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METHOD OF RECORDING AND OF REPRODUCING A SIGNAL 

The present invention relates to a method of 

recording a signal, and a method of reproducing a 

signal. 

A PCM (pulse-code modulation) acoustic synthesizer 

circuit has been put on the market. This circuit reads 

a digital signal at certain intervals of time from a 

ROM or the like _in which the digital s~gnal 

corresponding to amplitude values of an acoustic 

waveform such as audio speech is stored. Then, the 

circuit converts the digital signa~ into an~log form 

and reproduces the acoustic waveform such as an· audio 

speech. 

Today, a DPCM {differential pulse-code modulati9n) 

signal recording/reproducing.method is available as a 

method of recording and reproducing an analog signal 

with a fewer number of bits than the conventional PCM 

method. In particular, whenever an analog signal is 

sampled, the difference between the presently sampled 

amplitude value and the previously sampled amplitude 

value is taken. The resulting value is stored as a 

digital signal in a ROM or the like. During 

reproduction, whenever the digital signal is read from 

the ROM, this digital signal is accumulated with the 

digital signals read out thus far. A digital signal 

corresponding to an amplitude value of a sample which 

results in the currently read digital signal is 

calculated. This calcuiated digital signal is 

converted into analog form. Thus, an analog waveform 

is obtained. 

It is known that in the PCM and DPCM methods, if a 

signal exceeding the full-scale voltage is applied 

during analog-to-digital conversion, an overflow 

occurs, and the recorded·and reproduced waveform is 

distorted due to overload noise. The. prior art DPCM 

method cannot follow rapid waveform variations because 
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of limited quantized bit numbers. If, in order to 

avoid this situation and to record and reproduce an 

analog signal having a wide dynamic range, the full­

scale voltage is enlarged and the number of quantized 

btt numbers is increased, then the merit of the DPCM 

method, i.e., capable of recording and reproducing an 

analog signal with limited quantization bit numbers, is 

spoiled. 

Furthermore, if the number of quantization bits is· 

increased, the amount of information per digital signal 
is, of course, increased. Where the waveform 

variations are mild, the value of the digital signal 

indicating a difference decreases. As a result, upper 

bits become vacant, i~e., assume value O. For examp~e, 
when the number.of quantization bits is 8 bits, if the 

digital signal indicative of the difference value is 
11 00010111 11

, then the upper three bits are vacant. That 

is, effective use of the storage capacity of the ROM or 
the like cannot be made. 

Accordingly, the present invention· seeks to 

provide means capable of accurately recording and 

reproducing an analog signal having a wide dynamic 
range with a reduced amount of information. 

According to a first aspect of the present 

invention, there is provided a method of recording a 
digital signal comprising a series of digital values 

where a number of successive digital values are · 

recorded as a frame, comprising the following steps for 

each frame: 
calculating a factor K by which the magnitude of 

the digital values in· a frame must be reduced such that 
they lie within a predetermined range; 

storing each digital value of a frame divided by 

the factor K; 

storing information relating to the factor K in 
memory associated with the frame. 
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According to a second aspect of the present 

invention, there is provided a method of recording on 

analog signal comprising the steps: 

sampling an analog signal at a given sampling 

frequency; 

converting sampled form into a digital form to 

create a digital signal; 

recording the digital signal according to the 

method of the invention. 

According to a third aspect of the present 

invention, there is provided a method of reproducing a 

digital signal which comprises a series of digital 

values, where a number of_ successive digital values are 
recorded as a frame and information relating to a 

factor K is stored in memory associated with the f.rame, 

the method comprising the steps for each frame of:· 

reading out information relating to the factor K; 

successively reading out the digital values; 
·multiplying.the dig~tal values by the factor· K; 

·:··supplying the series -of multiplied digital values 

as the output digital signal. 

According to· a fourth aspect of the present 

invention, there is provided a method of reproducing an 
analog signal from a digital signal comprising the 
steps: 

reproducing a digital signal in accordance with 

the method according to the invention; and 

converting output digital signal to an analog 

output signal. 
For a better understanding of the present 

invention; and to show how it may be brought into 

effect, reference will now be made, by way of example~ 
to the accompanying drawings, in which: 

Figure 1 is a .block diagram of an embodiment of 
the present invention. 

Figures 2, 3 are circuit diagrams s~owing a 
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sectional configuration of the embodiment shown in 

Figure 1. 

Figures 4, 5 are flowcharts showing a operation of 

the embodiment shown in Figure 1. 

Figures 6, 7 and 8 are waveform charts showing the 

operation of the embodiment shown in Figure 1. 

Figures 9a - 9d are block diagrams showing further 
embodiments.of the present invention. 

Figure 10 is a circuit di.agram showing a sectional 
configurat_ion of the embodiment shown in Figure 9c. 

Figure 11 is a timing chart showing an operation 

of the embodiment shown in Figure 9c. 

An embodiment of the present invention is 

described next. Figure 1 is a block diagram showing 

the structure of the pr~sent example. Figure la shows 
a configuration for implementing a signal-recording 

method of the present example. Figure 1b shows a 

configuration for implementing a signal-reproducing 

method of the present eqiliodiment. In Figure la, 
reference numeral 1 is an analog signal source 

producing an analog signal. For example, the analog 

signal source 1 may be composed of a microphone and an 

amplifier. An acoustic wave or signal picked up by the 

microphone is used as an analog signal. 

A lQw-pass filter circuit 2 filters out those· 
components of the analog signal sent from the.analog 
signal source which have frequencies higher than the 
recordable frequency band. 

A sample-and-hold circuit 3 samples amplitude 
values of the analog signal produced from the low-pass 

filter circuit 2 at a certain sampling frequency and 
produces an output signal. 

• 
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An A/D converter circuit 4 converts the amplitude values 

sampled by the sample-and-hold circuit 3 into digital form to 

thereby produce a first digital s.ignal as an out.put signal. 

In this ~mbodiment, the first digital signal consists of 6 bi ts. 

However, the present invention is not limited to this scheme. 

