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ABSTRACT 

The history of tactile communications and current efforts at 

alternate sensory input of auditory type signals have been reviewed. 

Based on this review a tentative approach to the problem of communi

cation for the deaf has been selected. That part of the approach 

concerned with the electronic transformation of speech prior to pre

sentation at the interface with the tactile nervous system has been 

chosen for particular consideration. Experimental tests have been 

conducted to determine the number of constant-frequency, amplitude 

varying stimulators required if sufficient information is to be 

presented at the tactile interface to conceivably allow for adequate 

speech recognition. In these tests the normal hearing process was 

used for recognition tests. The exact transformed signals as would 

normally be presented to the tactile nervous system were used to 

resynthesize auditory signals with some resemblance to speech. By this 

technique the training time was reduced, facilitating the evaluation of 

a variety of filtering systems under varying conditions. 

Procedures have been outlined for obtaining greater optimization 

of the filtering systems and electronic transformations used in tactile 

communications. Further research is proposed for extending the models 

and procedures presented. Finally, a model of the speech recognition 

process has been proposed with direct implications of the urgent need 

x 



for a portable working model of a tactile communication system in order 

to evaluate the adaptive capacity of the tactile nervous system. 
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CHAPTER 1 

PARTIAL HISTORY OF DEVELOPMENTS IN TACTILE COMMUNICATIONS 

1*1 Introduction 

The human nervous system provides a complex and intricate 

communication network which receives visual, auditory, tactile, 

olfactory, and taste stimuli and transmits to the brain coded messages 

which contain information concerning these stimuli. The nervous systems 

which receive and transmit the various stimuli listed above appear to be 

of a decreasing complexity and importance in the order the stimuli are 

listed. Tragically, the failure rate also follows much the same order. 

The visual process is so complex that there is little hope at this time 

of developing a satisfactory substitute for the blind. The hearing 

process, however, is of an appropriate order of complexity to present it 

as a candidate for investigation and artificial imitation. Partial 

alleviation for the deaf is sought by artificially receiving and pre

processing or coding auditory stimuli for presentation to one of the 

remaining sensory nervous systems for further encoding and transmission 

to the brain. It is expected that if sufficient information reaches the 

brain it will be able to adapt so as to act on the information as though 

it were received through normal channels. Special attention is focused 

on those auditory stimuli related to conversational speech. Indeed there 

is hope that the occasion is not far in the future when one may converse 

1 
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with a deaf person, never being aware that this person has had complete 

auditory nerve failure since birth. 

Lip reading has already provided a very limited alternate input 

for speech in the absence of a functional auditory nervous system. This 

is accomplished using the more complex visual nervous system without the 

aid of external devices other than the lips themselves to convert audio 

stimuli into signals detectable by vision. Accomplished lip readers 

have probably adjusted to the small visual sacrifice required and would 

be unwilling to undergo another extensive training program without 

promise of very substantial improvement in their ability to identify 

transformed auditory signals. Perhaps for this group of deaf persons 

engineering efforts should be directed toward simple alerting or warning 

devices to call to their attention the presence of auditory signals. 

It seems very desirable, however, to provide more than this 

simple alerting system for general use by the deaf, especially the 

younger children who are adapting to the world around them. Indeed it 

may be hoped that with appropriate equipment the relatively little used 

tactile nervous system may serve as the major replacement for the 

auditory system. If the tactile nerves of the upper torso, for instance, 

could be used to receive transformed auditory stimuli with good subse

quent transmission to the brain, very little would be sacrificed for thê  

additional communication channel. 

There is no doubt that the tactile nervous system has the ability 

to process some information normally received through the auditory 
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system. Laura Bridgman's case brought to public attention the possi

bilities of teaching blind deaf-mutes through the use of touch. Her 

tactile accomplishments, however, were confined to reading and writing 

and did not involve auditory communication. Her case led to greater 

results with Helen Keller who, after extensive training, learned to 

communicate rather effectively utilizing the tactile nerves in her hands 

as receptors in place of the auditory tract. There may be some question 

as to how much information she receives from audio pressure vibrations 

and how much from vocal system positioning. The vocal tract configu

rations are manifested in variations of the pressure vibrations, however, 

so that all the parameters are present in air-borne speech. The need, 

then, is for proper preprocessing of the audio pressure variations and 

subsequent presentation of the derived signals to an appropriate skin 

area through suitable transducers. 

1.2 Four Basic Areas of Research and Development 

Despite these promising examples of tactile communication, all 

efforts to produce a working communication system utilizing the skin 

have resulted in very limited success and generally in abandonment. In 

1925 Gault was attempting to use earpieces as tactile stimulators on the 

palm of the hand (1). Unprocessed speech as presented to a microphone 

was used for the stimulating signal. After about two months of limited 

daily practice the subjects did reasonably well in identifying ten spoken 

sentences with an indication of increased learning rates. During subse

quent studies he noted a marked improvement in word recognition by lip 

reading when assisted by this type of tactual stimulation (2). The 
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learning process was slow, the equipment was bulky, and the results were 

not sufficiently satisfactory to insure the continuance of the project. 

In later work Gault together with Crane (3) used filters to subdivide 

speech into five logarithmic frequency ranges (0-250, 250-500, 500-1000, 

1000-2000, and 2000-up Hz). The amplified filter outputs were used to 

drive five vibrators, each stimulating one finger of the left hand. 

Again the results, although showing some promise, were not satisfactory 

and attention was shifted more toward evaluating the capabilities of the 

tactile nervous system. 

In 1936 Gault reported on experiments utilizing two vibrating 

stimulators, one placed on each index finger and excited by a corres

ponding microphone to the left or to the right of center (4). A moveable 

speaker was then placed at some angle off center from the microphones and 

the subject was required to judge this angle on the basis of the stimu

lation received on the index fingers. In this manner he showed that the 

tactile system has much the same direction finding capability as does the 

auditory system. In this same report he once again discussed the use of 

tactile stimulation in conjunction with lip reading. He concluded that 

a marked improvement was observed in the management of spoken language 

over that from lip reading alone. 

Also he felt that he had established necessary requirements for 

the construction of amplifiers to drive the tactile stimulators. The 

requirements were to account for variations in tactile frequency response 

when using audio frequencies directly for vibro-tactile stimulation. 

This conclusion was inherently connected with his efforts to apply the 
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frequencies of speech directly to the tactile nerves which are much more 

insensitive to higher frequencies. In subsequent research projects a 

spatial modality has been employed and the envelope of high frequency 

components of speech has been used to modulate lower frequency carriers 

for stimulation, thus eliminating the need for such wide ranges of ampli

fication. 

After nearly sixteen years of effort in tactile communications, 

Gault's publications seem to have stopped by 1940 without presenting a 

satisfactory solution to the problem of relieving the deaf. He had 

established, however, that with much practice limited tactile communi

cation is possible. 

Gault's endeavors led Knudsen (1928) into the supporting research 

area of the sense of touch (5). After several experiments he concluded 

that the tactual sense offers a ray of hope for the deaf, especially in 

conjunction with lip reading for vowel identification. He further states, 

"The problem of designing a suitable instrument for mediating the sound 

vibrations to the tactile nerves should not present serious difficulties, 

and can be worked out in an entirely satisfactory manner by telephone 

engineers." This "instrument" as of now is not available in even a 

reasonably satisfactory form. In fact, in the author's opinion the lack 

of a properly portable stimulating device is probably the greatest 

obstacle delaying the development of tactile communication for the deaf. 

Starting in 1940 with the publication of a four part paper, 

Geldard and his students at the University of Virginia took the spot

light in the field of vibro-tactile research (6). Geldard's work, in 
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sharp constrast to that of Gault, was directed toward cataloging the 

various properties of the tactile nervous system with little direct 

effort toward providing an "ear" for the deaf. Indeed he states, "It is 

unfortunate for our general problem that the major part of the recent 

work has been directed towards the utilitarian purpose of finding possible 

channels of education for the deaf through making the spoken word tac

tually perceptible. Praiseworthy though this program may be, its 

contributions to vibratory theory have been negligible; indeed, the 

practical aim has been none too fully realized." 

Geldard's catalogue deals with the stimulus dimensions of locus, 

intensity, duration, and frequency. In partially summarizing the results 

of over twenty years of research by himself, his associates, and his 

students, (7) Geldard makes observations as to the number of absolute 

intensities detectable with 100 per cent accuracy, the number of 

vibrators that can be spaced on the ventral rib cage with 100 per cent 

identification of locus, the absolutely identifiable levels of time 

duration between 0.1 seconds and 2.0 seconds, etc. Cutaneous phi which 

relates to a rapid sequential application and variation of several 

spatially separated tactile stimuli was not evaluated as a codeable 

parameter. Its existence was discussed, however, and it surely must be 

considered as an important parameter in high speed tactile communications. 

It is the author's opinion that herein lies the answer to those who are 

very concerned with masking effects when utilizing the spatial modality 

to communicate to the tactile nerves. A great deal of experience with 

the overall problem is revealed in Geldard's concluding remarks of this 
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summary where he states, "When one is working so close to the foundation 

of an edifice there is high probability that anything accomplished will 

turn out to be important for the superstructure ultimately to be 

erected." 

Moving to Princeton University, Geldard continues to explore the 

cutaneous nervous system and with the availability of more flexible 

vibrators he and his associates have decentralized their investigations 

from the ventral rib cage (8). This line of endeavor is serving well 

its purpose of creating psychological building blocks for those who would 

venture into communications involving the cutaneous nerves. One might 

await expectantly future publications from this group. An interesting 

research project would be to duplicate, in an analogous manner utilizing 

the auditory system, all these building block experiments to better 

establish their significance related to auditory signals transmitted by 

tactile communication systems. 

Besides Gault's utilitarian approach and Geldard's psychological 

building block approach to tactile communications, very significant 

contributions are found in von Bekesy's physiological and psychological 

studies of the ear and skin. A large portion of these contributions 

together with associated results from other researchers are presented in 

his book published in 1960 (9). He has written and continues to write 

informative papers in this area but no attempt will be made at this point 

to refer to any of these papers in particular. It would be presumptuous 

to even try to summarize his work in just a few pages. It will merely 

be noted that he has contributed invaluable insight into the human 
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hearing process and the functioning of the nervous system. His contri

butions are well authenticated and serve as a good starting point in any 

study concerning the sensory evaluation of oral information. 

A fourth approach, or at least contributing field of study, 

deals with the characteristics of speech or other signals which must be 

detected. Fletcher (10) laid a tremendous groundwork in this area and 

Flanagan (11) has recently gathered much of the available knowledge into 

one volume. Dudley's vocoder (12) has motivated extensive research in 

the areas of speech compression and visual speech patterns, all of which 

has provided valuable insight into the characteristics of speech. Also 

to be included in this area of study is the entire endeavor of automatic 

speech recognition with its voluminous literature. One of the more 

promising recent programs in tactile communications essentially involves 

the automatic recognition of speech which is then encoded into various 

vibratory patterns and presented through a single vibrator held in the 

hand (13). Automatic speech recognition would open many possibilities 

for tactile communications if the automatic recognizer were available in 

a compact package easily transported by the deaf person. For the purpose 

of this paper the assumption will be made that such a device will not be 

available in the near future and hence the value to be received from the 

automatic speech recognition program lies in the speech analysis area. 

Under these four broad classifications there is found an 

extensive literature and history mixed with disappointment and encourage

ment. Many projects fall under more than one of the approaches and no 

attempt will be made to completely list all the authors who have written 
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articles pertaining to the subject. A few more authors and projects, 

especially those following the utilitarian approach, should be mentioned 

in this historical discussion, and several others will be presented as 

references in other parts of this dissertation. 

1.3 Other Significant Projects Directed Toward Providing Tactile Input 
of Speech for the Deaf 

David, Levine, Weiner and Wiesner attempted to apply mechanical 

vibrators and electrical stimuli directly to the skin in order to 

transmit speech through the tactile nerves (14). Their efforts met with 

much the same failure as had Gault's efforts which had begun twenty-five 

years earlier. Their equipment was much like that envisioned for this 

project. The speech spectrum was divided into five frequency bands and 

the signal level in each band was used to control the amplitude of the 

vibrations of a tactile stimulator. The five stimulators were driven at 

a constant frequency (300 Hz) with only amplitude variations. The five 

filter frequency quantization was performed on a nearly logarithmic basis 

with the following bands of frequencies: 0-400, 400-800, 800-1400, 

1400-2400 and 2400-15000 Hz. Provisions were being made to provide 

variable bandwidths and center frequencies so that a more optimum 

filtering system could be found. Upon examining the possibility of using 

seven filters the low-frequency band was split and the other filter was 

inserted to cover the range from 670-1000 Hz with the two adjacent 

filters adjusted accordingly. Their limited success was possibly due, 

in part, to inadequate learning times. There also seemed to be much 

concern as to whether sufficient information was available in the 
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processed speech for identification of all phonemes. Later reports 

indicated that efforts were being redirected toward determination of the 

potential intelligibility of the processed speech. In this effort they 

had begun quantizing amplitudes and using vocoder-like reconstruction 

for audio evaluation of the potential information content of the signals 

which had been presented to the tactile nerves. The results of their 

potential intelligibility studies do not seem to have been published, 

however. 

Guelke and Huyssen (15) tried again in 1958 to design equipment 

and present speech to the tactile nerves in a manner that would supply 

the brain with sufficient information for speech recognition. Their 

equipment in essence consisted of 160 vibrators, each responding to a 15 

Hz band of the audio frequencies from 410 to 2880 Hz. This was ac

complished by first dividing the total frequency band to be used into 

eight sub-bands of 300 Hz each. These sub-bands were then frequency 

shifted into the range from 100 to 400 Hz where twenty tuned reeds per

formed the final frequency selection and provided mechanical vibrations 

for tactile stimulation. Twenty reeds on the thumb, twenty on the small 

finger and forty each on the remaining fingers were used to stimulate the 

tactile nerves in the space modality (the inherent frequency modality 

being ignored) so that, hopefully, a 15 Hz resolution was achieved. The 

results were promising for vowel recognition but showed definite de

ficiencies with consonants. The slow response and insufficient intensity 

range of the system were cited as possible causes for the poor consonant 

recognition. Also noted were the possible benefits of utilizing a more 
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continuous area of tactile nerves such as the forearm. One might note 

also that the overall frequency range used was not sufficient for the 

best consonant recognition rates. 

Also in the camp of the utilitarians must be listed Pickett (16) 

who used ten vibrators under the finger tips. Each vibrator was driven 

at 300 Hz with a weighted magnitude determined by the energy in one of 

ten unequal sub-bands of the audio frequencies (210-400-580-830-1050-

1800-2250-3320-5800-7700 Hz). This is probably the closest to the 

implementation envisioned for this research with the exception of the 

use of fingers as an area of stimulation which Pickett considered very 

convenient but presenting no other particular advantage. Using the ten 

channel tactual vocoder, as he called the device, in conjunction with 

lip reading proved quite advantageous (17) even though phoneme discrimi

nation by tactile means alone was somewhat lacking. Although Pickett 

continues to do research and publish in the general area of tactile 

communications, his work with the tactual vocoder seems to have termi

nated on his return from Sweden. The discontinuance of this particular 

project was probably due in part to his return from Sweden and in part 

to the lack of more satisfactory tactile stimulators. 

Closely associated with this group of research projects is the 

visual speech recognition project carried on at Bell Telephone 

Laboratories during the 1940*s (18). Also to be included is the work of 

Bliss in attempting to help the blind to read braille and other specially 

coded written material with the aid of vibrators and airjet arrays (19). 

As a written report on the overall problem, Gilmer's paper is 
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enlightening and well documented (20). Her paper is highly recommended 

for anyone becoming interested in tactile communications and also as an 

excellent source of related bibliography. 

1.4 Conclusions 

History, then, is full of unsuccessful or at most partially 

successful attempts at tactile communications. The most commonly used 

explanations for the limited success have to do with the limitations in 

the skin's ability to adapt and to discriminate between patterns. It is 

also difficult to realize a sufficient training period where the 

equipment is bulky and adapted only for laboratory use. One might 

wonder if the ear has the ability to learn or adapt to a radically 

different language with such limited training, especially if the language 

were constructed in such a way as to eliminate learning by association. 

Much has been done towards specifying the skin's abilities and 

limitations in discriminating between stationary patterns but little is 

said concerning which abilities are necessary and which limitations are 

tolerable if a tactile communication system is to be feasible. In this 

research project an attempt will be made to establish minimal require

ments for the stimulating system if adequate information transfer is to 

be realized. Also efforts will be extended to obtaining a system which 

has the capability of giving the deaf subject adequate training to 

properly evaluate its performance. The project has the very direct and 

utilitarian goal of providing an "ear" for the deaf and any avenue of 

approach which contributes to this goal is sought after. It is hoped 

that even though time and finances will not enable the development of a 



working model before the termination of this dissertation, sufficient 

foundation will be established to direct efforts in the near future to 

the development of such a model. 



CHAPTER 2 

RATIONALE FOR FOLLOWING TACTILE VOCODER APPROACH 

2.1 Introduct ion 

Tactile communications are of interest not only to those who 

view this as a means of aiding the deaf but also to those interested for 

any reason in maximizing the rate of information input to a human being. 

The space age with its many new problems and environments has aroused a 

new interest in tactile communications as a means of communicating in 

those situations where the normal auditory channel is saturated either 

with other types of information input or by intense noise. A space 

traveler may, for instance, have his auditory channel completely occupied 

with instructional input from a home base while his visual channel is 

busy monitoring radar and computer outputs. It is certainly possible in 

the most elementary case to conceive of at least giving certain alerting 

signals through the tactile senses. As this new channel of communications 

is further developed it may well serve as part of a guidance control loop 

and in many other ways not yet imagined. A typist serves as an example 

in which the sense of touch often relays information to the brain which 

is used for subsequent control even though the auditory and visual 

channels may be heavily loaded. 

