the type of incoming signal can be deduced. In
one embodiment, the frequency is not directly measured.
Rather, the existence of numbers of pulses of various
frequencies over various predetermined periods of time
determines the type of incoming signal.

Thus, with respect to the'software signal
recognition, the audio present circuit produces a
series of pulses by which the system recognizes ring,
busy, noise, and voice signals. Should this analysis,
done via software, fail to sense anything within 21
seconds, the call may be terminated. The program for
determining the type of signal is in PROM 218, which
analyzes the data in the RAM via the CPU. Note, a
local ring signal is a combination of specific
frequencies. However, for certain long distance calls
the ring signals come in at all types of frequencies,
including broken up noise which sounds like brrrrr.
The subject software can detect all of the different
types of rings, while the Teltone model 982 call
progress detector can only detect a local ring from
modern telephone equipment using a 44@¢Hz and 480 Hz

multiple frequency ring signal.
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Ring, Busy, Noise, Voice Detection

With respect to the detection of a ring signal by
- software this is detected by spectral distribution and
by the presence of 1ncom1ng pulses existing, for
‘instance, for 2. seconds followed by a 4 second period
of quiet, or,i second of pulses followed by 5 seconds
of quiet. It will be appreciated that noise usually
comes in as short bursts and is ignored. Thus if a
series of pulses comes in and is detected for a time
interval'less than 120 milliseconds, it is considered
to be noise and is ignored. ' '

With-respect'to & busy signal, pulses from the
audio present amplifier and comparator have a
prescribed 'spectral.'distribution and will be present
for a half-second and quiet for a half-second, with a
repetition of this sequence. O0r a reorder signal will
exist in which a quarter-second of-signal will exist,
followed by a quarter—second of quiet in a repeating
cycle, Elther one of the aforementloned conditions is
determined to be a busy signal,

- Voice signals are detected as follows. Any signal
which is existing between rings longer than noise but
shorter than the inter-ring interval and with a
-particplarrspectral distribution is determined to be
voice. _ '

For more sophisticated determinations, a voice, a
ring, or a busy condition can be verified by virtue of
frequency determinations for the signals on the line,

rwith certain frequencies being more characteristic of
rings versus busy or voice signals. For instance, at
selected time periods data is stored with iespect to
the frequeneies of the incoming signal, with the data
being analyzed at preselected times to verify or
further indicate the ﬁype of signal which is on the
lihe.,-Thus,'for ins tance, should leading edges be
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counted, a certain number of counts should exist over a
predetermined time period if the incoming signal is a
ring signal. If this number varies significantly from
that which is expected, then further analysis is
necessary. In one embodiment, for instance, 16
frequency channels are developed, each recording the
existence of a signal of a given frequency or
frequencies, The highest channel assumes frequencies
at or above a certain frequency, whereas the lowest
channel assumes frequencies at or below another certain
frequency. Depending on how many counts are in which
channels, it is possible to determine what the type of
signal is on the telephone line.

With respect to the operations that follow,
detection of the type of signal on the line, and more
particularly with respect to a ring, the number of
rings are counted and should there be more than a
predetermined number of rings without an Off-Hook
indication, the subject system hangs up and terminates
the call. Should a busy signal be detected by a
predetermined number of busys, the call is likewise
terminated. The status of whether they are rings or
busy signals or whether everything proceeded normally
is temporarily stored at the TIU. The TIU then remains
inactive until it is polled by the Master Unit, at
which time it transfers the information through the
Master Unit to computer 18.

Upon detection of a voice éignal such as "Hello",
the system waits a hali-second and then the polling
sequence 1is started accordihg to the flow chart which
has been stored in the TIU memory. While it might be
thought that it is possible to start the polling
sequence with the Off-Hook detection, this has proved
to be unreliable in many circumstances, as it is

possible to start the polling sequence before the
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recipient gets - the hand set to his ear.

It will be appreciated that the CPU in the TIU can
either cause,synthésized voice to be transmitted or can
analyze incoming data but not both at once. 1If, during -

‘the interval between two rings, there has been a
miscalculation as to the type of signai on the
telephone line, and the synthesizer voice has been
placed on the line, then the periodic checking of the
call progress dutector will indicate that another ring
'has occurred, aud the TIU can be reset to terminate the
message erronecisly started.

pulse Dialing Detection

" The system can read in results . sent by either
Touch Tone or rotary dialed telephones. It is thus
importaht for the system to be able to detect pulse
dialing, and a pulse dialing detection system is
accomplished in software, with the number of pulses
‘existing within a prédetermined time period followed by
a predetermined silence period indicating that a pulse
dialing system is being used by the recipient. There
are two different problems in detecting pulse dialing.
On local lines when one dials a digit "1", one obtains
a characteristic make/bteak pulsing on the line. The
"2" is the same thing repeated twice. A "3", of
course, is a make/bréakrrepeatéd 3 times. Beyond that,
“the signais coming back over the telephone 1lines are
not reliable, especially long distance. While locally
it is possible to detect anvy digit, with long distance
one cannot rely on anything over 3.

