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HEARING AII) USING MULTIPLE FREQUENCY 
TRANSLATION t > 

This is a continuation-in-part of applicationl Ser. No.‘ 
718,506, ?led Apr. 3, 1968. t 5 
This invention relates to a method for making the human 

voice audible and comprehensible to deep deaf persons. 
It is known that deep deaf persons retain some sensitivity to 

lower frequencies (generally within the range of 200 and 
500+l,000 c.p.s.) while exhibiting more serious lacks at 
higher frequencies. 
Under these conditions, a mere ampli?cation of a speech 

signal will not make the speech comprehensible since a signi? 
cant portion of the information is within the frequency spec 
trum beyond the above values of 500+1000 c.p.s. 
A known method of solving this problem is to effect a band 

translation by known modulation techniques. In accordance 
with the V-coder principle, apparatus have also been 
proposed for making several translations through separate 
narrow-band channels. In all of these apparatus the outputs of 
the several channels are added and sometimes the original 
signal ilsialso added at the output. ' 
These systems we will refer to as “multichannel systems” 

since there are a plurality of separate channels connecting 
inputto output. 

In contrastto these systems, systems having a single trans 
mission path, between input and output will be referred to as “ 
monochannel'systems." In a multichannel system, the output 
signal is ‘substantially different from the input signal and the 
speech is altered so as to be dif?cult to understand and above 
all, difficult to memorize. 
’According to the present invention, the frequency transla 

tions are obtained by a simpler method than those mentioned 
above to provide output signals that are more readily com 
prehensible. Moreover, the method does not require the use of 
multichannel techniques. ' 

More particularly, the method according to. the invention 
provides a multiple frequency translation by sampling of an 
electrical signal derived from a speech signal, ?ltering the 
sampled signal and reconverting it into a sound signal of im 
proved comprehensibility. 

In order that the invention may be more clearly understood, 
reference is made to the annexed drawings, which show also 
various structural forms of apparatus for carrying out the 
claimed method; further, the illustrations of such apparatus 
are given only as block diagrams, deeming that the individual 
components are known and may be readily carried out by 
those skilled in the art, whereby a detailed disclosure thereof 
has been considered as unnecessary. 

FIG. I diagrammatically shows a general signal which is to 
be made perceptible to deaf persons. 

FIG. 2 shows the signal of FIG. 1 after passing through the 
sampling device and the hold circuit. 

FIGS. 3-6 show different embodiments of apparatus for 
carrying out the method according to the invention. 

FIG. 7 is a circuit diagram of a storage element with its cor 
responding recording and read~off switches. ' 
For a better understanding of the principles of the inven 

tion, the method will now be described with reference to the 
apparatus of FIG. 3. 

The‘ method is based on the sampling of input signals by 
means of an electronic switch or sampling device at a sampling 
frequency ‘f6. In such a system, the input signal is sampled dur 
ing sampling intervals of duration At occurring once in each 
time interval T=l/_?. A! should be small enough for the input 
signal to be considered approximately constant during the in 
terval. 

Referring to FIGS. 1—3, the audio or speech signal which is 
to be rendered comprehensible to a deaf person is converted 
into an electrical signal e(t). The sampling device 4 converts 
the signal e(t) into a series of pulses e’(t), the amplitude of 
which is approximately constant for the duration At of the 
pulse but varies from one pulse to another according to the 
values of the input signal. 
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‘The signals e'(t) are then passed to a. hold circuit 5 causing 

them to continue for the time interval T so as to produce at the 
output a step signal e"(t), as shown in FIG. 2. The step signal 
e"(t) is passed through a low-pass filter 6 which, as a ?rst 
degree approximation, canlbe considered as ideal, having a 
cutoff or critical frequency- j},1 and- which further modi?es the 
signal e"(t) and provides anoutput signal u(t), which is am~ 
pli?ed and reconverted into a sound signal which is more com 
prehensible to deaf persons.‘ ‘ _ 

The transformed speech produced according to the above~ 
described method has the following characteristics, as‘ experi 
mentally checked: ‘ 

1. It is perfectly comprehensible to a normal ear, without‘ 
giving the heater the sensation of any substantial voice'distor 
tion. ' 

2. It is audible to deaf persons and supplies in a comprehen 
sible and storable form the infonnation contained in high’ 
frequency range speech without requiring excessive ampli?ca 
tion. ' 

3. The noise can be substantially reduced by/means of suita 
ble input ?lters 3, without invalidating the statements (I) and 
(2). 