The particular application will tend to dictate the approach 

selected for processing auditory information and presenting it to an 

alternate sensory system. There are sufficient alternate approaches 

14 



being investigated by different researchers to make an initial choice 

necessary. One must then be willing to change or modify the approach 

being followed as new understanding and experimental results become 

available. The general characteristics of the tactile vocoder system 

selected for investigation in this study will be discussed followed by 

a brief discussion of each of several possible alternate approaches. 

2.2 Description of Tactile Vocoder 

The tactile vocoder approach emphasized in this dissertation 

may be represented by the block diagram of Figure 2.1. Speech signals 

from the microphone are separated into component bands of frequencies 

by the multi-channel filter system. A parallel set of band-pass filters 

with non-overlapping pass bands is most commonly used for this purpose, 

but electrical analogs of the ear or other filtering systems could 

conceivably do as well or better (see Appendix B). That part of the 

speech signal with frequencies within a particular band or channel is 

then used to control a single stimulator. The control is usually 

effected by rectifying an output of the filter system which is then 

smoothed by a low-pass filter. The resulting envelope of the band of 

frequencies then modulates the amplitude of a fixed frequency used for 

stimulation of the tactile nerves. The stimulators are spaced over a 

skin area so that a particular location represents one channel, thus 

converting information from the frequency modality of speech to a space 

modality for the tactile nerves. 

At this point there is a definite cross-talk or interplay 

between the different channels due to characteristics of the tactile 
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FIGURE 2.1. Block Diagram of a Generalized Tactile Vocoder System. 



nervous system. The full nature and extent of this interplay is not 

known, nor are the adaptive abilities of the nervous system and the 

brain well understood. As a person tends to become hypersensitive to 

pain after extended periods of sensing pain, a test subject may become 

more sensitive to tactile stimulation after weeks of practice. Only by 

extensive testing will it be possible to determine if sufficient 

information reaches the brain for correct identification of speech. 

2.3 Visual Input of Transformed Auditory Spectra 

The visual nervous system has long been used to receive trans

formed versions of auditory information in the form of written words, 

signs, expressional motions, etc.. The question is often raised as to 

the advisability of reverting to this sensory channel when the auditory 

channel is incapacitated either by virtue of being overloaded or 

completely disabled as with the deaf. There are two considerations 

which should be mentioned in this regard. First, there is the question 

of relative loading or willingness to sacrifice channel capacity normally 

allocated for visual stimulation. In many of the situations as mentioned 

above this is a very important consideration and even for the deaf it may 

well be a determining factor governing the desire for an alternate 

system. Second, there exists the problem of presenting the information 

in a form readily accepted by the alternate system. There is no doubt 

that the brain can correctly recognize or classify many auditory type 

stimuli if they are transformed into adequate spatial patterns or dis

plays, i.e. printed words, pictures, symbols etc. A very important 

difference between the visual and auditory senses is the former's 
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ability to recognize spatial patterns as opposed to the latter's 

preference for temporal patterns. The fact that the tactile sense has 

temporal characteristics more closely resembling those of the auditory 

system than does the visual nervous system (21) suggests that a less 

complicated transformation might be required for optimum interface to 

the tactile nerves. 

2.4 Auditory Input with Amplitude Modulated Radio-Frequency Signals 

A revolutionary concept has recently been publicized in the area 

of alternate inputs for auditory information. This new approach utilizes 

audio-frequency modulation of radio-frequency signals which are applied 

directly to the facial areas (22, 23). The author has not been able to 

find a highly technical or first party report on the research being done 

in this area. However, since a patent application has been submitted 

on the "Neurophone" by G. P. Flanagan of Listening, Inc., Arlington, 

Massachusetts, and government funds are being spent to finance further 

research on this method of communication, this concept deserves some 

attention. 

Figure 2.2 shows the essential parts of the r.f. (radio-frequency) 

system. The r.f. signal of from 40 to 100 KHz is modulated by the speech 

signal at a 50 to 100 per cent modulation level. The modulated signal is 

then amplified and capacitively coupled to the facial tissue by pressing 

one of the insulated metal plates to each side of the face. The variable 

inductors are set for each individual to create a resonant condition at 

the given r.f. frequency for the impedance presented by that person. At 

this point Lawrence (23) states, "The apparatus is unique in that it 
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induces a clear, audible signal directly into the brain's neuron complex 

by bypassing the ears completely. The biological mechanism responsible 

for the phenomenon has not yet been defined, but it seems to lie behind 

the common auditory track." Einhorn (22), although he discusses the 

involvement of the cochlea in this process, also mentions the direct 

stimulation of nerves and states, "This means that some signals could 

get through even if the auditory mechanism were totally destroyed in the 

physical sense." 

It is the author's opinion that speech is recognized when 

presented by this method but that the ear is very much involved and the 

phenomena is well defined. No demodulation takes place in the neuron 

complex behind the ear, and hence there is no possibility for using such 

a device where the cochlea and auditory nerve are not functional, i.e. 

where bone conduction hearing aids cannot be used. 

The demodulation process for recovering speech from the r.f. 

signal-is a result of the method of capacitively coupling to the face. 

The insulated metal plate serves as one plate and the facial tissue as 

the other plate of a parallel plate capacitor. Since neither the metal 

plate nor the facial tissue is rigidly fixed this may be considered as 

a variable capacitor with distance x between plates and hence the 

capacitance, C(x), is a function of the plate separation. If x is given 

in meters and C(x) in farads, when a time varying potential, v(t) volts, 

is applied across the capacitor there exists a force of attraction on the 

facial tissue which is given by 

F(t) = io5 d_£(xl dynes. 



In the simplest case where the modulating signal is a single sinusoidal 

wave of radian frequency u>m the potential across the capacitor is given 

by 

v(t) = A(l+Mcoswrat)coswet 

where A provides for amplification, M is the degree of modulation, and 

ta is the radian frequency of the r.f. carrier. Upon squaring v(t), 
© 

v̂ (t) = Â (l+Mcoso) t)̂ coŝ uj t 
m e 

2 2 
= A2(1+2MCOSU t + ~ cos2u> t) (i + i cos2u> t) 

m 2 2 m Z2 e 

and grouping the terms by relative frequencies, 

2 P? 
v (t) = £-

2 2 2 
1+M 2Mcosw t M cos2u> t fl+Mcoso) t) cos2o» t 

+ m + — m + m e 2 .» • 2 
DC audio 2x audio r.f. 

i t  is seen that there is a D.C. term, the original modulating signal, a 

term with twice the modulating frequency, and r.f. terms. If the motion 

of the plates and facial tissue is considered to be very small then the 

derivative of the capacitance with respect to plate separation may be 

considered a constant. The force on the facial tissue then consists of 

a component directly proportional to the modulating signal, a constant 

force which would have no noticeable effect, r.f. forces which are 

effectively eliminated by the mechanical damping due to the masses in

volved, and a sinusoidal force of twice the signal frequency but of less 

than one fourth, M/4, the amplitude of the desired signal. 
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Applying audio frequency forces to the facial tissue by this 

technique is not significantly different from more conventional 

techniques using electromagnetic or piezoelectric transducers. In order 

to obtain an order of magnitude for the resulting force assume: 

-4 
separation between conductors in capacitors, x = 10 m 

-3 2 
effective area of capacitor conductors, A = 10 m 

2 
permitivity of insulation material, e = 2x10 ** newton-m 

2 2 2 
effective value of v (t), v = 100 volt 

A c 
effective value of C(x) for specified values, C(x) = — = 200yyfd 

With these representative values which seem to be in agreement with 

information available on the "Neurophone" the magnitude of the force is 

seen to be 

F = I05 C102)(10-5)C2 IP'1') . 10 dynes. 

2 (10'8) 

Vibratory forces of this magnitude on facial tissue in the proximity of 

the ears could very conceivably set up vibrations in the cochlea which 

would result in auditory nerve stimuli. 

A very simple test of this principle of operation could be per

formed by simply inserting capacitors in the leads to the face and 

providing a low ohmic contact directly to the face. " In this way 

electrical stimuli to all nerves and facial tissue will be exactly the 

same as before but the mechanical forces derived from the capacitive 
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coupling will be removed. An indication of the results of such an 

experiment is found in Einhorn's paper (22) where he states, "The 

Neurophone cannot work with direct coupling only with capacitive 

coupling." 

Assuming the correctness of this theory of its operation, the 

"Neurophone" offers no hope for the deaf and indeed is an inefficient 

technique for stimulation of the auditory nerves. As such it should not 

enjoy a long popularity. 

2.5 Alternate Approaches for Tactile Input of Speech 

Two other very important alternatives to the tactile vocoder 

approach for alternate input of auditory type information are found in 

the work of Lucas, Stewart and Kreul (13) and of Bliss, Crane, et. al. 

(19, 24). Bliss's work will be considered first because, although it is 

important in its own realm, it does not seriously challenge the approach 

to be used here. The primary difference in his research and this project 

lies in the nature of the information to be transmitted through the 

tactile nervous system. His efforts are directed more toward reading 

for the blind (19) and aero-space applications (24). More precisely his 

research has been directed toward semi-static spatial pattern recognition. 

For this purpose he has used rectangular arrays of on-off type stimu

lators with the condition of all stimulators being changed simultaneously. 

Until the characteristics of the tactile nervous system are thoroughly 

understood there is no reason for one interested in these spatial 

patterns to use the same approach as would be used for the real time 

reception of transformed conversational speech. At this time it is very 
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natural to assume that printed material, lengths, separations, and other 

spatial patterns should be presented strictly as spatial tactile stimu

lation patterns and that speech should be presented in a way so as to 

emphasize its temporal character. Even though a spatial modality is 

used for the tactile vocoder approach the emphasis is not on very 

accurate spatial identification but on a combination of timing and 

relative spatial location. 

Lucas, on the other hand, has emphasized the temporal pattern 

of a single stimulator completely eliminating the spatial aspect. To 

quote from his publication (13), it was decided that the approach would 

be, "Instead of trying to find the features of airborne speech that are 

recognizable by the sense of touch, study instead the touch sensations 

which accompany the act of speaking and therefore which naturally 

associate with speech." His arguments are good and the results are 

promising. His approach challenges the strict use of tactile vocoders 

as employed in the past and deserves considerable attention. 

In order to present phonemes as strictly temporal patterns a 

"tactiphon" consisting of a single pulse, short bursts of pulses, or 

bursts of noise all of differing duration, modulation, etc. was developed 

for each phoneme. The tactiphon [t], for instance, was developed as a 

single one millisecond pulse separated from other tactiphons by not less 

than eighty milliseconds. This was to represent the "flick of the tongue 

sensation" which is normally associated with the oral generation of a 

[t]. A special generation circuit is required to form the temporal 

pattern for each tactiphon or group of tactiphons, with switching and 

timing circuity to activate the desired tactiphon circuits. There exists 
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a one to one relation between tactiphons and phonemes so that it is 

necessary to know exactly which phoneme is to be presented to the tactile 

nerves in order to activate the correct circuitry. 

The greatest difficulty in using this approach for communicating 

to the deaf is the complexity of the equipment required. The generation 

and switching circuitry for developing and selecting the tactiphons is so 

complex as to discourage its use for a completely portable system. Even 

though this part of the problem could conceivably be relieved by inte

grated circuits and improved power supplies, the system is certainly no 

better than the accuracy of the phoneme to tactiphon mapping which for 

real-time conversation would require an automatic speech recognition 

system. It has been mentioned earlier that the existence of such an 

automatic speech recognition system would open new avenues to tactile 

communications but that the development of such a system does not appear 

imminent. 

Another argument used in favor of the tactiphon approach to 

tactile communications is that there exist established "touch sensations 

which accompany the act of speaking and therefore which, naturally 

associate with speech." This is a strong argument when it is assumed 

that the user of such a system is well trained in conventional oral 

speech generation. The argument is of questionable value, however, when 

considering a deaf subject, especially a young person adapting to the 

environment and stimuli as they are presented. Even though the tactile 

nervous system and the brain may adapt just as readily to one system as 

to another for the recognition process, it must be remembered that the 

speech process must also adapt. If the tactile stimulus is highly 
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independent of the speech producing it, the speaking process may adapt 

optimally to the characteristics of the automatic speech recognition 

system instead of approximating other speakers. Indications of this 

problem are found in a later report by Lucas and Stewart (25) where they 

indicate that a person for whom a tactiphon was not specifically 

developed does not do as well in recognition test using that tactiphon. 

Especially, females perform poorly when presented tactiphons developed 

for men. As much flexibility and naturalness of speech reproduction as 

possible are therefore desirable in a system for use with the deaf, 

especially young children, even if the recognition by hearing adults is 

somewhat poorer. 

In order to honestly compare the results of the tactile vocoder 

approach with those obtained in tactiphon research one must use phonemes 

spoken once only and reproduced under identical conditions for all other 

tests. With such standardized samples of spoken phonemes the tactiphon 

approach may loose all apparent advantage over the more conventional 

tactile vocoder approach. 

The degree of success reported for the use of tactiphons is 

indeed encouraging. This may very well be the best approach for aero

nautic and other applications where elaborate equipment can be used and 

limited training is desired for additional capacity to subjects of normal 

hearing ability. It is felt that the more conventional approach to 

tactile communications should be followed at this time for the deaf in 

order to handle the larger class of signals required in the absence of 

automatic speech recognition. The tactiphon philosophy should be kept 
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in mind, however, and special linear or non-linear circuitry used to 

emphasize tactiphonic type clues which may exist in speech. Hopefully, 

most "touch sensations which accompany the act of speaking" are so 

closely associated with the resulting speech that they may be extracted 

from speech without extremely complicated circuitry. 

2.6 Three Dimensional Measure Transformation for Specifying Speech 

One final approach which has been suggested to the author on 

several occasions entails a three dimensional measure of speech similar 

to that reported by Stewart (26). He reports that when an artificial 

cochlea is excited by speech signals the center frequency or frequency 

of maximum response, the amplitude of this maximum, and the general area 

or bandwidth of the response serve as three measures from which the 

speech may be reconstructed with acceptable accuracy. The center 

frequency might be represented by the position along the length of the 

forearm. Amplitude could be represented by circumferential positioning 

around the arm and bandwidth by amplitude of stimulation of the other 

way around. 

In considering such an approach the first impression is that a 

three dimensional representation such as the one mentioned is certainly 

simpler than the ten-channel vocoder used by Pickett, for instance. One 

must, however, devise a method for presenting the three measures to the 

tactile nerves and this involves a complexity proportional to the 

accuracy required for each of the measurements. The question is also 

raised as to the tactile nervous system's ability to simultaneously 

receive and transmit the three measurements with sufficient accuracy. 
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A question for which there is no satisfactory answer proposed at this 

time constantly reminds one that the skin may certainly prefer one 

pattern type to another. The three dimension measure approach should be 

kept in reserve and examined when facilities are available to determine 

if the resulting patterns are any more acceptable to the tactile system 

than those of a tactile vocoder. It is expected, however, that by the 

time provision is made for stimulation the resulting patterns would not 

differ sufficiently from the direct vocoder or analogue ear patterns to 

warrant the additional equipment complexity. 

2.7 Concluding Argument for Tactile Vocoder Approach 

The rationale behind the approach followed here is thus largely 

one of elimination. The assumption is made, as presented in the first 

chapter, that the tactile nervous system does have the ability to 

receive and transmit to the brain sufficient information to provide for 

correct interpretation of conversational speech. With many applications 

for which tactile information transfer is sought power requirements and 

equipment complexity are of secondary importance. To be attractive as 

an aid to the deaf the equipment must be portable and capable of nearly 

continuous use from portable power sources. The tactile vocoder approach 

with a limited number of channels and stimulators appears to be the most 

easily implemented with a minimum power requirement. Since the author 

has been unable to find or think of an alternate approach which has 

greater promise for successful adaptation by the deaf, the vocoder 

approach will be pursued for the remainder of this dissertation. 



CHAPTER 3 

PROBLEMS IN TESTING FOR THE MINIMUM AMOUNT OF SIGNAL INFORMATION 

NECESSARY FOR THE RECOGNITION OF SPOKEN ENGLISH 

3.1 Introduction of the General Problem 

Having chosen to follow the tactile vocoder approach for 

presenting transformed auditory signals to an alternate sensory system, 

two major problems remain. The first concerns the details of the 

filtering system, and the second relates to the presentation of the 

resulting signals to the nervous system by tactile stimulation (see 

Figure 2.1). The tactile stimulation problem is difficult and does not 

lend itself to theoretical analysis. Only after extensive training is 

it possible to partially evaluate the efficiency with which the tactile 

nervous system is receiving and transmitting to the brain the intended 

information content of a given stimulation. It is therefore important 

that the filtering system be designed so as to present sufficient 

information for the possible recognition of speech. Also, one must be 

assured that the complexity of the tactile stimulation patterns required 

for presenting transformed speech to the tactile nervous system is at 

least of an order of magnitude commensurate with the known capabilities 

of this system. 

A lower limit on the complexity of the stimulation patterns 

required may be obtained by considering from 26 to 40 phonemes and, 

therefore, five or six binary type stimulators capable of creating 31 or 

29 
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63 distinct non-zero combinations. Required in this line of reasoning 

is the assumption that an automatic speech recognizer is available to 

map all variations of a single phoneme resulting from various speakers, 

voice inflections, etc. into one output. It is obvious, however, that 

a more meaningful lower bound must be found for the number of stimulators 

and levels of stimulation required for a tactile vocoder. 