A buffer circuit 5 receives the first digital signal 

produced from the A/D converter circuit 4 and temporarily 

stores a plurality of frames of the digital sigrial. Fach frame 

consists of a .certain number of samples. In this embodiment, 

each frame consists of 128 samples. Each frame farms a 

certain storage region. The first digital signal d stored in 

the buffer circuit 5 is successively read out at given 

intervals of time from the first frame. 

A differential circuit 6 successively receives the first 

digital signal read from the buffer .circuit 5, takes the . . 

difference between amplitude value signals d' corresponding 

to the presently read first digital signal d and the 
. 

previously read first digital signal, respectively; and 

produces the diffe~ence as a second digital signal A. 

A signal-compressing circuit 7 receives the second 

digital signal A.delivered from the differential circuit, 

converts the second digital signal value into a third digital 

signal corresponding to 1/K (K. is an inteQer equal to or 
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greater than 1 and specified by a setting· circuit {described 

later)) of the second digital signal values, and produces the 

third. digital signal as an output signal. In this embodimen.tr 

the second digital signal is shifted toward lower bits by S 

(K = bits to obtain the third digital signal c 

corresponding to 1/25 of the second digital signal values. 

More spec~fically, the signal-compressing circuit 7 shifts 

the secon~ digital signal toward lower bits in response to 

the shift value 

(described later). 

S produced from the setting pircui t 

In this embodiment1 S consists of 2 bi ts 

(i.e., S = 0-3), but the present invention is not limited to 

this structure. Three lowe~ bits are delivered as the third 

digital signal. Let us assume that the second digital signal 

is "001101" and that the··~hift value is "2". In this . . 

case, "011" is produced as the third digital signal. 

A signal-demodulating circuit 8 receives the third 

digital signal and shifts it toward upper bits by the shift 

value s. In this way, the third digital signal is 

demodulated into a digital signal having the same number of 

bits as the·'.second digital signal. The resulting signal is 

produced as a fourth digital signal~'. Assuming that the 

third digital ~ignal is "011" and that the shift value S - is 

"2", "001100" is delivered as the fourth digital signal. 

A delay circuit 9 receives the fourth digital signal 

delivered from the signal-demodulating circuit 8 and delivers 
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the .fourth digital signal with a delay equal to one period 

with which the digital signal is read from the buffer circuit 

s. 

An accumulator circuit 10 accumulates the fourth digital 

signal successively delivered from the delay circuit 9 after 

certain frames of the buffer circuit 5 are started to be read 

out. Thus, the aforementioned amplitude signal is obtained 

and supplied to the differentiql circuit 6. 

The setting Qircuit, indicated by 11, controls writing 

and reading of signals to and from the buffer circuit 5. 

Furthermore, the setting circuit 11 receives the second and 

third digital signals and sets the aforementioned amount of 

shift S, as K, to such a value that it is conunon to every 

third digital signal obtained from each first digital signal 

stored in the same frame of the buffer circuit S, and that 

values of the third digital signal lie in a certain range .. 

In this embodiment1 the range is represented in terms· of 3 bi ts, 

i.e., from "111". to "000". This .shift value S is supplied 
. . 

to the siqnal-compressing circuit 7, the signal~demodulating 

circuit a; and shift amount storage regions 

in a memory (described below ) . Each individual storage 

region is used for each one frame. 

The memory 12, · comprises a compressed 

signal storage region 12a for recording the third digital 
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signal when.ever a new frame arrives and a shift va 1 ue 

storage region 12b for recording a signal indicating the 

shift value · S for each frame. In the memory 12 I the 

compressed signal storage region 12a for each frame is 

positioned in an address located immediately after the shift 

amount storage region 12b for each frame such that these two 

·kinds of storage regions alternate with each other. The 

compressed signal storage region 12a for the frames has 

addresses numbered from O.to 127. First, a digital signal 

indicating the shift value S for one frame is written. 

Then, values of the third digital signal for the same frame 

are successively written. 

Referring to Fig. lb, an address counter circuit 13 

receives certain synchronizing pulses f, e.g., pulses having 
• 

the same frequency as the sampling frequency, and reads the 

shift.value : S and the third digi t:al signal stored in the 

memory 12 successively. This memory 12 consists of a ROM in 

which the same digital signal as stored in the memory 

indicated by the same reference number in FLg. la.is stored. 

A selecting circuit 14 selects digital signals 

indicating the shift value s from the signals 

successively read from the memory 12, and produces the 

selected signals.as an output signal. 

A signal-d~rnodulating circuit 15 is similar in structure 

to the signal-demodulating circuit 8. This circuit 15 
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demodulates the third digital signal read from the memory 12 

in response to the digital signal" indicative 'of the amount of 

shift S that is produced from the selecting circuit 14. The 

demodulated signal is delivered as a fifth digital signal 

corresponding to the differences between·sampled amplitude 

values. 

An adder circuit 1.6 adds the fifth digital signal 

produced from the signal-demodulating ·circuit 15 to the 

contents of a latch circuit. (described below) and supplies 

the sum. to the latch circuit. The latch circuit, indicated 

by 17, latches.th~ output from the adder circuit 16 whenever 

it receives the synchronizing pulse f, and delivers the 

latched signal as an output signal. The latch circuit 17 

delivers a . digital signal having a value obtained by 

accumulating the fifth digital signal ·corresponding to the 

differences between the sampled ·amplitude values. This 

digital signal corresponds to the amplitude values. 

A D/A converter ci~cuit 18 converts the digital signal 

corresponding to amplitude yalues produced from the latch 

circuit 1 7 into analog form, thus reproducing the analog 

·signal waveform. 

The circuit configurations and operation of the signal-
. 

compressing circuit 7 and of the signal-demodulating circuits 

8 and 15 are next d~scribed in detail by referring to the 

circuit diagrams of · Figs . 2 and 3 . First, the circuit 
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configuration of the signal-compressing circuit 7 is 

described. In Fig. 2, a decoder 21 has terminals sO and sl 

to which a 2-bit digital signal corresponding to the amount 

of shift S is applied. A decoder output corresponding to the 

shift value S is produced from its output terminals outO-

out3. For example, if the decoder receives dig~tal signal 

"11" indicating that the amount of shift is 3, then the 

output signal appearing at the output terminal out3 is 1. 