While this particular make/break foot print of a
number of pulses within a predetermined time periocd is
"useful for the detection of pulse dialing, there are so
many unknowns via long:disténde lines that a dialed "2"

from one area may look like a dialed "3" from another

]
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area. Thus one might be forced to use a system that
will ask the recipient to dial a "2"; and then based on
the data received in a given time interval, a baseline
would be established, and all other responses are
related to this baseline count. Thus, when a "1" or a
"3" jis dialed, the received data time interval will be
less or more. The system software is initialized by
asking the recipient to utilize his own telephone to
dial a specific number such as "2" and measuring the
time interval of signal produced by his dialing of the
number "2". Then by analysis of the signal coming back
over the line, a "1" can be deciphered or a "3" can be
deciphered based on the amount of relative signal
produced on the telephone line. This eliminates the
problem of various telephone systems.and lines, as well
as instruments that produce the make/break signals, be
they the standard rotary make/break relays or
synthesizéd make/break relay telephones. 1In other
words, a number "1" would be one=zhalf the signai
associated with a "2"; and a "3" would be one and one-

half times the signal associated with a "2".

Conclusion

In summary, the subject system has the following
features:

First, the subject system utilizes multiple,
identical voice synthesizers, with identical voice
synthesizers being utilized in numbers of Telephone
Interface Units for simultaneous polling over numbers
of lines, for reliability, and for ease of access to
permit fast random access brancing that eliminates
"dead time™. ©The utilization of multiple identical
voice synthesizers permits uaniform polling voices to be
utilized so that the results are not skewed. The

utilization of multiple identi-al speech synthesizers
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also provides a much smaller package than is possible
with tapermachines,.and is not prone to tape breakage
or destructioﬁ.

Secondly, the use of a personal computer or other
local computer permits message set up aﬁd editing,
telephone rnumber genefation, and;TiU pclling in a
token-passing system for a number of identically-
configured Telephone Interface Units. Each TIU
operateas independently for simultaneous polling and
receipt of information over a number of dedicated
telephone lines once the telephone number has been
inputted from the persoﬁal cdmputer. Cross-correlation
ofrreéeived information is made possible with the use
of a'Méster Unif serving as an interface to the
Telephone Interface Units to provide a unique on-site
capability for the'polling system,

A further feature is a programming code unigque to

,pollingroperatibns which makes the subject system
exceptionally easy to program.

Moreover, the elimination of "dead time" is a
result of initial easy message editing; a quick
branching process is accomplished through the
aforementioned utilization of the synthesizers and
memories within the Telephone Interface Units; the

‘utilization of an exceptionally efficient, rapid
incoming signal recognition system; and a system of
ignoring noise bétween rings or busy signals so that
noise is not acted upon erroneously.

Further, on-line, real-time, cross-correlated
statistics generation from multiple answers, as
opposed to a single answer statistics, is an important
feature of the subject system.

 The aforementioned rapid signal identification is
a result of software operating on a clipped incoming

signal, with the interpulse spacing then determining
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the frequency, and thus the type of signal that is
coming in over the telephone line. This system can
reliably distinguish a ring signal, a busy signal, a
voice signal, a recording machine, or noise, and
permits a software rather than a hardware
implementation of signal recognition,

Additionally and importantly, branching in the
subject system may be based on answers and more
particularly can be based on either a non-response to a
particular question or an erroneous answer. Branching
on either a non-response Or an erroneous answer is
particularly important in polling, because it prevents
contamination in the polling with erroneous answers.
Thus, the result of the polling process is the result
of obtaining valid answers and assures more accurate
results with the minimum of annoyance for those
participating in the poll, 1In one embodiment such,
branching takes place only after the question has been
re~asked after an invalid answer. Moreover, a voice
signal once detected will result in the running of the
poll, whereas a predetermined number of ring or busy
signals will terminate the call. SIT detection will
also terminate the call.