There have been nearly as many choices of the number of channels 

to be used in a tactile vocoder system as there have been researchers 

attempting to input transformed auditory information through the tactile 

nervous system. A major objective of this research has been to accumu

late data from which more meaningful lower limits may be defined for the 

number of channels required if transformed conversational English is to 

be presented at the interface to the tactile nervous system with adequate 

contextual information content. With no restrictions on the complexity 

of the pattern to be presented by each channel for tactile stimulation, 

one is led again to the first experiments of Gault (1) where amplified 

speech was used directly to drive a single tactile stimulator. However, 

since amplitude and frequency variations are difficult to distinguish by 

the tactile sense, an assumption will be made that only amplitude vari

ation will be allowed and that the stimulator for each channel will be 

driven at a constant frequency. It will further be assumed that a one 

to one relation will exist between the spatial positioning of the stimu

lator and the channel that it represents. With these two assumptions 

the problem is to select a sufficient number of channels properly dis

tributed over the audio frequencies so that the time varying amplitudes 
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of the channel signals together contain the essential information of 

the speech signal. 

3.2 General Approach Proposed for Establishing Filtering System 
Requirements 

In order to obtain a greater insight into this problem it was 

suggested that the analog computer facilities at The University of 

Arizona be used to quantize both the frequencies found in speech and the 

frequency amplitudes. Frequency quantization was to be accomplished by 

replacing all the frequencies within a given band or channel by a single 

fixed frequency with an amplitude representative of the amplitudes of 

the frequencies it replaces. Amplitude quantization was to be performed 

on the single frequency representing each channel by allowing it to 

assume only discrete values of amplitude. The instrumentation was to 

allow for varying both the number of channels or frequencies in the 

frequency quantization and the placement of these channels. The system 

was to also allow for individually varying the number of amplitudes for 

the various frequencies. This latter provision was never fully realized, 

however. 

The quantized speech signals were to be tested for recognition 

and the results obtained were to be presented in a three dimensional plot 

as shown in Figure 3.1a. A typical plane from the three dimensional plot 

corresponding to a fixed number of amplitudes would provide a plot of 

recognition rate vs. number of frequencies and was expected to give 

results somewhat as shown in Figure 3.1b. (Of course data points would 

exist only for discrete points and the continuous curve is merely repre

sentative of the locus of these points.) With too few frequencies very 
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FIGURE 3.1. Graphical Technique for Representing Results of Frequency 
and Amplitude Quantization Tests. 

little intelligibility would be conveyed from the speech so that the 

addition of one additional frequency should add considerably to the 

recognition rate. One might expect that at some point the addition of 

extra frequencies would make very little difference, if not because of 

the characteristics of the sensory system, then surely because of 

technical difficulties involved in attempting to filter speech into 

very narrow bands. (Indeed it can be seen from the data of Chapter 4 

that the knee of the curve occurs before either of these limitations 

come into play.) 
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Such a plot would have obvious value in determining the 

requirements of the stimulator array to be used for tactually conveying 

the intelligibility of speech to the brain. One would definitely not 

want to use fewer frequencies than indicated by the knee of the curve. 

Likewise, if sufficient data were available to indicate a knee in the 

recognition rate vs. number of amplitudes curve, a minimum number of 

amplitudes would be indicated. Many more channels or frequencies (or 

amplitudes) than indicated by the knee of the curves would not normally 

be used because of the low return for the added equipment and power 

required. The possibility also exists that at some point masking and 

confusion in the tactile nervous system might actually result in a 

decreased recognition rate with an additional channel. The author's 

personal opinion, however, is that this is not a limiting consideration. 

3.3 Use of the Auditory Track to Represent the Tactile Nervous System 

One very elusive parameter in such an experiment is the 

recognition rate. For the purpose of this paper consider the following 

definition: 

Definition: The recognition rate is the ratio of the number 

of units of speech correctly identified by a test subject to the 

number of units of speech presented to the test subject for 

recognition. 

The units of speech referred to in the definition above could be 

phonemes, syllables, words, phrases, etc., and the correct designation 

would then be phoneme recognition rate, etc. • Defined in this way, 

recognition rate is a function of all the variables affecting the test 
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subject's ability to correctly identify speech at the time the test is 

administered. These variables include many such things as practice or 

training, personal sensory characteristics, fatigue, and interest. For 

the recognition rate to be representative of the performance expected 

when a corresponding system is actually used for tactile communications, 

the variables mentioned should be maintained near the average expected 

during actual use. 

The learning time required to train subjects in the tactual 

recognition of such patterns using one system would be prohibitive. To 

test many different filtering systems using tactile recognition is 

completely impossible at this time. Since the most critical question 

in the absence of perfected stimulators is whether the transformed 

signals contain sufficient contextual information from speech, it was 

decided to use the auditory track for testing purposes as it has a well 

established process for handling similar signals. The signals to be 

presented to the ear can be produced from the outputs of the filtering 

system in such a way that their information content is exactly the same 

as the information content of signals to be presented to the tactile 

nervous system by tactile stimulators. The training period is thus held 

to a minimum and the results give a fair indication of the amount of con

textual speech information remaining after the quantization has taken 

place. Although the results are to be presented as auditory recognition 

rates, these rates are representative of possible tactile recognition 

rates. Indeed, if the many variables mentioned above could be optimally 

controlled during the auditory tests, the auditory rate would represent 

an upper bound on the tactile rate. 
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A block diagram of the quantizing system for the evaluation of 

auditory recognition rates is shown in Figure 3.2. The pass band of the 

band-pass filters must be variable so that the entire audio range can be 

covered regardless of the number of frequencies used. The envelope of 

the frequencies within the prescribed band appears as the output of the 

rectifier and low-pass filter. The amplitude detection results in 

discrete output levels, the output at any instant of time being the 

largest permissible discrete level which is smaller than the actual 

amplitude level at that instant of time. In the simplest case there are 

' lfinitely many permissible discrete levels and the amplitude varies 

continuously over the prescribed range. 

The outputs of the amplitude detectors represent the signals 

which would normally drive tactile stimulators. In order to test for 

the information content of these signals they are used to modulate the 

amplitude of carrier frequencies spread over the audio range. For 

simplicity and in order to minimize the training required the carrier 

frequency used for a particular signal should be chosen at near the 

center frequency of the frequency band represented by that signal. The 

sum of the resulting amplitude modulated frequencies contains exactly 

the same speech information as would normally be presented at the inter

face with the tactile nervous system by a tactile vocoder system using 

the same filtering system and constant frequency amplitude modulated 

stimulators. 
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3.4 Analytical Formulation of Speech Transformation to be Tested 

In attempting to develop representative analytical expressions 

for speech waveforms it is convenient to subdivide phonemes into the 

voiced and unvoiced groups. Voiced phonemes are all those for which the 

vocal cords are the primary source of harmonic laden vibrations which 

are subsequently transformed by the various mouth and nasal cavities. 

Unvoiced phonemes, on the other hand, are created by transformations of 

vibrations resulting from turbulent air passing through various re

strictions created in the throat and mouth or by the teeth and lips. 

Some phonemes exist in pairs for which the mouth and nasal cavities are 

positioned nearly identically and the principal difference between 

phonemes of the pair is the presence or absence of voicing. Such is the 

case, for instance, with the pairs [f, v] and [0, 3]. 

For voiced phonemes consider an expression of the form 

N 
s(t,x) «= I W (t) cosfnw (t)x + <L(t)) 

n=l 0 n 

where both t and x represent time. They are noted differently so that 

functions of t depend upon vocal track configuration changes and are 

slowly varying so may be considered constants in functions of x. 

Most speech researchers seem to agree that phase in speech has 

relatively little effect on intelligibility but does affect the quality 

of speech (36, 37, 38). If the primary goal is to investigate the 

intelligibility of speech then the phase may be ignored or assumed zero 

giving 

N 
s'(t,t) = I Wn(t) cos(nwo(t)x) 
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Now wo(t) may be associated with the pitch frequency. Although 

pitch contributes greatly in conveying mood, feeling, etc. (29) it 

certainly is not essential for the recognition of speech. Much of the 

information normally conveyed by voice inflection or pitch is duplicated 

by facial expressions, hand movements, and speech content. This infor

mation is not completely lost in the absence of pitch variations if the 

listener can watch the speaker. Therefore, the sequence (Wn(t)} carries 

practically all of the contextual information of the spoken voiced 

phoneme. 

For voiced phonemes the quantization problem then consists of 

mapping 

N 
s'Ct.T) - J W (t) cos(n» t) 

n»l n ° 

into 

M 
« J K (t) cos(u> T); M«N 
m=l m ° 

where the w 's need not have any definite relation to the nw 's. As has 
m o 

been mentioned earlier, when s"(t,T) is to be presented to the ear with 

a minimum amount of practice required, each should be set near the 

center of those ntô 's which it most strongly represents in order to 

obtain some degree of similarity to the original speech. In a tactual 

system the distinction between the various Km(t)'s would be made by 

positioning and not by varying the w 's. 

Of prime importance is the transformation or mapping to be used 

in converting the sequence )N into the sequence (K (t)}M where N 
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and M represent the number of terms in the sequences and N is much 

larger than M. In the case of quantized amplitudes each Km(t) may-

assume only a given number of discrete values even though Wn(t) is a 

continuous function. The mapping is of the form: 

Km f t )  =  V ( t )  Wl ( t )  * an,2 ( t )  W2 ( t )  +  • • • • "N
(t)  

where amn(t) may be considered as the product of a weighting term Amn 

and a time delay and attenuation term fmn(t) which may generally be 

ignored if enough bandwidth is allowed for the band-pass and low-pass 

filters. In the low-pass filters a bandwidth of about 200 radians per 

second (30 Hz) is required for the higher frequency channels, and about 

sixty radians per second (10 Hz) suffices for the lower frequencies. 

Twice that bandwidth is needed for a simple band-pass filter for select

ing the channel frequencies. 

There do exist in speech significant durations of amplitude for 

one frequency as short as ten milliseconds (30). These would require a 

low-pass filter bandwidth of about 600 radians per second (100 Hz), a 

frequency very close to the pitch frequency for male speakers. These 

short durations occur, for instance, during plosives and are not repeated 

at a high rate. Rather than attempting to build linear filters which 

pass these transients and still reject pitch frequencies, it may be 

better to use non-linear arrangements something like suggested in Figure 

3.3. The problem of choosing the best parameters for the low-pass 

filters has certainly not been solved and deserves much more attention. 
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Rectified output of 
Band-pass Filter  ̂

Conventional 30 Hz 
Low-pass Filter 

Long time 
constant 

FIGURE 3.3. Non-linear Filter for Plosive Transients. 

Turning again to one sees a very important parameter deter

mined by the characteristics of the transformation used. For a simple 

band-pass filter with center frequency u>m and a transfer function given 

by 

KS 

S + 2£u S + to 
m 1^2 

c ' 

we have 

Kw 
A • N 

mn 2 . 2 ̂  
m n n m 

In this case the variables of interest are the center frequency wm and 

the damping ratio 5. Certainly at present there does not even exist 

satisfactory criteria for selecting these. There is little known, or at 

least little written as to the relative merits of using more complex 
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filtering systems. One slightly more complicated filtering arrangement 

was designed in connection with this project to more closely approximate 

the filtering action of the ear (Appendix B). Much work has been done to 

develop accurate analog models of the filtering mechanism as found in the 

ear (31), but there is nothing so far to indicate that these have a 

greater promise than the simple RLC parallel bank of band-pass filters 

for the transformation being considered. 

As a simple example of some of the problems involved in selecting 

desirable filter characteristics, consider two filtering systems as shown 

in Figure 3.4. One is represented by perfectly rectangular filter 

characteristics (Figure 3.4a) and the other system has triangular filter 

characteristics (Figure 3.4b). Both are to have the same center 

frequencies spread logarithmically over the prescribed frequency range. 

The rectangular filtering system would destroy all frequency discrimi

nation except for the broad steps between filter boundaries. In essence 

the family of sequences [{Wn(t)>N] is transformed into the family of 

sequences [{K where each Km(t) is the algebraic sum of all the 

Wn(t)'s falling" within a given range of frequencies. It is easily seen 

how different sequences  ̂ maP into same sequence {Km(t)>̂ . 

Fairly large changes in pitch would be completely obliterated and many 

pitch changes would result in rather drastic apparent format changes. 

The triangular arrangement, on the other hand, mixes amplitude 

and frequency information in such a way that more frequency information 

is available with less direct amplitude measurement. Again many 

different sequences of the family [{Wn(t)}̂ ] all map into the same 



(a) Rectangular filter characteristics Frequency 

(b) Triangular filter characteristics Frequency 

FIGURE 3.4. Two Theoretical Filter Bank Characteristics for Comparison. 
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sequence {K (t)}̂ , but the grouping takes place in a little more 

complicated manner. Since both schemes lead to sequences {Km(t)}y of 

the same number of elements varying continuously over the same range of 

amplitudes, they are capable of retaining the same amount of information. 

The challenge, however, is to determine which configuration preserves the 

most information leading to correct interpretation of speech. 

The problem of choosing the most desirable filter design has not 

been solved, nor will a solution be proposed here. There are a few 

observations to be made concerning the more extreme cases, however. Very 

broad overlapping filters result in Â 1 s which differ very little from 

one another. Consequently the different sequences differ very 

little and are difficult to distinguish. On the other hand, a few very 

narrow filters covering a large range of frequencies leave too much of 

the frequency spectra unreported, i.e. too many Amn's go to zero or near 

zero values. This may result in very good recognition for some speech 

sounds and none at all for others. Perhaps the band-pass filters should 

overlap near their half power frequencies for proper coverage of the 

spectra and still the attenuation outside the half power frequencies 

should be large to improve the resolution. This has still to be con

firmed either theoretically or experimentally. 

Thus far only voiced phonemes have been considered. The 

unvoiced phonemes also contribute substantially to speech and all 

whispering is done without the aid of the harmonic carriers produced 

by the vocal cords. Although the expression 

N 
s(t,x) « I Wn(t) cos(nu>OT + <f>n(t)) 

n«»l 
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does not apply for unvoiced sounds, a very similar expression 

N 
S(t,T) - I Wn(t) COS(U>nT + <frn(tfT)) 

n=l 

may be used. Consider <f>n(t,T) as varying in the t time domain in such a 

way as to effectively cause Wn(t) to modulate a finite band of a white 

noise carrier. A voiced phoneme passing through the system of Figure 3.2 

should sound essentially the same as the same phoneme when whispered and 

passed through the system. The primary difference between the two would 

be the absence of much of the low frequency amplitude associated with 

the voicing process. Fricatives, affricatives, and plosives sound very 

artificial upon being processed by such a system since they emerge in the 

same general form as do voiced phonemes, completely stripped of the noise 

carrier. Various vocoder schemes are used to help eliminate this problem 

(32). Either a base band may be used which contains basic pitch and 

voicing information, or pitch and voicing information may be extracted 

from speech and used in selecting proper buzz or noise for re-creating 

the speech. Although it may prove beneficial at a later date to convey 

voicing information through a tactile communication system by varying the 

mode as well as the amplitude of stimulation, for this paper it is as

sumed to be non-essential on the basis that whispered speech is perfectly 

intelligible without voicing variations. 

3.5 Mention of Other Problems in Proposed Testing 

Other technical problems in obtaining the complete plot of 

Figure 3.1a include the selection of discrete levels to be used for 

amplitude quantization and the placement of the band-pass filters. 
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Although an optimum solution to these problems was not used in obtaining 

the data to be presented in Chapter 4, the problems will be discussed at 

length in Chapter 5. 

Because of the extremely large range of amplitudes found in 

speech it is extremely difficult to assure linear operation at all times. 

It would be wise to use amplitude suppressing circuitry or automatic 

gain control, and this, in itself, is not a trivial problem. Also it 

may prove to be beneficial to use non-linear and unequal weighting for 

the outputs of the various channels, especially where bands of unequal 

widths are used. All these considerations would undoubtedly affect the 

results to some degree. All results obtained without fully considering 

these effects must be considered as only representative but still useful 

in the absence of something better. 

A final technical problem to be mentioned is that of quality 

control. When a system of the complexity of Figure 3.2 is built by 

patching together several desk top analog computer units and many dial 

settings, and some wiring must be changed for each different number of 

frequencies, it is very possible to overlook some detail of the arrange

ment. The lack of adequate quality control voided the data obtained 

during the early months of this endeavor. All data presented here, how

ever, was obtained utilizing very elaborate quality control procedures. 

Besides the many technical difficulties in obtaining the plot 

of Figure 3.1a, adequate measures of recognition rate are difficult to 

obtain. Should well trained speakers be employed or is it just as well 

to assume that recognition rate will be more meaningful if average or 
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normal speakers are used? What is an average speaker? Should 

standardization be sought or is its opposite, diversification, the more 

desirable in selecting speakers and test subjects? All these consider

ations and many more insert variables into any such experiment. 

Although conversational ability is being sought, shorter speech 

units must be used for ease in testing. It is difficult to create many 

lists of random words which are of equal difficulty and which adequately 

represent all possible words. Many combinations of phonemes do not exist, 

as single syllable words unless nonsense words are allowed. This pre- _ 

sents an element of bias as a person chooses between words he has heard 

many times and completely new sounds. Possibly the phoneme is the 

simplest unit of speech to use in testing without bias. Even with 

phonemes there exists a problem in that many phonemes are difficult for 

the untrained speaker to pronounce alone and the ease of recognition is 

affected by the accompanying phoneme when spoken in pairs (28). Differ

ent phonemes do not all carry the same importance in conversational 

speech and some provision should be made for assigning values to the 

various phonemes. Also it seems that fatigue plays a greater part when 

a person listens to lists of phonemes. This is not intended as a 

complete list of the problems involved in testing but rather a brief 

indication of their existence. 