The output.signals appear~ng at the other output terminals 

are Os.· Each of ga·tes E0-E2 have four terminals. These 

gates hav~ output terminals e0-e2, respectively, which in 

turn correspond to three lower bi ts, resp~cti vely, of the 

third digital signal. Indicated by Ni,j (i = 0-2, j = 0-3) 

are gates. The gates NO,j-N2,j are connected with the inputs 

of the gates E0-E2, respectively. The output terminals outj. 

of the decoder 21 are connected to respective one input 

terminals of the gates Ni,j. The second digital signal is 

supplied to input terminals dO-dS. The input terminal dO 

corresponds to the LSB, while the input terminal dS 

corresponds to the MSB. The input terminal dO is connected 

to the other input terminal of gate NO,O. The.input terminal 

dl is connected with the other input terminals of gates N0,1 

and Nl,O. The input terminal d2 is connected to the other 

input terminals of gates N0,2, Nl,l, and N2,0. The input 

terminal d~ is connected to the other input terminals of 
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gates· N0,3, Nl,2, and N2,l. The input terminal d4 is 

connected to the other input terminals of gates Nl, 3 and 

N2,2. The input terminal dS is connected with the other 

input terminal of gate N2,3. 

The signal-compressing circuit 7 constructed as 

described thus far operates in the manner described now. For 

example, if the second digital signal is " 001101", then "l", 

"0", "l", "l", "0", and "0" are applied to the input 

terminals dO-dS, respectively. If the amount of shift is 

"2", then "0" and "l" are applied to the 'input terminals sO 

and sl, respectively, of the decoder 21. The· output terminal 

OUT2 goes to 1. This enables the gate Ni,2. The states of the 

input terminals d2-d4 are produced to the output terminals 

e0-e2. In this way, "1", "l", and "0" are produced to the 

ou~put terminals e0-e2, respectively. 

signal assumes value "011". 

The third digital 

The circuit configurations of the signal-demodulating 

circuits 8 and 15 are described now. Iri Fig. 3, there ~re 

shown gates N'O,O, N'l,O, N'l,l, N'2,0, N'2,l, N'2,2, N'3,1, 

N ' 3 , 2 , N ' 3 , 3 , N ' 4 , 2 , N ' 4 , 3 1 and N ' 5 , 3 . A decoder 31 is 

similar in construction and operation to the decoder 21. The 

decoder 31 has output terminals OUTp (p = 0 to 3) connected 

with respective one input terminals of gates N'o,p (o = 0 to 

5) . Input terminals e' q ( q = 0 to 2) receive the third 

digital signal. The input terminal e'O corresponds to the 
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LSB, while the input terminal e'2 corresponds to MSB. The 

input terminal e'O is connected with one input terminal of 

each of the gates N'O,O, N'l,1, N'2,2, and N'3,3. The input 

terminal e'l is connected with one input terminal of each of 

the gates N'l,O, N'2,1, N'3,2, and N'4,3. The input terminal 

e'2 is connected with one input terminal of each of the gates 

"N'2,0, N'3,1, N'4,2,. and N'S,3. The gates N'O,O and N'S,3 

are connected with output .terminals d'O and d'S, 

respectively. The output terminals of the gates N'l,p-N'4,p 

are connected with the input terminals of the gates E'l-E'4, 

respectively. The output terminals of the gates E'l-E'4 are 

connected with the output terminals d'l-d'4, respectively. 

The fourth digital signal appears at these output terminals 

d'O-d'S. The output terminal- d'O corresponds to the LSB, 

whereas the output terminal d'S. corresponds to the MSB. 

The signal-demodulating circuits 8 and 15 constructed in 

this way operate in the manner described now. If the third 

digital signal .is "011", then· "1", "1", and. 11 0" are applied. 

to the input t.erminals e 1 0-e 1 i, respectively. If: the amount 

of shift is 2, then "0" and "1 11 are applied to the input 

terminals SO and Sl, respectively, of the decoder 31. The 

output terminal OUT2 as~urnes a value of 1, while the oth~rs 

take a value of O. The gates No,2 (o· = 2 to 4) are enabled. 

The states of the input· terminals e'0-e'2 are delivered to 

the output terminals d'2-d'4, respectively. As a result, 
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11 0 II T 
11 0 It T 

11 1 n I 
11 1 II T ti 0 11 

/ and II 0 II are produced from the output 

terminals d'O-d'S, respectively. The fourth. digital signal 

assumes value 11 001100 11
• 

The operation of the present embodiment is descr~bed by 

referring to the block diagram of Fig. l, the flowcharts of 

Figs. 4 and 5, and the waveform diagrams of Figs. 6 and'7 . 

. A, A, C,. and A' in Fig. 6 and C', A", and g in .Fig. 7 

indicate output waveforms appearing at the terminals shown in 

Fig. 1: Digital signals produced from the terminals ti, C, 

A' , C' , and A,; are shown to correspond to analog values for 

the sake of convenience. 

An operation for recording a signal in the present 

example is first described by ref erring to the flowchart of 

Fig. 4. The analog signal source 1 _produces a.waveform as 

· shown in Fig. 6 (A) . This waveform is sent to the sample-and­

hold circuit 3 via the low-pass filt~r circuit 2. The 

sample-and-hold circuit 3 samples the amplitude. value of the 

incoming waveform at a given sampling frequency. In Fig." 