Particularly, as to the effect of the input ?lter, it has to be 
designed to provide a good compromise according to the fol 
lowing conditions: by increasing the ?ltering effect- on 
frequencies higher than the sampling frequency, speech will 
be rendered more readily distinguishable to a normal ear (as 
readily deducible from the theory of the sampled signal 
systems) and hence probably even more comprehensible to 
deaf persons; however, if the increase is too large, the desired 
effect will be attenuated (and will ?nally disappear), that is, 
the effect of signal perceptibility by deaf persons. 
The following hypothetical interpretation was given for the ‘ 

above phenomena. 
Let it be assumed for simplicity of disclosure that the sam 

pling device is of the ideal type and the hold circuit is com 
parable with an ideal low_pass ?lter. Then, from the theory of 
sampled signal systems it is known that a periodical input 
signal e(t) having a period T, 

when sampled, caused to pass through the hold circuit and a 
low-pass ?lter (having a cutoff or critical frequency )1, will 
provide an output signal 14(2): ' 

wherein: 

Therefore, the output signal u(t) will also contain frequencies 
within the range below f,, corresponding to components in the 
original input signal e(t) which are of higher frequency than f,. 
From the foregoing it will be realized that in the disclosed 

system multiple frequency translations will occur which are of 
-a-different type from those which would be produced by ordi 
nary modulation. 

It is believed that the multiple translations as performed by 
sampling have provided the good experimental results hitherto 
obtained owing to one or more of the following reasons: 

a. Being of the monochannel type, the output signal u( t) can 
be readily obtained from the input signal and it can be noted 
that the shape of said output signal u(t), as a time function, is 
not substantially different from the input signal e(t) as to its 
most signi?cant aspects; thus, such an output signal will be 
readily comprehensible. Moreover, as a result of the 
aforedescribed frequency translation phenomena, said signal 
»u(t) also has components of lower frequency than the cor 
responding components of natural speech and accordingly the 
signal can be more readily understood by deep deaf persons. 
On the other hand, in multichannel systems the output signal 
as altime function can be drastically distorted relative to the ' 
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input signal. The operation of multichannel systems can be 
readily interpreted. in terms of frequency (that is, assuming - 
periodical signals) and when the ?lters are considered as ideal 

v?lters. However, what is probably of much greater sig 
ni?cance is the signal shape as a function of time. The nature 
of the output of a multichannel system as a function of time is 
dif?cult to foresee, and it may be also very different from the 
input signal. ‘ 

b. In a system based on modulation, frequencies which in 
the input signal are close but belong to different frequency 
bands may be separated in the output signal and be very part 
apart; this will tend to reduce comprehensibility. On the other 
hand, according to the invention there is less separation of 
frequencies. ~ - I 

The apparatus of FIG. 3 comprises the following com 
ponents in'tandem arrangement: microphone 1, input ampli? 
er 2, input ?lter 3, sampling switch 4, hold circuit 5, output‘ 
?lter 6, output ampli?er 7, and transducer 8 converting the 
electrical signals into sound signals. . _ 

' There will now be described some, modi?cations of the 
method and apparatus just shown. It has been experimentally I 
veri?ed that, some advantage could be derived from the 
modi?ed fonn shown in FIG. 4, in which the signal e’(t) ap 
pearing at the output of sampling device 4 is delivered to a 
storing device designated 9. Y 
_The unit 9 cyclically stores the signal e'(t) at a sampling 

frequency f, on a set of storing elements, and picks it up from 
the storing elements cyclically at a read-off frequency f,. 
Frequencies f, andfl are independent of each other, but such 
that the ratio thereof is kept constant. 
vFIG. 7 shows in more detail the electric circuit diagram of a 

storage element 37 with its recording and'read-oi’f switches 33 
and 38, respectively. The element comprises a transistor T5 
acting as an impedance adapter and affording power ampli? 
cation of the signal applied to terminal 30. The .base of 
transistor T5 is connected to the common terminal 31 of re 
sistors R1 and R2 forming a voltage divider. - 
The ends of the voltage divider are connected to ground 32 

and to conductor 35, to which is also connected the collector 
of transistor T5. The emitter of transistor T5 is connected to 
the base of a transistor T6 of the recording switch 33. The 
emitter of transistor T6 is connected through conductor 34 to 
the emitter of a transistor T3 forming in conjunction with 
transistor T6 a switching current circuit. A resistor R3 is con 
nected between the conductor 34 and ground 32. The collec 
tor of transistor T3 is connected to a power supply through re 
sistor R4, conductor 35 and terminal 36. The values of 're 
sistors R3 and R4 are selected to determine the quiescent 
point of storage element 37. Through conductor 35’ the col 
lector of transistor T6 is connected to the base of a transistor 
T4 of the read-off switch 38. A capacitor C1, forming the 
storage element 37, is shunted between conductor 35' and 
ground 32. A diode D1, connected between conductor 35' 
and the ‘collector of transistor T3, prevents the storage ele 
ment from discharging when switch 33 is open. A diode D2, 
connected to the base of transistor T3 and the positive poten~ 
tial terminal 39’,maintains the base voltage at a value not 
greater than 4.5 volts, and a resistor R5 supplies the base cur 
rent-of transistor T3 and biases diode D2. ‘ 