In spite of all the unknown variables involved it was suggested 

that the implementation of a system similar to that shown in Figure 3.2 

be the basis of a master's thesis project so that test could be devised 

to confirm the general shape of the plot of Figure 3.1b and to obtain 



some quantification. Richard P. McClellan Jr. constructed such a 

system without amplitude quantization and participated in setting up 

and evaluating all tests (33). Also Robert Darwin, Donovan R. Biggs, 

and Raymond Wilsey built respectively a four level amplitude quantizer, 

a sixteen channel visual voltage display, and a flexible series filter 

arrangement capable of twelve frequency band outputs. These three were 

all done as undergraduate projects and were all used to some extent in 

obtaining the data to be reported in the next chapter. 



CHAPTER 4 

TESTING PROCEDURES AND RESULTS IN EVALUATING 

QUANTIZING EFFECTS ON SPEECH 

4.1 Characteristics of Frequency Quantizer Used for Processing Speech 

As discussed at length in the preceeding chapter, complete 

evaluation of the effects of amplitude and frequency quantization on 

speech intelligibility is a formidable task. In order to obtain a 

general idea of the form the results might take, a speech processor 

shown in block form in Figure 4.1 was constructed by McClellan (33) and 

used to record speech quantized into varying numbers of frequencies. 

Active band-pass filters were used for flexibility. Their 

transfer functions were of the form 

F(s) « ? 

s + 2£w s + u 
• m m 

where both the center frequency, and £ or filter Q, Q = could 

be changed and set with relative ease. The center frequency and band

width, BW « 25#̂ , could be adjusted independently for each filter. 

Low-pass filters with 12 db attenuation per octave above the cutoff 

frequency of 10 Hz were used for all but the two lowest frequency 

channels where 18 db attenuation per octave above 40' Hz was used. (The 

intended cutoff frequency for the higher frequency channels was 60 Hz 

but the error was not discovered until most of the data was collected.) 
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at ô | 

X 

Acosâ t 
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Many of the early results were rendered questionable when it 

was discovered that the silicon diodes used for rectification were 

essentially eliminating the lower twenty per cent of the amplitudes. 

Switching to germanium diodes with proper precaution in adjusting levels 

alleviated this condition. The multipliers being used drew suspicion on 

several occasions but proved to be reliable so long as the inputs were 

held to lower levels. It was difficult when working with sufficient 

volume to preserve the weaker phonemes to prevent an overload condition 

in the active filters during some vowels and plosives. The plosive [p] 

seldom failed to cause this overload condition which would result in 

rather severe distortion on the channels involved. 

In order to provide a uniform procedure for picking the center 

frequencies to be used, and as a result of earlier experimentation and 

informal evaluation to be discussed later, the frequency range from 150 

Hz to 5 KHz was divided into M logarithmically equal sections with the 

center frequencies chosen at the logarithmic center of each section. 

Logarithmic scaling was used by Gault (3) and approximately so by 

others. It is suggested by the facts that frequency localization in the 

cochlea is logarithmic (34) and that frequency bands carrying equal 

increments of articulation index are progressively wider with increasing 

frequency leading to logarithmic selection above 1500 Hz (35). 

Lacking data on which to base the selection of unequal weights, 

the various outputs from the low-pass filters were all weighted equally. 
I 

This also simplified the problem of maintaining uniformity as the number 

of channels varied. Attempts were made to insert a nonlinear amplitude 

compression circuit in the input but no significant improvement was 
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noticed. Much of the questionable data which had to be discarded during 

the early month of experimentation was the result of unequal amplitude 

adjustments of the different channel outputs. The fact that some of this 

data showed a higher recognition rate than the more standardized tests 

might indicate that non-equal weighting is more desirable. 

4.2 General Testing Procedure 

For testing purposes short lists of vowel and consonant phonemes 

were used and always spoken by McClellan. The shortness of the lists 

facilitated the testing procedure but possibly contributed considerably 

to fluctuations in the results. Guessing, association with other 

phonemes, and relative difficulty of repeated phonemes have a much 

greater effect for short lists than they would with longer lists. An 

attempt was made to reduce some of this fluctuation by using more than 

one list for each filter configuration. 

All vowels were pronounced with a preceeding [f] and all 

consonants with a following [ae] to simplify pronunciation. (See Appendix 

A for key to International Phonetic Alphabet used in this dissertation.) 

Two vowels and three consonants were omitted from the lists. These were 

[o] (hawk), [ar] (bird), [n] (sing), [0] (thin), and [3] (vision). The 

omission was accidental when the first lists were compiled but was 

continued through other lists in an effort to reduce the number of 

variables so far as possible between tests. 

Formal evaluation of the recognition rate for a given number 

of frequencies was obtained by recording lists of vowels and of conso

nants as processed by the system. Upon listening to the recording, the 



test subject was required to indicate which phoneme had been spoken 

on each occasion. It was found that tests with the same recording could 

be repeated by a listener at different times without any noticeable trend 

in the results. The effective number of subjects was thus increased by 

testing each trained subject twice with each recorded test. This proved 

to be beneficial since finances were not available for paid subjects and 

several hours training are required even though the sounds do show some 

resemblance to undistorted phonemes. The effective increase in the 

number of test subjects was not as great as hoped, however, as there 

existed a fairly consistent ordering in the results among the different 

subjects. 

Informal evaluation of the system was made after each change 

by having one person listen through the system and respond directly in 

conversation with the person speaking into the system. Padded earphones 

were used for isolation while listening to the processed speech. 

Informal evaluation is biased by the degree of naturalness which is 

greater when more frequencies are used. This informal process would 

lead to results similar to those obtained during formal evaluation, how

ever. 

The subjects tested include RM and LM who obtained much 

training during informal evaluation of each system. Subject FH spent 

less time informally with the system but still was considered to be 

completely trained. JM was trained solely by listening to tape record

ings of phonemes processed by the system. The training was considered 

to be adequate at the end of ten hours since JM was responding with 
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recognition rates which corresponded favorably with those obtained from 

the other test subjects at the end of that training period. This was a 

significant improvement over an initial rate of about twenty per cent 

for both vowels and consonants. During the learning process the rate is 

probably not as meaningful as the test subjects own feeling of compe

tence. The following statement is included from the test subject JM who 

is an elementary school teacher with no special training in engineering 

or auditory work. 

At the beginning of the testing period, it was very 
difficult to convince myself that I would gain any proficiency 
in recognizing the phonemes presented. They sounded strange 
and not associated with the letters with which I was attempting 
to identify them. 

I could only practice 20 to 30 minutes at a time without 
getting completely nervous and frustrated. However, after a 
few practice hours, the concentration time expanded to 45 to 
55 minutes. I never felt that I could apply myself at this 
study for over an hour at a time. 

Progress seemed very slow for the first four practice hours. 
After five or six hours, I became quite encouraged and happy 
with my progress. It was about this time that I seemed to find 
reliable clues along with a greater feeling of understanding of 
the work. 

After about eight hours, the progress slowed down but the 
results became more consistent. At this point it seemed that 
the sounds I was hearing were much the same as spoken sounds. 

The proficiency shown in the recorded test was the results 
of ten hours practice time. 

4.3 Test Results and Analysis 

Before presenting the data obtained under the strict quality 

control which governed all later phases of data gathering, there are 

several observations which may be drawn from the earlier experimentation. 
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First it is worth mentioning that during the earlier phases all low-pass 

filters had a cut off frequency of 30 Hz. This resulted in an occasional 

perfect score on lists of consonants which was never achieved during the 

controlled tests where only 10 Hz were allowed for the low-pass filters. 

For each number of frequencies, testing during the initial phases was 

performed utilizing both an overall frequency band from 150 Hz to 5000 

Hz and an overall band from 220 Hz to 3500 Hz. The following obser-
\ 

vations were made regarding the data taken in this way. 

1. Spreading a given number of channels over the narrow band was 

superior for vowel recognition, giving an average improvement 

of seven per cent over the recognition rate with the same 

number of frequencies spread over the wide band. 

2. Spreading a given number of channels over the wide band was 

superior for consonant recognition, giving an average improve

ment of seven per cent. 

A little thought indicates that these observations are at least 

qualitatively what one might expect as vowel recognition depends heavily 

on frequency resolution for the first two or throe formants and conso

nants introduce practically all the important fringe frequencies found 

in speech. 

4.3A Frequency Quantized Phoneme Recognition Rates 

The recognition rates obtained for different numbers of 

frequencies are plotted for vowels and consonants in Figures 4.2 and 4.3 

respectively. The original plans were for all tests to be taken with 

adjacent band-pass filters set such that they overlapped at their 
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half-power frequencies. It later became obvious that this results in 

filters which are too broad for smaller numbers of frequencies. There

fore, for less than eight frequencies another technique was used in 

which the Q's of the band-pass filters were held at a constant value of 

three and only the center frequencies were moved as the number of 

frequencies varied. The constant Q and half-power methods become nearly 

identical for nine and ten frequencies. Por even larger numbers the 

constant Q case would cause too much overlapping of the filter pass 

bands. The results of both methods are shown in the critical range. 

In addition to the average recognition rate, the maximum and 

minimum rate for any one test is also indicated. The curves drawn are 

merely intended as aids in visualizing the data. It is obviously 

meaningless to interpolate for fractional numbers of frequencies. 

Figure 4.4 shows the average combined results for all phonemes 

recorded at each number of frequencies. For such a plot to have maximum 

significance one should apply a variable weight to the results depending 

on the frequency-of-use of a particular phoneme in speech and its 

importance when used. The effort does not seem warranted here, however, 

in the presence of the many other variables and problems discussed in 

Chapter 2. There is a certain amount of correction in that twenty-five 

consonants were recorded for every fifteen vowels which is about the 

correct proportion. No attempt was made to allow for the relative 

entropies of the various consonants or vowels when plotting Figure 4.4. 

The data turned out much as expected and indicates that those 

who have used ten frequencies in the manner prescribed by Pickett (16) 
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are starting with enough information to allow for success. On the other 

hand, those who start with seven or five frequencies (3, 14) are working 

on the borderline of certain failure. The very definite extension of the 

higher recognition rates to smaller numbers of frequencies by using the 

constant Q technique for setting up the band-pass filters gives an indi

cation of the dependency of the results of such an experiment on the 

precise processing employed. It is entirely possible that more optimum 

frequency quantizing techniques would extend the knee of the curve to 

even smaller numbers of frequencies. 

Vocoders using as few as three bands have been devised which 

give better recognition than has been observed with this system (32). 

This raises the question as to why the recognition rate seems to flatten 

off without approaching more closely one hundred per cent. One of the 

major factors is the criterion that the output frequencies be held 

constant and not allowed to vary over the band as in most vocoders. Due 

to masking effects, fairly large bands of frequency spectra are dominated 

in the hearing process by the largest amplitude frequency component within 

the particular band. The essence of many vocoder transmission techniques 

is to strip the masked frequencies leaving only the dominant frequency 

with its amplitude (32). One further step is to determine and maintain 

a band of frequencies with the dominant frequency at its center (26). 

In either case the distortion is obviously less than that produced by 

this system which in essence moves the dominant frequency to the center 

of the predetermined band and adjusts its amplitude dependent on the sum 

of the weighted amplitudes of all frequencies within the band. 
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The reason for departing from the more optimal processing 

utilized in conventional vocoder communication systems is that the 

processed speech is ultimately intended for tactile stimulation where 

frequency is to be represented by spatial positioning. A satisfactory 

technique of tactile stimulation for representing continuous variations 

in frequency as well as variations in amplitude would enable the use of 

the more powerful vocoder processing. In comparison with the system of 

quantization employed here, however, continuous frequency variation 

would represent an infinite number of frequencies and as such would 

represent an upper bound on the recognition rate. 

Another interesting observation is that the average recognition 

rate for consonants was ninety-six per cent under the same testing 

conditions but with directly recorded phonemes. Recognition of un

processed vowels was perfect for the short lists used and the limited 

testing performed under these conditions. Fletcher presents articulation 

curves for the various phonemes under limited high and low frequency 

limitations which indicate that something between 95 and 100 per cent 

recognition should be expected with the bandwidth used in these 

experiments (36). 

4.3B Observations on the Confusion of Frequency Quantized Phonemes 

Although the plots of recognition versus number of frequencies 

have the general shape expected, there is still much insight hidden in 

the individual tests concerning the information content of the processed 

speech. It is very time consuming to examine each test or set of tests 

for all the information that it has to offer. It does not seem expedient 



to do so at this time. The confusion charts of Figures 4.5 and 4.6 

represent a composite of all tests given with nine or more channels. 

The four numerical entries for each pair of phonemes give the number of 

mistaken identifications made of that particular pair by each of the four 

test subjects. Results for the four test subjects are always given in 

the same order with a blank representing zero or no errors. Correct 

identifications are not recorded. They may be approximated, however, 

since each consonant was spoken an average of twenty-one or twenty-two 

times and each vowel an average of twenty-seven times. The results for 

the individual subjects were kept separate to show details which seem to 

be quite important. Other details pertaining to the spread of errors 

corresponding to different numbers of frequencies were observed in the 

preparation of the charts but do not warrant the effort to produce 

separate charts for each situation. 

The most obvious observation fi'om the charts is the clustering 

of errors under certain phonemes or pairs and groups of phonemes. The 

phoneme [f], for instance was probably the most widely confused whereas 

the pairs [v, §] and [§, v] account for eighteen per cent of the errors 

in consonant recognition. Similarly it is seen that [A] is the most 

commonly confused vowel with the group of vowels including [A] , [<*], and 

[ae] contributing 48 per cent of the errors for vowels even though repre

senting only less than seven per cent of the possible errors. In a few 

cases a large number of errors resulted from a particular phoneme in one 

test indicating either that the phoneme was not properly spoken or that 

an overload or sane other unusual condition produced abnormal distortion. 
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Such was the case, for instance, with ft/] spoken and confused with [/] 

where all seven mistakes were made on exactly the same test element. 

The most striking conclusion resulting from keeping the 

individual results separate is that either the test subjects were not 

completely trained and practiced, or their auditory pattern discrimi

nation abilities vary considerably. Noting how the errors seemed to 

change with time during the test procedure, the former of the two 

conclusions seems to be the most applicable. This lack of training is 

evidenced in any particular instance where a large number of errors were 

made by certain subjects with others showing no mis-identifications of 

the same phoneme pairs. This situation indicates that the information 

is indeed present in the processed speech if a person is trained to 

recognize it for the proper phoneme. One example of this phenomena is 

shown with the phoneme [z] with which six per cent of the consonant 

errors are associated but caused by only three test subjects. Other 

examples are seen with the phoneme pairs [c, ae], [k, tf], and [d, g] 

where the majority of the errors are contributed by a single test 

subject. 

4.3C Frequency Quantized Word Identification Test 

Without further belaboring the details, let it be observed 

that most of the difficulty in recognition of phonemes is connected 

with the following groups of phonemes: [r, w, 1], [m, n], [f, 5, v, b], 

and [A, a]. This is emphasized even more by the results of a test in 

which one hundred words processed with eight frequency quantization were 

presented for recognition. The test subjects had no prior knowledge of 



the list from which the words were to be taken and were required to 

respond for every word spoken. No special practice or training was used 

in preparation for this test and the results show a lower recognition 

rate than that which would be predicted from the phoneme recognition 

rates. This is not especially surprising as some practice is necessary 

for the transition from phonemes to words or from words to sentences. 

The need for this practice is clearly seen in the difference between the 

63 per cent rate by the subject who had the most practice in listening 

to conversation processed by the system and the 31 per cent rate by the 

subject who was trained only by listening to lists of phonemes. Table 

4.1 gives the list of words used for the test together with the incorrect 

responses for each of the four test subjects. 

In carefully examining the recordings of the words to determine 

the cause of errors it was found that in some cases there was definite 

distortion due to an overload condition of an amplifier in the filters. 

Such was the case with words number 29, 45, 75, 82, and 96 (see Table 

4.1). In his attempt to enunciate clearly each word spoken, the speaker, 

being untrained in this type of procedure, occasionally inserted extra 

phonemes and even an extra syllable. A definite example of an extra 

phoneme was found in word number 26 and an extra syllable in word number 

76. Most recognition errors not resulting from these inadequacies of 

the recordings are associated with the phonemes which were difficult to 

distinguish when spoken alone. These are generally low energy content 

sounds and plosives of very short duration. The system used had an 

effective dynamic range from about 0.2 to 10 or 34 db. Assuming that 



TABLE 4.1. Word Test with Frequency Quantization 

One hundred words processed with eight frequency quantization 
and listened to twice by each of four test subjects. Only incorrect 
identifications are listed. 

1. 

2 .  

3. 

4. 

Word 
Spoken 

thin 

let 

top 

oil 

Subject 
#1 

cap 
hat 

Subject 
#2 

fee 
feed 

cat 
cap 

Subject 
#3 

beed 
speech 

stop 
chop 

quail 

Subject 
U 

feet 
bait 

wet 
yep 

cap 
hat 

real 

5. 

6 .  

7. 

8 .  

turn 

bed 

fall 

yard 

tall 

ten 
ton 

fed 
fed 

tall 
poil 

told 

powel 
powel 

two 
come 

head 

crown 
pal 

9. zebra 

10. 

11. 

12. 

13. 

14. 

15. 

16. 

father 

ape 

go 

had 

not 

she 

always 

Bible 
Bible 

girl 

mat 
mat 

Bible 
Bible 

girl 
grow 

barber 
barber 

eight 
eight 

bill 
do 

cad 

barber 
barber 

kill 
two 

head 

mut 
mut 

17. meet 



TABLE 4.1--Continued 

18.  

19. 

20. 

21.  

22.  

23. 

24. 

25. 

26. 

27. 

28. 

29. 

30. 

31. 

32. 

33. 

34. 

35. 