6(A), n, n + 1, ... , m, m + 1, ... show sampling pofnts. The 

amplitude value produced from the sample-and-hold circuit 3 

is converted into a digital signal by the A/D converter 

circuit 4 and sent to the buffer circuit 5. The buffer 

circuit 5 stores plural frames of the digital sign_al such 

that 128 samples of the digital ·signal are taken as one 

frame. 
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Then, the shift level S delivered from the setting 

circuit 11 is set to 0 (s~ep aO). The amount of shift is 

stored in the shift level storage region 12b in the memory 

12 for the first frame. The digital signal stored in the 

buffer circuit 5 is successively read out from the head of 

the first frame in synchronism with synchronizing pulses of 

a desired frequency (step bO) and sent to·the differential 

circuit 6. For example, the frequency of the pulses is the 

same as the sampling frequency. The differential circuit 6 

takes the difference between the currently received digital 

sig~al dn (where n indicates that it corresponds to sampling 

point n). and an ampli tl:lde value signal d' n-1 corresponding to 

the previously received amplitude value and produces the 

obtained second digital signal A as. an output signal (step 

cO). The amplitude value signal d 'n-1 does not exist for the 

first. digital signal ~nd so this digital signal is produced 

as the second digital signal A as it is. This second digital 

signal A is sent to the setting circuit 11, and a decision is 

made as to whether this value lies within a certain range. 

In this,.embod!:rrienti' a decision is made as to whether the cnplit:u:e 

of the second digital signal A is less than ( 3 + S) bi ts (step 

dO) . In particular, when the second ·digital signal A is 

converted into the third digital signal C, a decision is made 

as to whether the cnplitu:Eislesstlan 3"bits. - If the value of 

the second digital signal is within this range~ the second 

• 
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digital signal A is shifted toward lower bits.by the signal­

compressing circuit 7 in response to the sh~ft level... s 

delivered from the setting circuit 11. That is, the signal 

is compressed by a factor of K (K = 25
) and produced as the 

third digital signal c·n (step eO) . Since the amount of shift 

is O here, it is produced as· it is. This third digital 

signal Cn is stored in the compressed signal-storage region 

12a of the memory 12. The third digital signal Cn is also 

sent to the signal-demodulating circuit 8, where the signal 

is shifted toward upper bits according to the amount of shift 

s. That is, the sign~l is expanded by a factor of K, and 

converted into the fourth digital signal A' 

other words, the signal is demodulated 

(step fO). In 

into a value 

correspondin~ to the second digital signal A. The fourth 

digital signal A' is sent to the delay circuit 9, where the 

signal is delayed by one period of the aforementioned 

synchronizing pulses. Then, the delayed signal is produced· 

to the accumulator circuit 10. The accumulator circuit 10 

acc·umulatively adds the fourth digital signal A' to the 

previously obtained value d'n-1 to obtain the amplitude value 

signal d'n corresponding to the present amplitude value (step 

gO). That is, the differences between the successive samples 

·are accumulated to obtain the original amplitude values. The 

amplitude value signal d.' n delivered from the accumulator 

. circuit 10 is sent to the differential circuit 6. 
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Then, a decision is made as to whether i~ is the end of 

a frame (step hO). If it is not so, the operations described 

thus far are continued ·(step iO). The next ~irst digital 

signal dn+l is read from the bt?-ffer circuit 5. The 

differential circuit 6 takes the difference between this 

value and· the amplitude value signal d 'n corresponding to the 

amplitude value at sampling point n delivered from the 

accumulator circuit 10 to create the second digital signal 8 

(step cO). Thereafter, a decision is made as to whether the 

value of the next second digital signal a lies within the 

range of (3 + S) bits (step dO). That is, in step eO, the 

signal-compressing circuit -7 :Shifts the signal toward lower 

bits in response to the amount of shift S, and the signal is 

converted into the third digital signal Cn+l of three bits. 

At this time, a decision is made as to whether an overflow 

occurs. If the difference between· the amplitude values at 

sampling point n + 1 is approximately "10" in decimal 

notation as shown in Fig. 6(A), then the corresponding value 

of the second digital value is "001010". Therefore,. the 

result of the decision is that the value does not lie in the 

certain range provided that the amount of shift is 0. In 

this case, a decision is made as to ·whether the amount of 

shift S exceeds the maximum value (step j 0) . In this 

example, a decision is made as to whether the amount of shift 

S i$ greater than 3. That is, in the present example, since 
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6 bits are compressed into 3 bits, the maximum value of the 

amount of shift is inevitably 3 . Further shift is inhibited. 

If the result of decision is that the amount of shift S is 

not greater than 2, then .the amount of shift produced by the 

setting circuit 11 is reset to S + 1 (step kO). 

The amount of shift reset in this way is sent to the 

shift amount storage region 12b of the memory 12, where the 

previous value is overwritten and updated. If the amount of 

shift·S is updated, the digital signal is again read out from 

the head of each frame~ The operations of steps b-k are 

repeatedly carried out for every digital signal about one 

frame. Whenever the amount of shift is updated, the third 

digital signal obtained at this time overwrites the previous 

value stored in the compressed signal storage region 12a, 

whereby the value is updated. 

In tl').is way, if none of the third digital signals within 

one frame cause an overflow, and if the amount of shift S is 

set to a value not greater than 3, then this amount of shift 

S is established as an amount of shi.ft common to this frame. 

If reitrerof these two requirements is satisfied within one 

frame (i.e., the condition imposed by the step dO and the 

condition imposed by the step jO), then priority is given to 

the latter condition imposed by the step jO. That is, the 

amount of shift s is set according to the maximum value of 

the t:hird digital signal Ii w'i thin one frame. Even ·if any 

- I 
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third digital signal ·A causing an overflow with amount of 

shift assuming a value of 3 exists, then compression is 

performed with this amount of shift 3. 

If the amount of shift S COI'(UllOn to the first frame is 

determined in this way, the setting circuit 11 reads out the 

next frame· (step iO) . Then, a decision is made as to whether 

this frame is the end of all data stored in the buffer 

circuit 5 (step mO). If not so, reading of the digi~al 

signal from the head of the frame is started. 

of steps b-m are repeated. The amount 

The operations 

of shift is· 

established for each frame and s·tored in the shift amount 

storage region 12b. The third digital signal obtained with 

this amount of shift is stored in the compressed signal 

storage region 12a. If the result of decis~on made. in step 

mis that the frame-is the end ~f all data, then this series 

of operations is ended. Thus, the operation for recording a 

signal in the present embodiment is ended. 