Further, the subject polling system utilized
permits selection of telephone groupings in terms of
exchanges in which the first three digits are selected
for given areas, followed by random number generation
to permit convenient designation of polling areas
followed by complete randomness in recipient selection,
with this type of telephone number generation
permitting rapid analysis by area in terms of the
exchanyes designated.

additionally, one of the aspects of the subject
invention is the inactivation of :he polling process

after compiling a predetermined number of -valid
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responses. This system, while it may be operated to
poll over a given time period, can be made to poll bver
such time as is necessary to provide a predetermined
number of valid responses., This can be combined with
the prevention of polling at certain periods of the day
or polling afrptedetermined periods of the day.
Regardless of when the polling system is set to
operate; it islfherdetermination of a predetermined

. number of valid responses, which in one embodiment,
shuts down the pélling process.

- Moreover, the subject system can be configured
rapidly into a "call out™® polling system such as
describéd_or'a_“call in only" polling system in which
there is no call out feature. The public telephone
néﬁwdrk can be used to automatically determine which of
the Telephone Interface Units are free to receive an
incoming call. 7 . ’
- Further, a pulse dialing detection system is

provided in which the detection of a pulse dialing
telephone at the recipients's site is determined by a
footprint match of a number of pulsés followed'by é
predetermined silence. The pulse dialing detection is
also enchanced throﬁgh a system which requests a
recipient having a pulse_diéling telephone to dial -a
predetermined numbéi which produces a certain noise
time pattern from which'othet dialed numbers can be
determined. It will be appreciated that the above

features can be taken either singly or in combination.
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Claims

1. A system for conducting simultaneous
information exchange over a number of telephone lines,
comprising:

a number of individually-programmed telephone
interface units for transmitting predtermined voice
messages over a respective telephone line and for
receiving information transmitted over the
corresponding telephone line from an individual at the
other end of the telephone line, each telephone
interface unit operating independently once connected
to a telephone line; and,

means connected to each telephone interface
unit for programming said unit prior to its connection
to a telephone line.

2. The system of Claim 1 wherein each telephone
interface unit includes means for storing recipient
responses, and wherein said programming means includes
means for collecting recipient respones in each
telephone interface unit.

3. A system for conducting a survey comprising:

a computer program for setting up the poll
format, for designating a set of telephone numbers, and
for storing the results of the poll taken;

a number of substantially-identical telephone
interface units coupled one each to a different
telephone line, and each having its own microcomputer
and storage, a voice synthesizer and means for
recognizing types of incoming signals; and,

a master unit for operably connecting the
telephone interface units to said computer during
initialization of the Telephone Interface Units to
provide a telephone number to a telephone interface
unit, and only to recover information stored in the

telephone interface unit, whereby each telephone-
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interface unit operates independently of said computer
during a polling sequence.

, 4. Appaﬁatus for improving poll result accuracy
ih a sYstem in which statistics are gathered via
telephohe contact, comprising means for conducting a
telephbne poll and for cross-correlating only answers
‘determined to be valid. '

5. In an automatic telephone polling system,
means for detecting the presence of a telephone
ahswéring machine, and means for terminating a polling
‘sequence respbnsive to the detection of an answering

machine coupled to thertelephone'line dialed by said
telephone polling system.' 7

6. In an automatic teléphone polling system
having humbeﬁs'dfstelephone interface units, each
VCOnnected tora'different'linerand each having a
digiﬁally-driven Speech'synthesis system, means for
programming séid~units'including a master unit having
the same type speech'syhtheéis system, whereby all
teléphdne interface units can be easily, simultaneously
“and initially programmed with the same messages from
the master unit, and whereby all polling from the
telephone interface uﬁits will have a uniformity
diétated'by the speech synthesis generated by the
master unit. S 7
| 7. A system for efficiently conducting a polling
survey utilizing telephone lines in which messages are
sent and responses are received, comprising: '

o a computer for setting up the poll format,
for designating a set of telephone numbers and for
recording the results of polls taken;

' a number of substantially-identical telephone
interface units, each having the same type voice
synthesizer syétem)rand each having the same type
memory and poll taking-hardware and software, each
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telephone interface unit connected to a different
telephone line and actuated to provide substantially
independent polling over the respective telephone line
without sharing a common voice sysnthesis means and
without control by said computer during actual polling;
and '

a master unit coupled between said computer
and said telephone interface units, said master unit
having a voice synthesizer system of the same type as
those used in said telephone interface units for
initially encoding, storing, and editing the messages
to be transmitted in the poll, for stdring'the polling
format set up by said computer, for programming each
individual telephone interface unit, and for
interfacing said computer with said telephone interface
units for providing telephone numbers to said telephone
interface units and for transmitting returned polling
data to said computer.- : .

8. The system of Claim 7 and further including
in each telephone interface unit means for detecting
the response from a DTMF or pulse dialing phone and for
branching to different . messages depending upon the type
of telephone accessed by the associated telephone

interface unit.
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