36. 

bite 

pass 

yet 

azure 

drink 

chin 

fat 

date 

did 

fall 

trim 

will 

sell 

date 

under 

fur 

off 

get 

leisure 

break 
bright 

bat 
bat 

bate 
bate 

dead 

ball 
ball 

turn 

row 
row 

fall 
fall 

bate 

amber 
amber 

full 
full 

at 
at 

fight 

jet 
jet 

break 
break 

that 

cash 
cash 

doll 

tune 
chin 

tool 
whorl 

bait 
bait 

ember 
ember 

so 
so 

at 
ought 

point 
bullet 

bat 
bat 

fate 
bate 

fed 
bed 

fowl 
ball 

twelve 

lull 
lull 

bait 
bate 

sore 
four 

up 
up 

zeal 
ell 

has 
has 

slept 

brick 
grape 

head 
head 

bat 
bat 

gate 
bait 

dead 
dead 

ball 

gym 
Julian 

roll 
roll 

spell 

ate 

amber 

spur 
tire 

at 
head 

window 
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37. dash 

38. lap 

39. bear 

40. car 

41. even 

42. bed 

43. had 

44. ton 

45. put 

46. vat 

47. arch 

48. then 

49. truth 

50. ring 

51. arch 

52. yard 

53. drink 

54. haze 

55. have 

that 

bell bail 
bell bale 

gash gash 
gash 

let 

dare 

pard power 
pard power 

begun 

head 

turn 
tune 

but 
but 

that 
that 

art 
art 

ten 
ten 

debt 
bet 

march 

ram 
rain 

art 
art 

to 
too 

leng 
lean 

ten 
ten 

bat 
bought 

that 
hat 

bend 
fan 

two 

lend 
lend 

two 
two 

burt 
bit 

bad 
bat 

heart 
heart 

babe 
babe 

true 
true 

green 
green 

part 

yelled 

boik dirt great 
grate 

hay 

had said had 
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56. 

57. 

58. 

59. 

60. 

61.  

62.  

63. 

64. 

65. 

66. 

67. 

68.  

69. 

70. 

71. 

72. 

73. 

74. 

hat 

pass 

red 

tool 

doubt 

use 

care 

ten 

father 

dear 

car 

over 

put 

trim 

kill 

bite 

mile 

bake 

tone 

chat 

yeast 
yeast 

cow 
cow 

yell 
yell 

foot 

ten 

lead 
lead 

fed 
fought 

tell 
tell 

you 
deal 

twin 
twin 

sat 

cash 
ass 

fight 

zeus 

pen 
can 

Bible 
barber 

ear 
ear 

card 
card 

elbow 

fight 

ate 
ache 

date 

ten 

at 
eight 

home 

had 
head 

has 
has 

true 
kill 

bite 
ate 

j inks 
yeast 

cow 
tail 

tame 

barber 
barber 

feel 

coward 
coward 

out 
heart 

crib 
trib 

eye 

ache 
ache 
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TABLE 4.1—Continued 

75. horn on earn earn home 
on own home on 

76. joy very jerry generally generate 
generally jerry generally generate 

77. ahead 

78. fork port fort pork 
broke pork 

79. out couch 

80. troop tube two two 
tube took two 

81. he hey hate 
hay 

82. cut cat hat pack 
pet pack 

83. did bed bid bid head 
yet bid head 

84. get yet bit 
yet bit 

85. tool true 

86. focus opus purpose over 
copus opus over 

87. sanity seventy 
seventy 

88. note moat moat mote night 
moat out mouth 

89. this fish hash 
best best 

90. can canned 

91. best list 

92. as add and 
aye end 

93. between reasuring 
redoing 
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94. sound 

95. and pen head 

96. lips lets lets let wits 
lets lets let lets 

97. trying 

98. sound sand 

99. from on fun rum rim 
on fun run run 

100. heard hold curd old food 
hold ode 



the average level could be held near the center of this range, still 

anything 20 db below average is eliminated. Non-linear amplitude 

response and transient detection may aid considerably in the detection 

of these phonemes. The phonemes [1, r, w] and [m, n] are not of the low 

energy type but still cause a great many errors in word recognition. 
i 

Table 4.2 gives an approximate listing of the number of errors caused by 

several phoneme groups. 

TABLE 4.2. Analysis of Errors in Word Test with Frequency Quantization 

Number of wrong identifications associated with the given groups 
of phonemes when a list of 100- words process by eight frequency 
quantization was presented to four test subjects on two different 
occasions. 

Low Energy Phonemes Semivowels Nasals Other 

[p, b, t, k, f, v, h, 9, 9] [1, r, w] [m, n] causes 

180 54 30 113 

4.30 Frequency Quantized Phonemes and Additive Noise 

In order to determine the general effect additive noise would 

have on the recognition of frequency quantized speech, background noise 

was recorded at The University of Arizona Cafeteria during the noon hour 

and played into the microphone at a level approximately 8 to 10 db below 

the average level of the spoken phonemes. This was done only with eight 

frequency quantization and the test was taken by all four test subjects. 

The results showed little degradation of the recognition rate for this 

signal to noise ratio at the microphone. The average rates with the 

noise were 64 per cent for consonants and 84 per cent for vowels. As 
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expected the consonant recognition is most strongly affected because of 

the low power level of many of them compared to the average or the 

dominant [a ] which follows each consonant in the tests. 

4.3E Frequency and Amplitude Quantized Phonemes 

Experimentation with amplitude quantization was limited by the 

lack of versatile equipment for performing the quantization. Sufficient 

equipment was built to quantize the output of eight low-pass filters 

into four non-zero levels. When feeding unweighted channel outputs into 

the quantization circuitry it was noted that the full range was not 

being used for most channels. The quantization levels were fixed as 

indicated in Table 4.3 and could not easily be adjusted individually. 

TABLE 4.3. Amplitude Quantizer Levels 

Amplitude quantizer outputs corresponding to ranges of input 
levels from the low-pass filters. 

Low-pass Filter Amplitude Quantizer 
Output in Vclts Output in Volts 

0-2 0 

2-4 2 

4-6 4 

6-8 6 

8-10 8 
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The outputs of the various channels were therefore weighted in such a 

way as to cause each to vary over the entire range of the amplitude 

quantizing circuit. The relative weighting used for this purpose is 

given in Table 4.4. 

TABLE 4.4. Channel Weights for Amplitude Quantization 

Relative weighting used for the various channels of an eight 
frequency quantizing system prior to performing amplitude quantization. 

Channel Frequency Range (Hz) Relative Weight Assigned 

150-210 6 

240-330 5 

370-510 4 

570-790 6 

890-1230 8 

1380-1910 8 

2200-3100 8 

3540-5000 8 

With the system as described above one recording was made with a 

list of fifteen vowels and 25 consonants. Each of the four test subjects 

listened to this recording twice with an average result of 87.5 per cent 

recognition for vowels and 62 per cent recognition of consonants. 

Vowel recognition depends strongly on formant location and is 

not significantly affected by the amplitude quantization. The slight 

improvement in the vowel recognition rate over that without amplitude 

quantization is probably a function of the very limited testing. 
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Consonants, on the other hand, depend on the temporal variations of 

frequency content and are given a chime like quality by amplitude 

quantization. As with the test with words, training was an important 

factor in recognizing consonants processed with this system. This again 

was born out by the difference between the 70 per cent rate for the 

person who had the most experience listening to the system with amplitude 

quantization while testing for quality control, and the 50 per cent for 

the subject who had no prior experience in listening to amplitude 

quantized phonemes. The effective dynamic range is also reduced by 

approximately 20 db which seriously affects low power level consonants. 

This condition could be alleviated by using logarithmic scaling in the 

amplitude quantizer. 

The results of this particular experiment are certainly not 

sufficiently accurate quantitatively to substantiate many conclusions. 

It does indicate, however, that four non-zero levels of amplitude 

quantization cause no appreciable further degradation of the information 

content of speech which is needed for contextual recognition. It is the 

author's opinion that as few as two non-zero levels should suffice if 

the average input level to the microphone is held relatively constant 

and the levels can be individually adjusted on an approximately loga

rithmic scale. This, however, is merely speculation and must be 

substantiated experimentally. 
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4.4 Summary of Testing Results 

Because of the length of this chapter and the variety of 

subjects discussed, several of the conclusions and observations will now 

be listed for the purpose of summary. 

1. No fewer than eight channels should be utilized for the 

commonly used tactile vocoder systems unless exceptional care 

is employed in selecting the exact filtering techniques and 

frequencies for the smaller number of channels. 

2. A minimum of ten hours practice is needed to become acceptably 

capable in recognizing speech quantized into discrete 

frequencies by using the normal hearing process. Many more 

hours would be needed to become thoroughly trained for the 

auditory recognition of such signals. The time needed for 

tactile training is anticipated as being very large in 

comparison to that normally employed on an experimental basis. 

3. With fixed frequency outputs the recognition rate increases 

only slightly as the number of frequencies is increased above 

ten and the curve does not necessarily approach that expected 

for more sophisticated vocoder schemes. 

4. A definite increase of effective dynamic range is needed. This 

is not only true for general use where the speaking level may 

change but even for one speaker a given distance from the 

microphone in order to prevent saturation of active filters and 

simultaneously allow for the low-power phonemes. In a practical 

system an AGC circuit will definitely be needed to standardize 

the input signal level. 
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5. The relationships which have bieen found to exist between 

phoneme, word, and sentence recognition rates in the presence 

of additive noise probably also exist for frequency quantized 

speech. This has not been proven, however, and must be 

ascertained only after sufficient training with each type of 

recognition. 

6. Additive noise 10 db below the speech level does not seriously 

affect the recognition of quantized speech. 

7. Four discrete non-zero levels of amplitude are sufficient to 

specify the amplitude of any one frequency channel. This has 

not been established as a necessary requirement but only 

sufficient. 

8. Specific features of the system used have definite effects on 

the quantitative results obtained and all results presented 

here should serve only as representative guidelines. 

Although from a standpoint of accuracy it would be desirable to 

extend the results of this chapter and include many more test subjects 

trained to near perfection, the time and expense involved are prohibi

tive. Also, the true value of more accurate data is questionable when 

one considers the tremendous variation in human subjects. Further 

effort will therefore be directed toward optimizing the design rather 

than testing with this particular system. 



CHAPTER 5 

THE PROBLEM OF OPTIMIZING FREQUENCY AND AMPLITUDE 

QUANTIZATION TECHNIQUES 

5.1 Introduction 

In vocoder studies, tactile communication research and automatic 

speech recognition, it is often desirable to divide the total auditory 

frequency range into sub-ranges using band-pass filters. In this 

research effort the problem has also been considered of quantizing the 

continuously varying amplitudes of the signals from the various band

pass filters. In both cases the question of the proper placement of 

dividing lines or levels arises. Selections vary from linear (15) or 

logarithmic (3) divisions to rather complicated random divisions (16). 

This chapter discusses some theoretical considerations affecting the 

procedure for making these selections. First the general problem is 

considered with a rather qualitative discussion. Then a more quanti

tative discussion follows together with a discussion of data gathering 

and analyzing procedures necessary for the application of quantitative 

optimization principles. 

S.1A Qualitative Discussion of the Optimization Problem 

For the purpose of this qualitative discussion the audio 

frequencies will be considered in three groups, 0-500 Hz, 500-2000 Hz, 

and 2000 Hz and up. The lowest significant frequency found in speech 
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is the pitch frequency. The pitch frequency, assumed to be between 100 

and 300 Hz, will be present during all voicing but occurs at near the 

same amplitude a large portion of the time. By examining frequency 

spectra (37, 38) it is seen that there is little change among the 

different vowels in the amplitudes of the frequencies below 500 Hz. The 

transient times for these frequencies are short compared to the on-off 

times, so the whole range might effectively be considered as binary in 

nature. There also seems to be a high degree of correlation between the 

amplitudes of the frequencies in this region such that they all take 

either maximum or minimum values simultaneously. This suggests that one 

bit of information should adequately represent this entire band of 

frequencies. The bit of information might be called the voicing bit. 

The grossness of this argument is admitted but the general line 

of reasoning is correct and the end results useful in setting a quali

tative background for that which is to follow. It might be noted that 

the first formant of many vowels falls within this range of frequencies. 

However, the greatest variation in the first formant appears to occur 

when it moves above 500 Hz. The increase in amplitudes there seems to 

be much more pronounced than any variations in amplitudes below 500 Hz 

during formant changes. The dividing frequency of 500 Hz is not 

necessarily the exact division, but there should be an experimentally 

derivable frequency in this proximity below which only voicing infor

mation is found to be of significance. These observations seem to be in 

good agreement with intelligibility studies which indicate that only 

five per cent of the intelligibility of speech is found below 500 Hz and 

most of this five per cent is in the upper half of the band (39). 
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Turning next to the frequency range from 500 Hz to 2000 Hz a 

much different condition is observed. For these frequencies the ampli

tudes vary more rapidly over a wide range of values increasing the 

relative probability of observing intermediate values. That is, 

observations of spectrograms would indicate that the amplitude of any 

frequency in this lange has the property of being multivalued rather 

than binary. Also, more rapid changes from one amplitude to another 

further increase the information transmission rate within this band. 

Finally, various bands of frequencies tend to behave independently of 

others leading to multidigit combinations. This phenomena may be 

observed by examining almost any sound spectrogram of several words (32). 

The total effect is a very high bit rate for this band of frequencies. 

This is again in agreement with articulation tests which place seventy 

per cent of the intelligibility of speech in this range of frequencies 

(39). 

For completeness a few personal observations will also be 

included concerning the frequencies above 2000 Hz. First it should be 

noted that the third formant generally lies between 2000 Hz and 3500 Hz 

(40) so that some frequencies in this range will have non-zero amplitudes 

during most vowels. This frequency range together with all higher 

frequencies are more important, however, in specifying fricatives and 

affricatives. For these phonemes small bands of frequencies above 2000 

Hz take amplitude values which, by personal observation, either seem to 

be small but non-zero or relatively large as for [s] and [/]. It would 

seem that the amplitudes of these frequencies are ternary in nature. 
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Also from personal observation, it appears that, although the different 

sub-bands in this range of frequencies may appear independently of each 

other, generally either one small band alone takes a non-zero value or 

the entire range may be represented by one value. It is interesting to 

note that thirteen per cent of speech intelligibility is contributed to 

the 2000 to 4000 Hz range and twelve per cent to the 4000 to 8000 Hz 

range of frequencies (39). 

Looking back at the results presented in Chapter 4 it is seen 

that a large portion of the errors may be associated with consonants with 

important component frequencies above 2000 Hz. It is entirely conceiv

able that an adequate three level amplitude detection and adjustment 

procedure would eliminate many of these errors with no other adjustments 

necessary. In other words, the intermediate amplitude level was 

generally so near threshold as to be difficult to detect. Reassigning 

this amplitude to a new level which would be easily differentiated from 

both zero and the large amplitudes found in certain fricatives would 

result in a certain unnaturalness of auditory stimuli but a greater 

recognition rate with practice. Of course the ultimate proof of this 

observation must be left to demonstration. Also the personal obser

vations were with the system described in Chapter 4 and may be biased by 

characteristics of that system. 

5.IB Purpose of Theoretical Discussion 

From the preceding short qualitative discussion it becomes 

obvious that in order to optimally select a system as used for the tests 

of Chapter 3 and 4, one must know more about the statistics of the 



speech signals. Experimental tests have been proposed to obtain some 

of these speech statistics but are being delayed until the analog to 

digital linkage between the ASTRAC II hybrid analogue computer and the 

PDP-9 digital computer is operational. It would be very desirable if 

experimentation and the theoretical work could proceed concurrently. 

Not only is the theory proven or disproyen in this way but the experi

mental results often suggest the direction for further theoretical 

investigation. However, since the experimentation has been delayed 

until the desired equipment is available, at least enough theory will 

be developed to direct the early stages of data gathering. When 

possible the theory will be associated with empirical data taken from 

Fletcher (36) and others. 

5.2 Information Transmission Rate with Ideal Conditions 

To begin a development of the theory assume that speech may be 

quantized into M frequencies, N amplitudes, and Q discrete intervals 

of time per second. Also assume that the amplitude of each frequency 

during any interval of time is independent of its amplitude during any 

other interval of time and also independent of the amplitude of any 

other frequency during any interval of time. Under these conditions the 

infoimation transmission rate, R, would be given by 

M N • 
R = "Q I I pCAjj ) Log. pfÂ  ) bits per second 

m=l n=l mm 

where p(A ) is the probability that the amplitude of the m-th frequency 
m 

is at the n-th level hence 
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N 
I pCAn ) = 1 
n=l m 

for every value of m. 

To develop an order of magnitude for the transmission rate 

assume that N, M, and Q have the values 5, 10, and 30 respectively. A 

simple experiment can be performed with five or more oscillators set 

logarithmically over the audio frequencies and summed to produce an 

audio signal. With each frequency set at one of four non-zero levels 

of amplitude spread over no more than twenty decibels it is very un

likely that an untrained listener can consistently identify the 

amplitudes of all the frequencies. (This experiment was performed 

informally by Dr. Hill, Mr. McClellan, and the author with the results 

indicated.) It is probably not a bad assumption that not more than five 

levels are distinguishable by an untrained listener in the presence of 

other frequencies of various amplitudes as found in phonemes. 

If the amplitude variations are considered to be band limited 

to less than fifteen hertz by the rate of configuration change in the 

vocal tract, it follows that no more than thirty perceptible level 

changes are possible per second. This may be stated also that there 

exists an upper bound of thirty on the number of maximum, minimum, or 

relatively flat plateaus per second, i.e. the time derivative of A(t) 

cannot approach zero more often than thirty times per second. It must 

be admitted that significant durations of amplitude exist in speech 

which are about one-third the length predicted by this upper bound. As 

discussed earlier (page 40) the repetition rate is still limited by the 

same upper bound. This rate is somewhat higher than the ten phonemes 
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per second which one would observe during conversational speech of about 

150 words per minute. The discrepancy may be accounted for partially in 

the multiple time intervals necessary to develop many consonant phonemes 

due to transients and partly in the extended time intervals used for most 

vowels during speech. 