As a· result of the operations described above, the 

second digital signal A indicated by A in Fig. 6 is obtai·ned 

from the analog signal as shown in Fig. 6 (A) at every· 

sampling point. The second digital signal A is compressed by 

a factor of K (K = 1/2~) in response to the amount of shift 

S set for each ~rame. For example, the amount of shift is 

set to 2 for sampling points n to n + 1 and to 0 for sampling 

points .m to m + 1. As a result, the signa·l is converted into 
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the third digital sig~al C as shown in Fig. 6(C). The third 

digital signal C is stored in the memory 12 together with the 

amount of shift S for each frame. 

As described thus far, in the present example, the 

waveform of an analog signal of one frame consisting of 128 

samples can be expressed by the amount of shift S and by the 

third digital signal corresponding to the 128 samples, i.~., 

2 + (3 x 128) bits. In normal DPCM method, the number of 

quantized bits· is 5 bits and so the amount of information 

necessary to express the same analog signal corr~sponding to 

128 samples i"s 5 x 128 bits. Therefore, in the present 

example, an analog signal having a wide dynamic range can be 

I;"ecorded with less information. As indicated by 

A in Fig. 6, the values of the second digital signal A at the 

sampling points from m_to m + 1 are not greater than 3 bits. 

At this time, as shown in Fig. 6(Cj, the amount of shift is 

set to 0. The second digital signal A is taken as the third 

digital signal C without modifying the valu~ of the second 

digital value. In this way, when the second digital value A 
. . 

is small, i.e., when a value corresponding to the difference 

between the amplitude values at successive sampling points is 

small, the amount of shift S is set to a small value~ Hence, 

a truncation error produced whe? the second digital signal A 

i"s compressed by a factor of K and converted into tbe third 

digital signal C can be suppressed. . For example, if the 
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second digital signal is compressed by a factor of 4, two 

lower bits are truncated. This makes it possible to record 

an analog signal with great accuracy. 

The amplitude value signal d' is obtained by accumulating 

the fourth_ digital signal A' i.e. the third digital s~~~al 

expanded by a factor of K, up to the immediately pre~eding 

sampling point·. The difference between this ampli tud~ value 

signal d' and the present first digital signal is used as the 

second digital signal A. Tperefore, the value truncated when 

the second digital signal A is compressed.by a factor of K 

and converted.into the third digital signa1·c is contained in 

the second digital.signal A.and canceled out when the second 

digital signal A is obtained. Consequently, during 

reproduction described later, errors due·to truncated values 

are prevented from being accumulated. We now take the 

waveform indicated by the solid line aO in Fig. Sa as an 

example. The differences between the successive amplitude 

values at sampling points 0-7 are indicated by the solid line 

bO in Fig. Bb. It is assumed that the difference value 

increases by 1 at every next sampling point. At waveform aO, 

a simple difference between the amplitude value at one 

sampling point and the amplitude value at the .immediately 

previous sampling point is taken. The lowermost 1 bit 

(corresponding to values incapable of being divided by 2 

of the resulting difference signal is truncated, so that the 
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signal is compressed by a factor 2. In this way, a 

compressed signal is obtained. During reproduction, 

difference value bl obtained by expanding the compressed 

signal by a factor of 2 is accumulated. In this manner, a 

waveform as indicated by the broken line al is derived. 

However, truncation errors produced "during compression are 

accumulated at the same time. For this reason, the deviation 

of the waveform al from the original. waveform aO gradually 

increases. On the other hand, the fourth digital signal 

obtained by expanding the third digital signal which is 

obtained from the waveform indicated by the solid line aO 

assumes the form indicated. by the dot-and-dash line b2 in 

Fig. Sb. A waveform obtained by accumulating this signal 

takes the form indicated by the. dot.;..and-dash line a2. In 

consequence, the deviation of the wavef orrn a2 from the 

original waveform aO is suppressed. 

An operation for reproducing a signal iri the present 

embodiment is described now by referring to the flowchart of 

Fig. 5. As described above, the memory 12 shown in Fig. lb 

has the shift value storage region 12b for a certain frame 

and the compressed signal storage region 12a, the regions 12a 

and 12b having alternating addresses. Values of the third 

_digital signals obtained from the certain frame are 

successively stored in the compressed signal storage region 

12a. The values of the amount of shift S and the values of 
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the third digital signal recorded by. the signal recording 

operation described above are stored in these regions. A 

given initial value dO is stored at an address immediately 

.preceding the address of the first shift value storage 

region 12b of the memory 12. The initial digital signal 

:which is obtained by sampling an analog signal so as to 

convert it into digital· form and storing the signal in the 

buffer circuit 5 is directly used as the initial value dO. 

First, the selecting circuit 14 and the latch circuit 17 

are reset. The address counter circuit 13 receives 

synchronizing pulses f of a desired freque!.1cy (e.g. , equal to 

the sampling frequency) and. starts reading from the memory 12 

in synchronism with the leading edge of any one of the 

pulses. 

and sent 

First, the initial value dO is read out (step ~l) 

to the signal-demodulating circuit 15. This 

demodulating circuit 15 w~ich is informed that the amount of 

shift is 0 by the sel_ecting circuit 14 sends the initial 

value dO to th.e adder circuit 16 without modifying the 

initial value. The adder circuit 16 produces the sum of the 

initial value dO and the output from the latch circuit and 

sends the sum to.the latch circuit 17. The latch circuit i6 

·latches the in.i tial value d9 in response to the trailing ecige 

of any one of the synchronizing pulses. 