Recording switch 33 is controlled by pulses 27 supplied to 
terminal 39. Transistor T4 of switch 38 has its collector 
directly connected to conductor 35, whereas the emitter is 
connected through a conductor 40 and a decoupling diode D3 
to an output terminal 42. A resistor R6 is connected between 
conductor 40 and a terminal 41 to which control pulses 27' 
are applied. . _ I , 

To output terminal 42 there is also connected a resistor R7 
for transferring the signal from storage element 37 to'terminal 
42 when switch 38 is closed. 
Terminal ‘42 also receives through conductor 45 output 

signals from the other storage elements as indicated at 44 and, 

4 
‘similarly, input signals are applied from terminal 43 to ‘the 
other elements via conductors 44’. l . 
Withregard to unit 9 of FIG. 4, the number N of memory or 

storage is low, such as 2 or 4, and sampling frequency fir can be 
both greater and lesser than the reading frequencyfl. Thus, in 

' the apparatus of F 4 according to theiinvention, only slight 
_ changes in the output signal are desired. Experimentally, good 
results have been obtained both with f1 smaller than fs and 

, with f, greater than?r, depending on the subjects. 
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The apparatus according to FIG. 4 ‘was provided with‘ two 
storage elements, zero order hold circuits and means for vary 
ing the sampling frequency ?- as well as the reading frequency 
f,in the range of500 to 3000 Hz. ' , _ _ 

Excellent results were obtained with sampling and/reading 
frequencies of 1500 to 3000 Hz, respectively, and vice versa. 
A further modi?cation of the invention will be described 

with reference to FIG. 5. = 1 - 

1 The sampled signals from sampling device 4 are switched by 
an electronic switch .10 into two separate channels, each of 
which comprises the components 5, 6, 7 and 8 of FIG. 3,and 
terminating at the right ear D and left ear S, respectively. The 
switching of the sampled signals can be provided by switch 10 
both alternately and by groups. ' - > 

Where the switching is by groups,‘ the apparatus of FIG. 5 
may be modi?ed to include a switching unit ‘11 as shown in 
FIG. 6, similar to unit 9 of FIG. 4, except that in this case the 
number N of storage elements is high and fI larger than f,. In 
this case, unit 11 performs also the function of switch 10 of 
FIG. 5 for the signal switching by groups to said two ears D 
and S. Practical tests gave good results with this apparatus. It 
is also possible tocombine the advantages of- the apparatus 
shown in FIGS. 4 and 5 by applying signals fr'om'sarnpling 
device 4 to'unit 9 of FIG. 4 comprising a low number of stor 
ing elements (considering both the casef, is greater than f, and 
the case wherein f, is less than 1",) from unit 9,- alternately or by 
groups, to the two ears. ' - ' 

l. A method for making the human voice comprehensible to 
deep deaf persons according to the multiple frequency transla 
tion technique, wherein the sound signal is converted into an 
ampli?ed electrical signal containing the information‘ which is 
to be made comprehensible, is ?ltered and then sampled at a 

' certain sampling frequency, the time interval between the 
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picking off of the signal samples being sufficiently small so the 
information content of theoriginal speech signal will not be 
lost, and the time interval, during which the picking off of a 
signal sample is effected, beingsuf?ciently small so that the 
signal will remain approximately constant as to amplitude dur 
ing the picking-off time, the signal sample being supplied to at 
least one hold circuit causing it to continue until a subsequent 
signal sample will enter the hold circuit, the frequency trans 
lated signal sample being subsequently ?ltered and recon 
verted into an output sound signal of improved comprehensi 
bility for deaf persons. ' 

2. Apparatus for making the human voice comprehensible 
to deep deaf persons according to the multiple frequency 
translation technique comprising: means for converting sound 
into an electrical signal, a ?rst ?ltering and amplifying circuit, 
a sampling circuit converting the electrical signal into a series 
of pulses, the duration of which is considerably smaller than 
the time between the individual pulses, a hold circuit to trans 
late the frequencies of the individual pulses into lower 
frequencies and to extend the pulses, so the output of the hold 
circuit will be substantially continuous, a second ?ltering/am‘ 
plifying circuit, and means for'applying the output of said 
second circuit to the ear of a deaf person. 
'3. Apparatus as claimed in claim 2,‘comprisingl a second 

hold circuit, a _ third ?ltering and amplifying circuit and a 
second means for applying the output of said third circuit to 
another ear of a deaf person. ' 
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