The value chosen for M is merely typical of the work done 

previously and was rather arbitrarily selected. Indeed, much of this 

research is directed toward finding a representative value for M or the 

number of independent frequencies necessary to adequately represent 

speech. An experiment similar to that described above for amplitudes of 

several frequencies might be devised to obtain a better measure of the 

average listener's ability to detect 9 presence of an additional 

frequency component added to an existing signal composed of a finite 

number of frequencies at various amplitudes. 

With one additional assumption that all the p(A )'s are equal 
m 

to one-fifth or one divided by N, a first estimate of the transmission 

rate of speech can be obtained. 

R - (30)(10)(5)(l/5)Log2(5) a 700 bits per second. 

The bit rate of printed English, on the other hand, may be 

approximated for a reading rate of 150 words per minute by considering 

a uniform probability distribution for 32 phonemes and an average of 

four phonemes per word or ten phonemes per second. 

R = (10) Log2(32) = 50 bits per second. 

This is a fairly generally accepted value (41) and corresponds well with 

the upper limit of human information assimilation capability which has 

also been placed at 50 bits per second (42). 
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The redundancy or extra information content of spoken English 

is essential to the recognition of speech in other than a completely 

noiseless environment. One must also allow some redundancy to account 

for different speakers, voice inflections as in questions, regional 

accents and pronunciation differences, etc. Any additional redundancy 

allows for greater flexibility in presenting this information through 

other than the conventional hearing system. When the signal is pre

sented to the tactile sences, the information transmission rate should 

be maintained as close to its maximum as possible and sacrificed only 

when necessary at the interface with the tactile nerves or in trans

mission through the nerve complex. The frequencies used, for example, 

should be chosen for their information content and not for their effect 

upon the naturalness or quality of speech. 

5.3 Procedure for Preliminary Experimental Data Collection and 
Amplitude Quantization 

The goal of experimental data collection should be to obtain, 

a knowledge and understanding of the characteristics of conversational 

speech which will aid in optimally selecting any quantization levels 

required in preparing for presenting transformed speech to the tactile 

nerves. In particular, for the tactile vocoder approach to tactile 

communications the characteristics of all component frequencies of 

speech must be examined so that the specified number of channels or 

frequency bands may be selected to optimize the information transmission 

rate to the stimulators. 
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The first task is to determine the probability distributions 

for the amplitudes of the various frequencies. Some work has already 

been done along this line by Fletcher (36) with results that are approxi

mated in Figure 5.1. Fletcher's data differs from that sought here, 

however, in the following ways: 

1. Using octave or half-octave bands of frequency he has divided 

the frequency scale into logarithmically equal parts. For the 

desired accuracy it is suggested that algebraically equal 

frequency bands of no more than 100 Hz bandwidth be used. 

2. That which is portrayed is the percentage of instances in 

which the peak amplitude of the power during a one-eighth second 

interval exceeded the given value. A distribution of 

instantaneous values would be more informative and possibly 

even a technique for sampling only maximum, minimum, and 

relative plateau values could be used advantageously. 

3. More detailed data is also desired with respect to the 

increments between percentage lines. This may prove to be 

unnecessary but will be very desirable if the amplitudes can 

be shown to cluster about certain values. 

4. An effort should be made to separate the amplitude changes 

pertaining to phoneme content of words from amplitude changes 

between speakers or words of a given speaker. 

Now consider these differences separately and in more detail. 

If one attempts to use standard band-pass filters to select the various 

frequency components of the signal, logarithmic intervals of frequency 

are almost a necessity. To attempt using algebraically equal intervals 
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FIGURE 5.1. Approximation of Fletcher's Frequency Amplitude Probability 
Density Data. 
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would entail wide variations in the Q of the band-pass filters. Even 

if higher order band-pass filters were employed the influence of 

neighboring frequencies would not be the same over the audio range. 

Thus, in order to investigate algebraically equal bands of frequencies 

it is advisable to move the frequency band to the filter rather than 

adjusting the filter to the frequency. This may be accomplished by 

using two radio-frequency oscillators with a variably controlled 

difference between their frequencies. By multiplying the speech signal 

with both of the oscillator outputs, that frequency of speech coin

ciding to the difference between the two oscillator frequencies will be 

transferred to zero and a fixed low-pass filter may be used to select 

the band of frequencies to be examined. Quadrature techniques must be 

used instead of simple rectification and low-pass filtering for detect

ing amplitude, however, as the modulation rate is of the same magnitude 

as the transformed frequencies under investigation. An alternative 

approach is to build a 100 Hz band-pass filter centered above 10 KHz and 

perform only one frequency transfer. The problem of amplitude detection 

is thus relieved but the Q required of the band-pass filter may be 

excessive. 

With phonemes being produced at a rate of eight to ten per 

second samples of one-eighth second duration, as used by Fletcher, will 

almost invariably include portions of more than one phoneme. Considering 

the maximum in an interval of this length of time places undue emphasis 

on those phonemes with the larger amplitude for a particular band of 

frequencies. A large sample of instantaneous values of the amplitudes 
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of the various frequencies would eliminate this bias. The bandwidth 

of the low-pass and band-pass filters must be sufficiently large or the 

samples will all be seriously biased toward the average value. This is 

one reason for not attempting to use a band-pass bandwidth less than 100 

Hz. 

In the theoretical situation presented with only discrete 

amplitude levels and instantaneous transitions between these levels, 

only one sample per time interval is desired. More frequent sampling 

results in dependent samples and gives less effective data for a given 

number of samples. The same general argument holds for the continuously 

varying amplitudes actually found in speech. If a technique could be 

devised for determining the essential time intervals in speech, sampling 

could be performed with maximum effectiveness. Also it would be simpler 

to obtain statistics on the dependence between time intervals or 

activity of the frequency in question. In any event the samples should 

not be taken more often than one-thirtieth of a second to obtain maximum 

information from a given number of samples. 

The problem of presenting the data with sufficient detail to 

obtain the desired accuracy obviously depends on the nature of the data. 

Since it is doubtful for a single frequency of most phonemes that changes 

of amplitude of less than six decibels are distinguishable by the average 

human's senses it may be desirable to determine the percentage of the 

samples which fall within each three to six decibel interval. This is a 

difficult decision to make without some preliminary experimental results 

upon which to base one's judgement and only by first obtaining some 

detailed data can one then justify coarser evaluations. 
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The contextual information content of spoken English is 

affected only moderately by the inflectional or emphatical treatment of 

words during conversational speech. This is not nearly so true with 

Spanish and some other languages where emphatical treatment of words 

rather than phonetic changes is often used for vowel conjugation and 

person identification. For example consider the two sentences below 

differing only by the accent on the first word: 
a 

Ando en el campo. I walk in the field. 

* 

Ando en el campo. He walked in the field. 

For the present only English will be considered so that it may be 

assumed that only changes in amplitude levels of the different frequen

cies associated with phonemes are of importance. With this assumption 

it may be stated that the information transmission rate of a given 

frequency band will not be affected by a general normalization process. 

This may be stated simply that the recognition of speech will be assumed 

not to depend upon absolute amplitude levels but only upon the relative 

amplitudes of the different frequencies during individual phonemes. The 

problem exists in devising the desired normalization technique. At 

least manual and preferably automatic control should be used at the 

source to eliminate gross variations in input levels. The frequency 

response of the automatic control system should not be greater than about 

one hertz, however, or serious word distortion will result. Once again 

the problem of specifying other normalization procedures is best deferred 

until a preliminary system is functional and some experimental data is 

available. 



With amplitude probability densities for the component 

frequencies of speech it is possible to optimally select amplitude 

quantization levels if they are to be used. The general rule is to 

create intervals such that there is an equal probability that the 

amplitude will be in any one of the intervals at a particular instant 

of time. Care should also be exercised to place dividing lines at 

points of relative minimum probability density as these represent 

divisions between the amplitudes as found in different phonemes. 

5.4 Dependent Frequency Amplitudes and the Problem of Channel 

Now eliminate the assumption that the various frequencies 

behave independently. The expression for the transmission rate must 

be changed to portray this fact. Thus, 

R - -Ql I • • • I PCA . A • . A) Log2 p(A , A , 

1̂ 2 nM . 

• • •, A ) 
V 

where p(A , A , • • •, A ) is the joint or multivariate probability 
nl n2 nM 

with A. denoting the k-th amplitude of the 1-th frequency and hence 
1 

I P(\i > An V * ,* *» An.) = P(An > An ' * ' *•' An > 
n nl n2 "M nl n2 y-1 

A , • • •, A ) 
Vi V 

and 

II I ' * * I p(An ' An ' ' ' *' An ) = 1 
Ln2 "M 1 2 M 
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Any correlation between the amplitudes of the various frequencies will 

cause a reduction in the information transmission rate and hence should 

be avoided. If algebraically equal frequency bands of 100 Hz are 

investigated as described earlier, there will result fifty variables in 

the original multivariate function. Even assuming that the fifty variable 

joint probability functions can be obtained experimentally with great 

accuracy, it is not a simple problem to condense the fifty variables into 

eight or ten with maximum efficiency or preservation of information 

content. 

5.4A General Formulation of the Condensing Problem 

The condensing problem referred to above consists of finding a 

suitable mapping function of a larger set of possible messages, {X}, 

onto a smaller set of messages, {Y>. This mapping function differs from 

most transmission problems in that the mapping is deterministic as op

posed to the probabilistic mapping usually found. 

Definition: A deterministic mapping function of a set {X} onto 

a set {Y} is a function such that for each element x̂ , of the set {X} 

there exists a particular element ŷ  of the set {Y> with x̂  mapping into 

ŷ  with a probability of one. 

Theorem 5.1: Given a deterministic mapping of a set {X} onto a 

set {Y} the expected value of Log *s etlual t0 expected value 

of Log pdb"-

Proof: The expected value of Log p'̂ yj *s 8*ven 

E(Log FOOT' • $ 108 
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If pCx̂ .ŷ ) » 0 then the contribution to the sum may be assumed zero 

since liig t Log A. = 0. However, in summing over all j for any-

particular i, p(x̂ ,yj) = 0 for all j except one j = jQ. 

Since 

I PCXi,y-j) = P(x.) 
J J 1 

the one non-zero value of p(x.,y.) is equal to p(x.)> i«e. p(x.,y.) 
l j l 1 J 

= PUi) 

Therefore 

g log = I ptXj) Log ̂  . BCLog ̂  

Theorem 5.2: Given a deterministic transmission or mapping of 

a set {X} onto a set {Y} the mutual information transmitted between the 

set {X} and the set {Y} is exactly equal to the entropy of the set {Y}. 

Proof: The mutual information transmitted between the set {X} 

and the set {Y} is given by 

ICX.V) = E(Log2£̂ 01) = E(Log,Pgffw) 

=E(Log2 ̂ (xj) + E(Log2 ̂ y)") " E(Log2 p(X,Yp 

From Theorem 5.1 it is seen that the first and last terms cancel leaving 

I(X,Y) = E(Log2 

which is the entropy of the set {Y}. 

Theorem 5.2 above predicts what should be fairly obvious 

intuitively, that all information found in the set {Y} is mutual infor

mation and hence maximum mutual information is obtained by maximizing 

the information content of the set {Y}. Also it should be noted that 
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any mapping function which creates the maximum entropy for the set {Y} 

is just as acceptable as any other function so far as information 

content is concerned. There is some question, however, as to just how 

much benefit is received from maximizing the mutual information. Indeed, 

for certain simple examples the probability of correct identification in 

guessing at the original message can be shown to be smaller for a mapping 

function which gives maximum mutual or transmitted information than for 

a function giving less mutual information. That is, with the same set 

{X} one notes that the equivocation expressed by 

H (X/Y) = H (X) - I (X,Y) 

is made smaller as I (X,Y) is maximized. The smaller equivocation does 

not necessarily imply, however, that one can be more accurate in identi

fying the original signal upon receiving a message from the set {Y}. 

As an example consider the situation where the set {X} contains 

eight messages with a priori probabilities as shown in Table 5.1. Case 

1 and Case 2 show two possible choices for condensing eight messages 

into four which are assumed to be permitted for the set {Y}. Also shown 

are the mutual information and the probability of incorrect identi

fication of the original message with optimum decoding for each case. 

The mapping is considered to be deterministic or with probability one as 

shown. In both cases the set {X} contains 2 3/4 bits of information 

given by 

2(1/4) Log24 + 2(1/8) Log28 + 4(1/16) Log216 = 2 3/4 
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TABLE 5.1. Alternate Possibilities for Condensing Sets of Messages 

Case 1 Case 2 

A Priori 
Probability 

1/4 
1/4 
1/8 
1/8 
1/16 
1/16 
1/16 
1/16 

a-s 
b "A 

e C 

h 

A Priori 
Probability 

1/4 

1/4 

1/4 

1/4 

A Priori 
Probability 

1/4 
1/4 
1/8 
1/8 
1/16 
1/16 
1/16 
1/16 

A Priori 
X Y Probability 

5/16 

5/16 

3/16 

3/16 

4(1/4)Log24 = 2 bits. 

Mutual Information 

2(5/16)Log216/5 + 2(3/16)Log216/3 =1.95 bits. 

Probability of Incorrect Identification of X 
given Y with optimum decoding 

(1/4)(1/2) + (1/4)(3/4) = 5/16 2(5/8)(1/5) + 2(3/8)(1/3) = 4/16 

The equivocation for Case 1 is 0.75 and for Case 2 it is 0.80. The 

probability of incorrect identification of the original message is thus 

larger for the mapping with the smallest equivocation. 

Although it would be comforting if the maximum mutual infor

mation always assured one of the greatest accuracy in identifying the 

original message, the criteria of maximum mutual information is 

comparatively simple to apply and will be used instead of the criteria 

of identification accuracy. Indeed it is impossible to predict identi

fication accuracy without a complete description of the decoding and 

detection process which for our purpose will take place in the brain and 
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is completely unspecified. Furthermore, in speech there are a great 

many contextual clues whose effect on detection cannot be evaluated at 

this time. Also, it should be noted that, with speech it is not necessary 

to recover the entire original set of messages but only a small subset 

or classification of it. 

Possibly in future research a relation may be developed between 

the various phonemes and their effect on the information content of the 

frequencies of speech. A pre-classification process could then be used 

prior to mapping in such a way as to improve phoneme identification 

accuracy with less emphasis on information transmission rate. For 

instance, in the example above there may exist a natural classification 

by phonemes such as (a, b)—phj, (c, d)—ph2, (e, f)—phj, and (g, h)— 

pĥ  where plu indicates one of four possible phonemes. This would 

indicate the use of a mapping function different from both of the 

choices discussed even though the resulting mapping would represent only 

1.75 bits of mutual information and a probability of incorrect identi

fication of the exact original message equal to 1/2. Identification of 

the particular phoneme class, however, would be perfect since the four 

phonemes would be precisely the messages A, B, C, and D of the set {Y}. 

Note that with fifty frequency bands each assumed to be able to 

effectively carry one of five amplitudes there is a possibility of 

5̂  = 1035 messages which are to be mapped into 5̂  = 10̂  messages 

corresponding to ten frequencies with five possible amplitudes each. 

28 
This represents a 10 to one reduction which cannot possibly be defined 



in detail as in the simple example above. One is inclined instead to 

concentrate on the five to one reduction in frequency bands or channels. 

5.4B An Example of a Linear Coding Technique for a Minimal Error 
Reduction of the Number of Channels 

Kramer and Mathews (43) have devised a clever technique for 

linearly coding a set of correlated signals of this type. With their 

technique the fifty channels would be used to develop a 50 by 50 matrix 

of correlation coefficients of the channel signals. The eigen-values 

would then be computed and a normalized set of eigen-vectors found from 

which the coefficients of a linear transformation would be selected. No 

attempt is made here to completely explain the reasoning behind their 

procedure. Generally speaking, however, it may be considered as a 

rotation of the coordinate axes on the fifty dimensional vector space in 

a manner similar to that depicted in Figure 5.2 for a two dimensional 

space. It is hoped in this way that one of the resulting coordinate 

axis will be sufficiently insignificant that it may be ignored with 

little loss. That the error is smaller when using only the x̂  axis 

alone than it is when using the x̂  axis alone is demonstrated graphically 

in Figure 5.2. The error in the first case is the perpendicular distance 

from the actual point to the linear regression line, ê . When using the 

*2 axis alone the error is the distance from the actual point to the 

linear regression line along the constant x2 line, e2» 

The complexity of this encoding scheme would make it prohibitive 

in a complete form for use in a real-time tactile communication system. 

The average correlation coefficients could be found, however, for a 
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x* 
*1 

FIGURE 5.2. Scatter Diagram Demonstrating Rotation of Axes Prior to 
Elimination of One Axis 

typical group of speakers, and perhaps a limited version of the linear 

transformation specified could be implemented with little more than ten 

band-pass filters. It is difficult, however, to determine the actual 

benefit of such a process for a tactile system. 