Then, a signal following the initial value d"O. is read 

from the memory 12 (step bl). In this example, th·e shift 
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value S for the initial frame is read out. The signal read 

from the memory 12 is ·also furnished to the selecting circuit 

14, where a decision is made as to whether the signal is the 

amount of shift Sor the third digital signal (step cl). If 

the signal is the ·shift value S, this .value. "is 'held and 

produced to the signal-demodulating circuit 15 so. as to 

modify the amount of shift S (step dl). In this embodiment, the 

shift value for the first frame is 2 as mentioned 

previously. If this value is delivered from the memory 12 1 

this value i.s held and sent :to the. signal-demodulating 

circuit 15. In this way, the demodu;J.ating circuit 15 

produces .a signal which is obtained by expanding the incoming 

third digital signal by a factor of K (K = 25 = 22 = 4), i.e. I 

. -
shifting the signal toward upper bits by 2 b~ts. 

Subsequently to the shift value ·. S, the third digital 

signal C'n at the head of the frame is· read out .. In this 

embodiment, the . shift value is not modified (step cl). The 

signal is not at".the end of the data stored in the memory 12 

(step el) . The signal-demodulating circuit 15 receiving the 

third digital signal C'n shift"s it toward upper bits in 

response to the shift value S ( 2 in· this embodiment.) and 

converts the signal into the fifth digita:l signal 11" 

corresponding to the difference between sampled amplitude 

values (step fl). This fifth digital signal 6" is delivered 

to the adder circuit 16, where the fifth digital signal is 
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added to the contents (dO in this example) of the latch 

circuit 17. The resulting signal is sent to the latch 

circuit 1 7 (step g 1) . The latch circuit 1 7 latches the 

signal iri response to the leading edge of the synchronizing 

pulse f applied to it inunediately thereafter and produces the 

iignal as the digital signal d"n. The next third digital 

signal C'n+l is read from the memory 12 and converted into 

th~ fifth digital signal /1" in response to the .. shift 

value (= 2) by the signal-demodulating circuit 15, in the 

same way as the foregoing. This fifth digital signal is 

added to the output from the latch circuit 17· by the adder 

circuit 16. The output signal from the adder circuit 16 is 

sent to the latch circuit 17. The latch circuit 17 latches 

the signal and pr~duces it as the digital signal d"n+l. 

The operations of the steps bl-gl are repeatedly 

effected to successively read the third digital signal C' 

about the first frame as indicated by C' in Fig. 7. These 

values are shifted in response to the shift value (= 2). 

In this way, the. third digital signal is converted into the 

fifth digital signal /1" corresponding to the differences 

between the successive amplitude vai':1es as indicated by A" in 

Fig. 7. These values of the fifth digital signal /l." are 

accumulated.by the adder circuit 16 and by the latch circuit 

17. Thus, the· fifth di9i tal signal is converted into a 

digital signal corresponding to the amplitude values at 



-25-

various s~pling points. The converted signal is produced 

from the latch circuit 17. 

The operations of the steps bl-gl described above· are 

repeatedly carried out~ The following frames are read out. 

Each time the amount of shift S stored in the head of a frame. 

~s read out, the amount of shift stored in the selecting 

.circuit 14 is updated in response to the amount of shift read 

out. For example, with respect to the ~econd frame fm, the 

amount of shift is updated to O. ~n this case, the amount of 

shift is 0 and so each third digital signal is produced as 

each fifth digital signal without being modified. The values 

of the fifth digital signal are accumulated in the latch 

circuit 17 and successive_ly delivered. As a ·result, a 

digital signal corresponding to the amplitude value at each 

sampling point is obtained. 

In this way, the frames are read out successively. 

During this operation, the digital signal produced from the 

latch·· circuit 17 is conve_rted into analog fo:an by the D/A 

converter circuit 18 to reproduce the analog signal as 

indicated.by the solid line.gin Fig. 7. The.original analog 

signal is indicated by the broken line. 

As described above, in the present embodiment, amplitude 

values of an analog waveform are sampled. A given number of 

samples are treated as one fraine. The difference value 

between successive sample~ is sampled for each frame. The 
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shift value S common to one frame is established 

according to these difference values, or the second digital 

signal. The. second digital signal is shifted toward lower 

bits in respons~ to the shift valu~ As a result, the 

second digital signal is compressed into the third digital 

signal consisting of a less number of bits than the second 

digital signal. This , shift value S is ~o established 

that when the difference values are small,· the shift 

value is reduced to suppress errors produced during 

compression. . When the difference values are large, the 

amount of shift is increased so that a large dynamic range is 

obtained·. Therefore, it is possible to cope with great 

signal variations without.neglecting small variations in the 

analog signal. Since the shift value S common to one 

frame is established, it i,s not necessary to record each 

individual shi.ft value . S together with the third digital 

signal when this third digital signal is recorded. The 

sig~al can be recorded with a small amount of information. 

In this way, in the present embodiment, an analog signal having 

a wide dynamic range can be accurately recorded and 

reproduced with a small amount of information. 

In the above embodiment, values of the digital signal 

indicating the amount of shift s·about one frame and all the 

values of the third digital signal for the same frame are 

alternately stored in the memory 12. The present i~vention 
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is not limited to this method. Buffers may be provided for 

these two kinds of information, respectively, and these two 

kinds of information may be stored in these buffers, 

respectively. The two kinds of information may be read out 

separately by their respective reading means. In a further 

modified example, during recording of a signal, the two kinds 

of information are once stored in separate buffers. After 

the analog signal is fully recorded, a digital signal 

indicating the .shift value ·s about one frame and the 

whole third digital signal for the same frame may be 

alternately stored in one memory. In a still other modified 

example, values of a digital signal indicating the shift 

value S are ·stored . at regularly spaced memory locations. 

During reading, the signal is not stored in the selecting 

circuit 14 at regular intervals of time. A digita.l signal 

indicating changes in the amount of shift s is created in 

response to the frames having different shift values.:,_ S. 

A digital signal indicating. the shift value . S is stored 

at addresses located immediately after the addresses at which 

the digital signal is stored in the memory. Whenever the 

digital signal indicating the shift value s is read out, 

this digital ~ignal is stored in the selecting circuit 14. 