The governing requirement for this as well as for many other 

coding techniques is to obtain the least sum of the mean-square errors 

or other minimal error measure in attempting to reconstruct the original 

signal. It should be kept in mind, however, that in the tactile communi

cation problem there is no provision for reconstructing the original 

signal as the elimination of redundancy is a requirement for the inter

face with the tactile nerves. The minimal error measure normally used 

for a vocoder therefore may have very little significance when applied 

to a tactile communication system. 
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# 

FIGURE 5.3. Scatter Chart Demonstrating Opposite Axis Selections by 
Least-Mean-Square-Error and Maximum Information Criteria 

Kramer's procedure makes no allowance for considering the 

relative information content of the various channels. Instead it tends 

to emphasize the average or common event which generally has less 

information content. This was evidenced when the technique was used to 

reduce the number of channels in a vocoder system. The results were 

satisfactory except for low-energy, short-duration phonemes which did 

not significantly affect the correlation coefficients. Figure 5.3 shows 

a sample scatter chart in which the choice of a single axis on the basis 

of least-mean-square error would result in the opposite selection from 

that based on maximum information content. Only a few points are shown 

in the scatter chart for simplicity and all additional points are 

assumed to follow the same general distribution. This particular coding 

technique will therefore not be pursued and no attempt is made to 

extensively review the literature in the area of coding correlated 



100 

signals. The example cited and discussed is meant to show that such 

theory and work does exist and eventually should be exhaustively 

examined to find those parts which are applicable to the problems of 

tactile communications. Such an exhaustive study is beyond the scope 

of this treatment. 

5.4C Suggested Preliminary Procedure for Channel Selections 

Assume that fifty correlated channels carrying speech infor

mation as obtained from the modulation of fifty sub-bands of the audio

frequency spectra must be represented by no more than ten channels in 

an interface with the tactile nerves. In the reduction from fifty to 

ten channels it is desirable that the loss in contextual information be 

very small. Great effort should be made, therefore, to eliminate only 

redundancy. This may be summarized by stating that the signals carried 

in each of the ten channels should contain a maximum amount of self 

information, and a minimum amount of mutual information with any other 

of the ten channels. Minimum mutual information with other channels is 

equivalent to requiring uncorrelated or independent signals in each of 

the ten channels. 

A preliminary algorithm will now be proposed for selecting ten 

channels to be used. Some rigor will be sacrificed for simplicity and 

no attempt is made to completely outline or justify each step. This is 

not necessarily the optimum procedure but is representative of what must 

be done. It may serve as a guide until sufficient data is available to 

aid in developing an improved algorithm. Figure 5.4 shows a flow chart 
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Determine correlation 
coefficient for at 
least all pairs of 
adjacent frequency 
bands 
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neighboring bands 
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Combine remaining 
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can be demonstrated 

END 

FIGURE 5.4. Flow Chart of Procedure for Channel Selections. 
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for the procedure outlined. Dotted lines represent supplementary 

efforts which are suggested throughout this chapter. 

1. Using a frequency shift technique as discussed earlier, the 

probability density function is found for each of fifty frequency bands 

of 100 Hz between 100 and 5100 Hz. This is done using a representative 

group of speakers, one speaker at a time, and with the best volume 

control available. The probability density is then the average for the 

group. 

2. The probability density functions are then examined to 

determine the relative self information represented by each band. The 

fifty bands are thus ordered according to their self information content 

from greatest to least. This may be accomplished by looking for the 

most uniform distribution over the largest dynamic range or by dividing 

the dynamic range between the threshold of hearing and the threshold of 

feeling into segments of approximately six decibels and computing the 

entropy on this basis. Possibly in either case some type of weighting 

of the dynamic range would be advisable to de-emphasize those signals 

with an amplitude less than ten decibels above the hearing threshold. 

This is suggested since normal room noise tends to invalidate these 

signals. (It might be well to mention at this time also that due to the 

large dynamic range involved and the general tendency among the senses 

to be logarithmic in nature that the probability density of the logarithm 

of the amplitude may be more easily used than a direct probability 

density of the amplitude.) 
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3. The channel with the greatest self information is selected 

as one to be used and a search is initiated for the next most useful 

frequency band. 

4. The most accurate technique for selecting the second, third, 

etc. channels or frequency bands would be to exhaustively examine all 

combinations of ten channels to determine which has the greatest total 

information content. The work involved in such a procedure is prohibi

tive at this time, however, and as discussed earlier the final results 

are of questionable value. The simplest plan is to eliminate the two 

neighboring frequency bands closest to the first one chosen on the basis 

that they are probably very closely correlated with it. The second 

frequency band is then chosen as the one with the greatest self infor

mation among the 47 that are left. This procedure could be pursued 

until ten frequency bands are selected. With a small amount of extra 

effort data could be gathered relating to the statistical dependence or 

independence of adjacent bands at the same time that the probability 

densities are being obtained. This data could be used to justify or 

extend the rule of eliminating the two neighboring frequency bands each 

time that one is selected. The subject of statistical dependence of 

samples will be discussed further in relation to the activity of the 

various channels. 

5. Once the ten most useful channels are chosen the question 

arises as to whether the other forty channels in some way should be 

combined with the original ten in order to maximize the entropy of the 

signals being presented at the tactile interface and in order to more 
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completely represent the entire audio-frequency band. This subject has 

been discussed some in Chapter 3 but a few more comments are now in 

order. 

5.5 The Problem of Combining Frequency Bands into a Single Channel 

Consider two adjacent frequency bands and assume that the signal 

in each may be considered as a single amplitude modulated sinusoidal 

function of time, i.e. 

Sj(t) = Â (t) cosiô t 

s2(t) = A2(t) cosu>2t 

The relative phase angles are assumed to be unimportant. One tendency 

is to use a wider band-pass filter in an attempt to cover both frequency 

bands. The resulting signal may be expressed as the sum of the two and 

is 

s(t) = Sj(t) + s2(t) » Aj(t) cosujt + A2(t) cosa>2t 

= Aj(t) [cosu)jt + cosu2t] + [A2(t) - Â Ct)] cosu2t 

U). -0)o (4 +(0-
» 2Â (t) cos 1 cos —y-3: + [A2(t) - Â (t)] cosa)2t 

Now assume that Â (t) and A2(t) are strongly correlated such that one 

may be expressed in terms of the other plus a small time varying 

difference, 

A2(t) = Aj(t) + AA(t) 

and 

wl_h)2 wl+u2 
s(t) = [2Â (t) cos—̂ —t] cos—j—t + AA(t) cosu2t 
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It will be noted that the major change due to the addition of Sj(t) and 

toi_u)2 
s2(t) is to multiply Â (t) by 2cos—̂ —t. There is also a minor 

*• , . ̂  _ . wi+«2 If the two 
effective shift m the carrier frequency to —̂ —. 

frequencies being considered are separated by the pitch frequency as is 

\ oji-wo 
x most often the case in speech, then —̂ — represents one half the pitch 

frequency or from 50 to 150 Hz. The effective multiplication by 

011-0)2 
2cos—j2 1 causes tremolo or vibrato which gives depth and quality to 

speech sounds. This effect is very noticeably absent in synthetic 

speech of the type used for the test reported in Chapter 4. When 

passing s(t) through a rectifier and low-pass filter, or directly to the 

O)I~oj2 
tactile nervous system, the effect of cos—̂ —t would be greatly reduced 

and using the two signals together would do little more than increase 

the amplitude which is completely adjustable by other means. Note then 

that two highly correlated adjacent frequency bands can just well be 

represented by either one of the bands without concern for the other. 

The resulting signal will definitely not be a minimal error represen

tation of the original but contains the necessary contextual information. 

Two non-correlated frequency bands, each of which transmits an 

amount of information much less than channel capacity, may be combined 

by providing a filter which will pass both bands and thus increase the 

information transmission rate in the resulting signal. For example, 

consider the simple situation depicted in Table 5.2 where a single 

binary transmission channel is to. be used for the two independent 

signals x̂  and x2- One signal may be sent with perfect identification, 

the receiver left to guess at the other (Case 1); or the two signals may 
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TABLE 5.2. Direct Combination of Independent Binary Signals 

Assume one binary channel to be used for both signals x̂  and 
A priori probabilities are given for all signals. In Case 1 only x. is 
transmitted. In Case 2 the derived signal X consisting of a and b Is 
transmitted. 

Case 1 Case 2 

X1 x
2 

xlx2 X 

0—7/8 0—7/8 0 0—49/64 a—49/64 

1 — 1/8 1—1/8 1 0—7/64 v 

0 1—7/64—̂ b—15/64 

1 1—1/64̂  

be combined and the results classified into a binary signal for trans

mission (Case 2). The entropy of Case 2 is seen to be 0.81 bits 

compared to 0.54 bits for Case 1. Even though the information trans

mission rate is greater for Case 2, both techniques provide for a 

maximum probability of 7/8 of correctly identifying the original 

combination of signals. Again, maximizing the information transmission 

rate of the channel is not necessarily the most fruitful approach. 

In this simple example it is seen that the relative importance 

must be considered of knowing the exact state of one signal as opposed 

to knowing only the fact that one or the other is non-zero. Each case 

should be critically analyzed for its own merits on the basis of what

ever information is available. A theory considering relative cost-of-

errors or value-of-knowing might well be developed to help in deciding 

which channels should be combined. Considering all mis-identifications 

of the original signal as being equally costly, there is no advantage to 
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combining either correlated or independent channels once the ten 

most useful ones are chosen. It is personally believed, however, that 

combinations will be useful, especially among the higher frequency 

channels where there is small probability of finding a non-zero value 

in a given channel. Also more clever techniques may be found for 

combining several channels all of low information transmission rates 

into one channel operating at full capacity. More research is recom

mended in this area when equipment is available to investigate the 

effects on the overall probability densities of the various phonemes 

and different types of speakers, i.e. children, men, women. 

5.6 The Problem of Channel Activity or Time Dependence 

quantized into M frequencies, N amplitudes, and Q discrete intervals 

of time per second. In the most general case the amplitude of one 

frequency is not independent of the amplitude of another frequency nor 

is it independent of the amplitude of the same frequency at another 

instant of time. Under these conditions the information transmission 

rate would be given by 

Now refer once again to the assumption that speech may be 

N N N 
R  » -  y  •  •  *  y  •  •  •  

-i.r1 

for all l<i<M and lfp̂ Q 
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where p(A , . . ., A , . . A ) is the joint or multivariate 
"l,l ni»j "M»Q 

probability density with A denoting the n-th amplitude of the i-th 
"i J 

frequency during the j-th interval of time. The complexity or number of 

terms involved in such a computation renders it generally unacceptable 

for use. It will be more advisable, at least initially, to consider the 

time dependence of amplitude samples only on an individual channel basis. 

It is suggested that the five step procedure given still be used 

for selecting the channels to be used in a tactile communication system 

with the one exception that the information transmission rate of each of 

the original channels be considered instead of the instantaneous entropy. 

That is, the activity of the channel must be considered. This is true 

since all channels do not utilize the 15 Hz of amplitude modulation band

width with equal efficiency. Even the multivariate probability density 

for the amplitude samples of a single channel over a second 

of time is of such complexity as to make it desirable to find another 

technique for estimating the information transmission rate or the en

tropy of a complete second interval. 

The problem presented here is to find the information trans

mission of a continuous sequence of dependent amplitude samples, each 

of which has exactly the same probability density as every other sample. 

In general, even though the outcome of a sample may be directly 

dependent only upon the immediately preceding sample outcome, in finding 

the total information transfer it is necessary to consider the joint 

probability density including all samples which are either directly 

dependent upon the first sample chosen or dependent upon any sample 
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which may be linked to the first sample by a chain of dependency. 

Therefore, it is not generally possible to select a certain second out 

of a continuous segment of speech and calculate the entropy of the set 

of samples obtained during that second without considering the entire 

speech segment. 

In the special case of a simple Markov chain (44) where all 

samples or variables have identical probability density functions and 

the conditional probabilities between each pair of samples is identical 

to that between every other pair of samples, a major simplification is 

possible. 

1 2 
Theorem 5.3; Assume X , X , is an infinite sequence of 

trials forming a simple Markov chain in which all X-' are identically 

distributed and pCX-'/X-'**) = p(X̂ +̂ /X̂ +̂ ) for all j * 1, then the 

information content, Rq, of any Q samples is given by 

Rn " "Q I I P(x{ » x{+1 ) Lo&2 P(xi /xi+1 ^ 
Vj+l j j+1 * ;'+1 

for any j * 1 where xj represents a possible outcome of the trail X-*. 
j 

Proof: The total information content, R, under the hypothesis 

of the theorem is given by 

R - E[-Log2 pCX1, X2, • • •)] 

a -I I ' ' ' p(xj, x? , • • •) Log- p(xj, x2 • • •) 
ix i2 h X2 £ \ *2 



However, note that 

.1 „2 . . _ _,„1 /„2 3 p(x i» » * * *) = PCX. /x, , x, , • • •) p(x. , x, , • • •) 
X1 2 1 2 3 2 3 

= p(xj /x? , x* • • •) pCx? /xj , x* • 
X1 2 X3 2 3 4 

By the definition of a simple Markov chain 

so 

or 

p(x| /x|+1 , xj+2 ,•••)» p(*{ /x{+1 ) 
Xj+1 j+2 +̂1 

p(xj, xj, • • •) = p(xj /x* ) p(Xj /x? ). . . X1 h X1 *2 x2 x3 

R a -I I - . • p(xj, x2 . . .) Log, p(xj/x? )p(xj /xj ). . 
i j i j  x l  x 2  1  h x 2  X 2  H  

-11 ' ' • P(xJ, x 2  • • 0[Log 2p(x} /x? )  
ixi2 1 x2  ̂ X1 *2 

2 3 
+ Log, p(x, /x. ) + • • •] 

* X2 *3 

R B -I I P(xJ , x? ) Log, p(xj /x̂  ) -
iji2 X1 2 z *1 2 

X I P(x? ,x? ) Log, p(x? /x\ ) -
i2i3 

x2 X3 Z 2 3 

Now since p(x? /x̂ +* ) » p(x̂ +* /x̂ +2 ) for all j * 1 all terms above 
>1 >1 Xj+2 
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of the form 

r3 + l Inn nfv3 /v-j + ̂  I I p(xj ) Log2 p(xj /xj ) 
ijij+1 *j Vl j Vl 

are equal. Therefore, the information contained in Q samples is given 

by Q times the information contained in one sample or 

Rn ° " HQ P(xi • xi+1 ' '•"e? P(*f /A*1 ) for any j 4 1-
Q 1j1j+l j j+1 J !•» 

From Theorem 5.3 it is seen that if these conditions can be satisfied 

the information transmission rate of a channel can be calculated with 

only the joint probability density of adjacent samples. (Theorem 5.3 

has been found to be a special case of the treatment of Markov processes 

by Abramson (45). Literature and the theory of Markov processes may 

have much more light to shed on this problem. Not being especially 

familiar with either, the author leaves this as a possibly fruitful 

investigation for others.) 

More research is in order to find a method by which the 

information transmission rate of a given channel may be approximated 

with simple measurements and calculations. The author has investigated, 

without satisfactory results, the possibility of using the self-entropy 

of a single amplitude sample and multiplying it by a weighting factor, 

o, where 0 = o » 1. It was hoped that a satisfactory weighting factor 

could be obtained from the autocorrelation function, the correlation 

coefficients pertaining to amplitudes separated by given time intervals, 

or the probability density of the difference in the amplitudes corre

sponding to given time intervals. 
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One possibility for a weighting factor, a, might be to let 

a » H(l-|p.|) 
i 1 

where |p.| is the absolute value of the correlation coefficient between 

the amplitudes as found at samples separated by i intervals of time. 

This weighting factor satisfies the limiting cases since it is equal to 

one if all samples are independent, and if |p.| «= 1 for any value of i 

then a = 0 indicating zero information transmission by a periodic ampli

tude waveform. It is expected that in most cases the amplitude samples 

separated by more than a few intervals of time are fairly independent 

and would not significantly affect the value of o. Since p = 0 does not 

necessarily imply that the variables are independent, the weighting 

function as given above obviously does not give a complete evaluation of 

the effects of dependence on the information transmission rate. 

That the probability density function of the sum of two 

statistically independent random variables is given by the convolution 

of their respective probability density functions is a fairly widely 

cited result of determining probability densities from functions of 

multiple random variables (46). A slight variation of this result gives 

the probability density function p(n) where n is defined by n a y - x 

and the respective probability density functions, p̂ (x) and P2(y)» are 

known with x and y being statistically independent: 

P(n) a PjOO p2(x+n)dx 

Although this provides a necessary condition for the independence of two 

random variables, it is not generally a sufficient condition. 
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FIGURE 5.5. Use of the Probability Density of Sample Difference in 
Testing for Dependence 

For an example of the use of this test for independence consider 

the simple hypothetical case where the discrete probability density for 

the amplitude of a certain channel is as shown in Figure 5.5a. If the 

amplitudes in different time intervals are to be independent then the 

probability density of the difference in amplitudes between samples 

separated by any number of time intervals should be equal to PgCl) where 

pQ(n) is given by 

P0Cn) = i p(x) p(n+x) for -4 = n - 4 
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with p(x) as shown in Figure 5.5a. The resulting function for pQ(n) is 

shown in Figure 5.5b. The experimentally obtained probability density 

function for the difference between the amplitudes of a frequency band 

found at samples separated by i intervals of time, p̂ (n), can be 

compared with PQ(n) to test for independence. In this case the test is 

not sufficient but only necessary for independence. 

Noting that 

fo I iZ P(x) P(n + x) dx " PjOO I di 55 /q I PQ(n) - p±Cn) |dn < 2 

a possible weighting function, a, might be defined as 

a " 1 " 1 foJ PoCn) " Pi(n).ldn 

A weighting function defined in this way has the desired maximum value 

of one for the case of statistically independent samples but it does not 

necessarily approach zero for strongly dependent samples. The weighting 

function does have a non-unit value for several of the more easily 

devised cases of dependent samples where the correlation coefficient 

fails to indicate dependence. It is suggested that although this 

technique may have various possibilities, until these are better under

stood it should be used only qualitatively to aid in obtaining a greater 

insight into the problem. 