It is to be noted that the ~resent inv~ntion is not 

limited to the above embodiment. For example, a signal can be 

·reproduced by a structure shown in Fig. 9 (A). This comprises 
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a compressed signal · storage region 9al, a shift amount 

storage region 9a2, and a signal-demodulating circuit 9a3 

which are similar to their counterparts of the above embodiment. 

In addition, the structure has a D/A converter circuit 9a4 

receiving the fifth digital 

demodulating circuit 9a3 and 

signal from 

an integrating 

the signal­

circui t 9a5 

receiving the output from the D/A converter circuit 9a4. In 

the above example, values of the fourth digital signal 

corresponding to the difference between successive amplitude 

values are summed up. A digital signal corresponding to the 

amplitude values is produced and converted into analog form. 

In the preset embodiment,the fifth digital signal corresponding 

to the differences between successive amplitude values is 

converted into an analog signal, which is in turn integrated 

by the integrating circuit 9a5. In this way, the original 

analog signal is reproduced. This embodiment yields advantages 

similar to the advantages obtained by the above embodiment .. 

A signal can also be r~produced by a structure as shown 

in Fig. 9(B). This structure has a compressed signal storage 

··region 9bl and a shift amount storage region 9b2 ·.which are 

similar in structure to their counterparts of the above 

embodiment. In addition, the structure has a D/A converter 

circuit 9b3 for converting the third digital signal read from 

the compressed signal storage region 9bl, a reference voltage 

change circuit 9b4 for modifying the reference voltage of the 
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D/A converter circuit 9b3 according to the .shift _value 

produced from the shift amount storage region 9b2, and an 

integrator circuit 9b5 receiving the output from the D/A 

converter circuit 9b3. In this case, when the. third digital 

signal is converted into analog form, the reference voltage 

of the D/A conv:erter circuit is varied according to the. 

amount of shift. As a result, an output signal which would 

normally be obtained when a shift is made is crea:ted. An 

analog signal corresponding to the di-fferences between the 

successive amplitude values pro~uced from the D/A converter 

circuit is integrated by the integrating · circuit 9b5. In 

consequence, the original analog signal is reproduced. This 

structure also yields advantages similar to the advantages 

obtained by the above embodiment • 

Also, 

structure 

it is possible 

as shown in Fig. 

to reproduce 

9 (C). This 

a signal 

example 

by 

has 

a 

a 

. compressed signal storage region 9cl and a shift value _ 

storage region 9c2 which are similar to their counterparts of 

the above embodiment. In addition, the structure has -a D/A 

converter ·circuit 9c3 for converting the third digital signal 

read from the compressed signal storage region 9cl into 

analog form, a counter circuit 9c5 for counting clock pul.ses 

produced from a pulse signal-gen~rating circuit 9c4 up to a· 

value c~rresponding to the shift value delivered from the 

shift value· storage region 9c2, a switching circuit· 9c6 for 
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transmitting the output from the -D/A converter circuit 9c3 

while receiving the pulses from the counter circuit 9c5, and 

an integrating· circuit 9c7 for integrating the output supplied 

to the integrator circuit from the D/A converter circuit 9c3 

via the switching circuit 9c6. As showri in Fig. 10, the 

GOUnter circuit 9c5 comprises a . counter portion 51 for 

receiving clock pulses osc produced from the pulse-generating 

circuit 9c4 as shown· in Fig. 11 and for producing pulses ~1 , 

w2 , and ~3 having different pulse widths, a decoder portiqn 

52 for decoding the amount of shift produced from the shift 

amount storage region 9c2, and a select~ng portion 53 for 

selectively d_eli vering the pulses w1 , w2 , and w3 produced from 

the counter portion 51 according to the output frqm the 

decoder_portion 52. In this case, the third digital signal 

is ·converted into an analog signal. The time for which this 

analog signal is sent to the integrating· circuit 9c7 is 

controlled by the switching circuit 9c6. In this· way, a 

weightinq correspon~ing to the shift value is given to the 

analog· value produced ·to the integrating circuit 9c7. This 

embodiment also produces advantaqes similar to the advantages 

obtained by the above embodiment . 

Furthermore, it is possible to reproduce a signal by a 

structure shown in Fig. 9 {D). This embodiment has a compressed 

signal storage region 9dl and a shift value storage region 

9d2 which are similar in structure to their counterparts of 
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the above embodiments . In addition, this embodiment has a PWM 

(pulse width modulation) circuit 9d3 for producing pulses 

responsive to the third digital signal read from the 

compressed signal storage region 9dl, a gate 9d4 which is 

enabled according to the amount of shift read from the shift 

amount storage region 9d2 and transmits the output from the 

PWM circuit 9d3, and an integrating circuit 9d5 receiving the 

output from the gate 9d4. In this case, th_e third digital 

·Signal is modified into a pulse having a pulse width 

corresponding to the value of the third digital signal. A 

weightinq correspon~ing to -the shift value is given by the 

gate 9~4. Then, the signal. is integrated by the .integrating . 

circuit 9d5. In this way, the original signal is reproduced. 

This embodiment also produc;::es . advantages similar to the 

adva·ntages obtained by the aboveembodiments . 

The second digital signal corresponds to the differences 

between successive amplitude values at successive sampling 

points. Furthermor~, .an analog signal may be sampled and 

held and then converted into a digital value. Thip digital 

value may be delayed by one sampling period. The difference 

between this delayed value and the value obtained by 

currently converting the analog signal into digital form may 

also be used as the second digital signal. Moreover, an 

analog signal may· be sampled and held and then delayed by one 

sampling period. The difference between this delayed value 
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and the value obtained by currently sampling and ~olding the 

analog signal is taken and converted into a digital value. 

This digital v~lue may be used as the_second digital signal. 

In these cases, the second .digital signa1 is stored in a 

buffer or the like. Also, in these cases, a frame is 

provided for every certain number of samples. An amount of 

shift is established for each frame. The signal is converted 

into the third digital signal in response to the amount of 

sliift. 