It might be mentioned that much of the motivation for consider

ing the probability density of the difference in amplitude between 

samples is the personal belief that changes in amplitude are possibly 

of greater significance than amplitude itself for speech sensation. The 
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difference in the amplitude of samples separated by about one-thirtieth 

of a second should be examined and an attempt made to relate this 

probability density to the actual information transmission to the brain. 

Further research is definitely in order in this regard. 

5.7 Conclusions 

Let it be emphasized once again that the best technique has 

not been developed for encoding speech for tactile input. Some of the 

theory and problems have been discussed and a preliminary procedure out

lined with the hope of preparing a basis for experimentation which will 

suggest further theoretical work. Some theoretical problems have been 

discussed which need not wait for experimental results. These are not 

thoroughly investigated here because of the limited scope and time 

available for this work. 

There exists a great need for more understanding and knowledge 

concerning the characteristics of the receiving terminal of the proposed 

tactile communication system. Throughout this chapter it has been 

assumed that the encoding used should generally preserve the maximum 

signal information while providing for tactile input with as few 

stimulators as possible. Also throughout this dissertation it has been 

assumed that very simple stimulators would be used allowing for ampli

tude change only. In fact some work has been done with amplitude 

quantization in case amplitude variation proved to be difficult other 

than in definite steps of stimulation levels. Adequate stimulators must 

be developed and dynamic tests made to more fully understand the 
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properties of the tactile nervous system. Only in this way can some of 

: the questions be answered, for instance; should information be maximized 

in terms of the amplitude levels or amplitude changes? 



CHAPTER 6 

CONCLUDING REMARKS 

6.1 Model of the Speech Recognition Process 

Through this research effort, the required complexity of a 

tactile vocoder which delivers sufficient contextual speech information 

for conversational purposes has been established. This has been 

expressed in terms of the number of channels and number of stimulator 

levels required. Procedures have been outlined for gathering experi

mental data which will aid in increasing the information transfer to the 

interface with the tactile nervous system by optimizing the selection of 

channels to be represented by a fixed number of stimulators. Still the 

problem remains of actually establishing a working tactile communication 

system. Since it will not be possible to build and test such a system 

at this time a few comments will be made regarding the expected results. 

The speech recognition process must be considered when 

speculating on the possibilities of success with tactile communications. 

The flow chart shown in Figure 6.1 represents a model of the normal 

speech recognition process beyond the initial reception and trans

mission stages of the sensory system. This is the author's own 

conception of the process and is based partly on his personal experience 

in learning to converse in Spanish and his observations of his own 

children learning to speak. 
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Ye§̂  storage XJNO 

depleted? 

Ready for 
new input 
(respond) 

Temporary 
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Phrase 
recognition 

Word 
recognition 

Syllable 
recognition 

Phoneme 
recognition 

Yes 

Seldom reached -
unfamiliar words and 
unsuccessful 
communication END 

FIGURE 6.1. Speech Recognition Process. 
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The first attempt at speech recognition is generally made on 

the basis of phrases or even larger units of speech. The general 

information transfer is "who or what is concerned" and this subject "is 

or does what". Phrases, sentences, and sometimes discourses deal with 

one subject and one result, state of being, or action. If this infor

mation is effectively transferred to the listener, or sensor as one 

might prefer to refer to one who feels speech, the fine structure of the 

phrase or other larger unit of speech is of little significance. A 

person learning to speak and hear the English language, for instance, 

may learn to relay a message effectively with "I don't known anything" 

while having no recognition of the words involved, much less the 

phonemes. 

During the process of learning to recognize conversational 

Spanish the largest break-through seemed to be the development of an 

ability to separate words. Others interviewed on this subject indicate 

that "thinking in Spanish" enables one to learn much more rapidly. It 

is the author's personal opinion that these two conditions are very 

closely associated. To think in a language merely means that one is 

associating words and phrases with "whats" and actions or states of 

being. Most persons seem to be unable to track or follow a sequence of 

phonemes and pauses for more than a fairly short word length. It is, 

therefore, generally impossible to build up from phonemes and call from 

memory more than one or two words per sentence in real-time speech. 

Given more than one or two words per sentence which do not immediately 

"associate" the listener most likely will have to call for a repeat 

from the speaker. 
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The ability to subdivide phrases first into words and then into 

syllables and phonemes is essential to a complete command of a spoken 

language. Many children recognize speech on a phrase and word basis 

alone and hence create many versions of actual words which relay the 

correct message to the listener but mark the speaker as untrained in the . 

finer structure of speech. Indeed, the author not infrequently finds 

himself faced with this same situation and is amazed that correct 

recognition of a word could take place for many years without a proper 

phonetic structure. For this reason it is imperative that a satisfactory 

communication system be able to recognize phonemes in order to create 

larger speech structures. It is not essential, however, that a listener 

be able to recognize individual phonemes at nearly the rate they occur 

in real time speech. 

6.2 The Need for a Portable System to Provide Adequate Practice 
in Tactile Speech Recognition 

In learning to recognize a foreign language, even though a large 

number of words are committed to memory, it is difficult to follow 

speech and increase one's vocabulary from contextual words if consci

entious thought must be applied to select between several meanings of a 

word. Students complain that one or two years of formal classroom 

training in a foreign language fail to provide conversational ability. 

A two year high school course will provide over 200 hours of classroom 

instruction exclusive of any personal preparation and study. It must 

also be remembered that most of the phonetic structure required for 

learning a foreign language is well mastered by the normal student by 

virtue of his conversational abilities in English. 
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With a tactile communication system the student must start with 

no background or previous experience with which to associate sensations. 

Many hours of practice must therefore be provided before appreciable 

progress should be expected in speech recognition. Possibly the 

greatest contribution that a researcher could make to the program of 

tactile communications at this time would be to develop a system which 

would give subjects this much needed practice. It is generally impracti

cal to expect the subject to obtain the major portion of the required 

training under formal classroom conditions so the electronic and 

mechanical system must be sufficiently portable to allow the subject to 

live with or be bathed in tactile speech input. 

Development of the filtering system should not represent a 

major problem. A laboratory model of an active band-pass filter has 

been constructed with the design indicated in Figure 6.2 which requires 

less than 0.2 ma current from a six volt source. The capacitors 

required are of the order of nano-farads so the entire filtering system 

could be built in a very conveniently portable package using com

mercially available components. The circuit is also compatible with 

integrated circuit capabilities which would allow for further minia

turization. In either case the power requirement would be so small as 

to cause no difficulties. 

6.3 The Stimulator Problem 

The major obstacle remaining before a working system can be 

constructed and tried over an extended period of time is the develop

ment of suitable stimulators. This problem lacks much of the glamour 
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V+ 
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2/2 
Other resistors 
chosen for bias 
and gain. 

FIGURE 6.2. General Form of Transistorized Band-Pass Filter for 
Portable Tactile Vocoder. 
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and theoretical attraction associated with other aspects of tactile 

communications and therefore has not received the attention that it 

deserves. Bice (47) and Sherrick (48) have developed smaller, more 

portable, electromechanical vibration transducers, which have advanced 

the physiological and psychological studies of the tactile nervous 

system, but these are still not satisfactory for a portable unit. The 

stimulator must be small enough that eight or ten can be placed over a 

skin area without hampering normal body movements. The power consumption 

must be small to limit the physical size of the source needed to supply 

stimulation power. Extended use should not irritate the skin of the 

user, but the dynamic range should extend from the threshold of feeling 

to the threshold of pain to provide for the greatest possibilities of 

success. Also, body movements should not seriously affect the stimu

lation characteristics. 

Of considerable importance when developing a stimulator is the 

mechanical impedance and sensitivity of the skin area to be stimulated. 

Past researchers have traditionally used the fingers or palm of the hand 

as the area of stimulation because of the sensitivity of these areas and 

the ease of moving the body part to a rather cumbersome stimulator. It 

is the author's personal belief that another area of stimulation should 

be used for two basic reasons. The first reason is that the hands play 

such an important role in daily activities that to sacrifice a portion 

of their use represents a rather strong contraindiction for the use of 

such a system. The second reason is based on a belief that a certain 

continuity in the stimulation patterns, especially in their temporal 
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changes, would aid considerably in the adaptation process. A rhythmic 

movement along the fingers of one hand or the length of one finger which 

is suddenly interrupted by a transfer to the other hand or another finger 

is not easily followed. Also there exists a psychological phenomenon by 

which increases in frequency or amplitude cause apparent increases in the 

other (9) . In using a continuous skin area the same effect could be 

achieved by placing stimulators corresponding to higher frequencies to 

the brain. Furthermore it might be expected that a dual system on the 

right and left might eventually be used to give the user much of the 

sense of direction associated with normal hearing. This of course would 

not be feasible if all ten fingers were being used for one system. 

With the considerations mentioned above and after conversations 

on this subject with two neurosurgeons (49) a tentative choice has been 

made for an area of stimulation which might serve well until a better 

choice is demonstrated. The area suggested lies along the sides of the 

chest, under the arms, and extends above the breast toward the front base 

of the neck. Small vibrators imbedded in a holster and worn in this 

area would be easily concealed and un-obstructive. It would also be 

simple to establish dual systems on the right and left. Experiments 

should be developed to map out more exactly the best region to use in 

the area, and to establish the characteristics of the region chosen. 

One final point is probably worth mentioning in regard to the 

tactile stimulation problem. Donaldson (50) has demonstrated that in 

attempting to accomplish a maximum information input rate to the tactile 

nervous system (or the auditory or visual systems) the stimuli should 
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vary along as many dimensions as possible. The addition of an 

additional dimension is more effective than an increase over two in the 

coordinate values. The implications of these findings for tactile 

vocoder systems is that additional dimensions need to be developed in 

addition to space and amplitude as normally used. Even though frequency 

and amplitude are often confused, frequency can surely be used with a 

little ingenuity as an extra dimension of at least binary coordinate 

values. The time dimension is inherently used to some extent by nature 

of the time varying stimulation patterns. Perhaps a sufficiently new 

dimension may be created by using a variety-of temporal signals to drive 

the stimulators, i.e. sinusoidal functions, pulse trains, noise, etc. 

Up to this point only vibratory stimulation has been mentioned. 

Electrical stimulation, pressure, tickle and other tactile stimuli may 

also be used. A combination of these may perhaps provide an additional 

dimension which would open new possibilities of coding or allow for 

greater redundancy. Certainly the problem of tactile stimulation pre

sents interesting theoretical and experimental areas of investigation 

but the development of portable, flexible stimulators is still of prime 

importance. 

6.4 Proposed Research and Special Projects 

Following is a list of projects for future consideration. Page 

numbers are given when the subject has been mentioned previously. 

Otherwise a brief explanation is included. 

1. Duplicate Geldard's work on an analogous basis using the 

auditory sensory system (page 7). 
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2. Make a thorough examination of cutaneous phi (page 6). 

3. Gather the necessary data and perfect the filtering system 

(Chapter 5). 

4. Characterize and develop a suitable AGC circuit for use in a 

tactile communication system (pages 45, 90). 

5. Investigate the possibilities of detecting voicing and utilizing 

bimodal stimulation (page 44). 

6. Experimentally find and study the probability densities of the 

frequency amplitudes for the different phonemes (pages 96, 107). 

7. Exhaustively examine linear coding techniques for possible 

contributions to tactile vocoder systems (page 100). 

8. Develop a workable method of estimating the information 

transmission rate in an individual frequency band (page 111). 

9. Investigate the possible use of the probability density of the 

difference in amplitude samples in estimating information 

transfer to sensory systems (page 115). 

10. Develop models of the tactile nervous system and use these to 

predict reception and transmission properties (Chapter 6). 

11. Develop a portable low-power tactile stimulator (Chapter 6). 

12. Investigate the use of electrical and other types of tactile 

stimulation in conjunction with vibratory stimulators (Chapter 

6 ) .  

13. Test sensitivity and other properties of the folds under the 

arms and across the top of the chest as a possible area of 

stimulation (Chapter 6). 



14. Develop an integrated circuit filtering system for use in 

tactile vocoder systems. This might be accomplished by inte

grating the circuitry shown on page 122 or by developing other 

filtering techniques. 

15. Build and test, on a continual use basis, a portable tactile 

vocoder system (Chapter 6). 

16. Choose a limited vocabulary for testing purposes which will 

provide for fairly extensive conversation. 

17. Develop a distance measure and related theory for evaluating 

recognition of phonemes. This possibly could be accomplished 

by determining the additive white noise level needed to cause 

confusion of phoneme pairs. 

18. Investigate possible effects of delay from series filter 

systems and possible use of time frequency correlation effect 

when comparing amplitudes of different outputs of such a system 

(Appendix B). 

Once these projects are successfully completed the deaf should 

be "hearing" reliably by touch. 



APPENDIX A 

PARTIAL INTERNATIONAL PHONETIC ALPHABET 

This is a list of that portion of the International Phonetic 

Alphabet that is generally considered basic to the English language, 

and is referred to in this dissertation. 

1. fat, at [aej 

2. ape, ate [e] 

3. ten, met [e] 

4. even, meet [i] 

5. is, it [I] 

Vowels 6. lot, not [a] 

7. go, obey [0] 

8. horn, hawk [o] 

9. tool, boot [u] 

10. book, foot [U] 

11. up, cut [A] 

12. fur, bird 

13. let, ball [1] 

Semivowels 14. rat, dear [r] 

and liquids lg wet> always 

16. you, yard [j] 
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Nasal consonants 

Fricatives 

Affricatives 

Plosives 

17. met, trim [m] 

18. net, ton [n] 

19. sing, drink [n] 

20. fall, five [f] 

21. he, hit [h] 

22. sell, see [s] 

23. vat, vote [v] 

24. zebra, zoo [z] 

25. she, dash [/] 

26. thin, truth [0] 

27. then, father [5] 

28. azure, vision [3] 

29. joy, jar [d3] 

30. chew, chin [ t f ]  

31. bed, bad [b] 

32. did, dad [d] 

33. get, dog [g] 

34. cat, kill [k] 

35. put, pad [p] 

36. top, tad [t] 



APPENDIX B 

SERIES FILTERING SYSTEM 

All of the data formally reported was obtained using a parallel 

bank of active band-pass filters. The filters were designed by McClellan 

(33) and implemented using the transistorized electronic differential 

analyzers used in the sophomore analog laboratory at The University of 

Arizona. Since these were not of a permanent structure and since they 

are described thoroughly in McClellan's Master's Thesis, available at 

the University of Arizona Library, no further description will be pre

sented here. 

A second filtering system was designed and built by Raymond F. 

Wilsey. This filtering system was used informally during the project 

and remains in operational condition for future use. Wilsey also wrote 

an excellent report on his work (51). However, since his report is not 

generally available a brief description will be given of the series 

filtering system. 

The intent in building the series filtering system was two fold. 

The prime requirement was to obtain a flexible system readily accessible 

and easily adjustable for experimental investigations of various 

combinations of frequency bands or channels of speech. This requirement 

could have been met just as easily with a parallel bank of band-pass 

filters. However, since work was already being done with a parallel 

130 



131 

bank of filters, it was decided to more closely approximate the 

filtering action of the cochlea by using a series filter approach. 

Figure B.l shows a block diagram of the filtering system which 

consists of cascaded sections. Each section has one input and two out

puts, Hi and Lo, which have high-pass and low-pass characteristics 

respectively. The attenuation above or below the section critical 

frequency, as the case might be, is 12 db per octave. In normal 

operation the Lo output of a section is patched to the input of the next 

section. The Hf output delivers a band of frequencies limited below by 

the section frequency and limited on the high frequency side by the low-

pass filter of the previous section. A typical Hi output is demonstrated 

in Figure B.2. Since the sections are connected by patch cords it is 

possible to build stagger tuned band-pass filters or other special 

filtering systems by merely changing the manner of interconnecting and 

tuning the sections. 

Each section has the structure shown in Figure B.3. The section 

transfer functions are given by 

Vu. . 2 
H i  - A s  

and 

V— ~2 7 
in s + aw s + u 

o o 

V. - Aw 2 
Lo o 
v~ " ~5 1 
in s + aw s + w 

o o 

The two variable resistors Rj and Rg together provide for adjusting a 

and toQ. The variable resistor Rg provides fine adjustment of A about 
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the design value of one. The exact characteristics of the operational 

amplifiers used are not important as they are used primarily for 

isolation or to provide proper impedance levels. 

Adjustment of a section is accomplished using a variable-

frequency audio oscillator at a known amplitude level for an input and 

with volt meters on the outputs. With the oscillator frequency set at 

U)q Rj is adjusted until V̂ o is equal to 1/a times the input voltage. 

Then Rg is adjusted until is equal to the same value. Since the two 

adjustments are not completely independent it is often necessary to re

adjust both Rj and R̂  at least twice but seldom more. 

The adjustment resistors and banana plugs for interconnecting 

filter sections all appear on the front panel. They are arranged in 

groups for each filter section as shown in Figure B.4 with the arrange

ment being the same for filter sections one through eleven. Filter 

section FQ does not have a high-pass output and F̂  does not have a low-

pass output. The banana plug in which would normally be designated 

Vj serves as a common ground for the entire system. 

This filtering system was used only briefly as a replacement for 

the band-pass filters in the system shown in Figure 4.1. Recognition of 

phoneme lists processed through the system showed no noticeable change 

from that demonstrated with the same number of band-pass filters. An 

interesting effect was observed when the rectified and smoothed output 

of one section was connected to the Y-axis input of an oscilloscope and 

the output of a second section removed by two or three from the first 

was connected to the X-axis input. This provided a type of continuous 
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scatter diagram for the two channels which varies with the input speech. 

This possibly could be used to visually test for correlation between 

channels or in other ways such as training of the deaf in speech. The 

patterns seemed to have a certain visual appeal similar to cursive 

writing as opposed to the rather unnaturalness of spectrograms. The 

subject was not pursued but may be interesting for further investigation 

by those interested. 
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