The method of compressing the second digital signal by 

a factor of K is not limited to the method of shifting the 

bi ts by means of the signal-.cornpres.sing circuit 7. The 

division may also be performed by the use of a division 

circuit (not shown) instead of the signal-compressing circuit 

7. Similarly, i:ri order to expand the third digital signal by 

a factor of K, a multiplication circuit (not ·sho"VPl) may be 

used to perform the multiplication instead of the signal­

demodulating circuit 8 or 15. 

Acc.ording to the present invention, a signal 

having a wide dynamic .range can be recorded and reproduced at 

high accuracy with a small amount of information. 

/ 

I 
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CLAIMS 

1. A method of recording a digital signal 

comprising a series of digital values where a number of 

successive digital values are recorded as a frame, 

5 comprising the following steps for each frame: 

calculating a factor K by which the magnitude of 

the digital values in a frame must be reduced such that 

they lie within a predetermined range; 

storing each digital value of a frame divided by 

10 the factor K;. 
storing information relating .to the factor K in 

memory associated with the frame. 

2. A method of recording a digital signal as 
claimed in claim .1 wherein the method includes the 

15 initial step of successively deriving a difference 

value representing the difference between the amplitude 

of a digital value· and the amplitude of the preceding 

digital value, whereupon the difference digital value 

is used as th~ digital value in the succeeding steps of 
2 O the method of claim 1 . . 

3. A method of recording a digital signal as 

claimed in claim 2, wherein· the amplitude of the 

preceding digital value is obtained by multiplying the 

preceding stored difference value by the factor K so as 

25 to create a further digital value, and accumulating 
these further digital values. 

4. A method of recording a digital signal as 

claimed in claim 3 wherein K = 29 and the multiplication 
of the difference value· is achieved by the insertion of 

30 S least significant bits. 
s. A method of recording a signal as claimed in 

any preceding claim, wherein K = 2 9 and the division of . . . 

the digital value by the factor K is achieved by 

removing the least significant S bits of the digital 
35 value. 

6. A method.of recording an analog signal 

111111111111111111111111111111 
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comprising the steps of: 

sampling an analog signal at a given sampling 

f r~quency; · 

converting the sampled analog form into digital 

5 values to create a digital signal comprising a series 

of digital values; and 

recording the digital signal according to the 

method of any preceding claim. 

7. A method of reproducing a digital signal 

10 which comprises a s~ries of digital values, where a 

number of successive digital values are recorded as a 

frame and information relating to a factor K is stored 

in m~mory associated with the frame, the method 

comprising the steps for each frame of: 

15 reading out information relating to the factor K; 

successively_ reading out the digital values; 

multiplying the digital values by the factor K; 

supplying the series of multiplied digital values 

as the output digital signal. 

20 8. A method of reproducing a digita~· signal as 

claimed in claim 7 wherein the multiplied digital 

values are successively accumulated to form the output 

digital signal. 

9. A method of reproducing a digital signal as 

25 claimed in claim 7 or 8 wherein K = 2s and the 

multiplication of the digital values by the factor K is 

achieved by the insertion of S least significant bits 

in the digital value.' 

10. A method of reproducing-an analog signal from 

30 a digital signal comprising the steps: 

reproducing a digital signal in accordance with 

one of claims 7, 8 or 9; and 

converting output digital signal to an analog 

output signal. 

35 11. A method of recording a digital or analog 

signal substantially as herein described with reference 

I 1111111111111 1111111111111111 
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to at least one of Figures 1, 2, 3, 4, 6 and 8. 

12. A method of reproducing a digital or analog 

signal substantial!~ as herein described with reference 

to at least one of Figures 1, 3, 5, 7, .8, 9, 10 and 11. 

5 13. A method of recording a signal 1 comprising 

the steps of: 
sampling.an analog signal at a given sampling 

frequency 1 converting the samp~ed signal into digital 
form to create first dig.ital signals 1 and storing the 

10 first digital signal in a given storage region whenever 

a given number of samples are produced; 

successively reading the first digital signals 
from said storage region, taking a difference between 

an amplitude signal corresponding to the presently read 
15 first digital signal and an amplitude signal 

corresponding to the previously read first digital 

signal, and producing ~he difference as a second 

digital signal; 

converting the second digital signal into a third 

20 digital signal which is 1/K (K = 1, 21 ••• ) of the 
second digital signal; 

setting said K to such a··value that it is common 

to every third digital'signal obtained from the first 

digital signals stored in said certain storage region 

25 and that values of the third digital signal lie in a 
certain range; and 

storing said third digital signals and data 
representative of said.values of said K. 

14. A method of reproducing a signal, compris~ng 

30 the steps of: 
reading out the third digital signal stored by the 

method of claim 1 and the data representative of said K­
and multiplying the third digital signal by K to 
convert the third digital signal into a fifth digital 

35 signal; and 

successively accumulating said fifth digital 

111111111111111111111111111111 
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signal or a signal obtained by converting the fifth 

digital signal into an analog form and producing the 

accumulated signal as an analog output signal. 

15. A method of recording/reproducing a signal, 

5 comprising the steps of: 

sampling an analog signal at a given sampling 

·frequency, converting the s_ampled signal into digital 

form so as to create first digital signals and storing 

the first digital signals in a given storage region 

10 whenever a given number of samples are produced; 
successively reading the first digital signal from 

said storage regi~n, taking a difference between an 
amplitude signal corresponding to the presently read 

first digital signal and an amplitude signal 

15 corresponding to the previously read first digital 

signal, and producing the difference as a second 

digital output signal; 

converting the second digital signal into a third 

digital signal which corresponds to 1/K (K = 1, 2, ... ) 

20 of the second digital signal; 
setting said K to.such a value that it is common 

to every third digital signal obtained f~om the first 
digital signal stored in said certain storage region 

and that values-of the third digital signal lie in a 

25 certain range; 
storing said third digital signals and data 

representative of said values of the K; 
reading out the third digital signals and the data 

representat;ive of values of said K; 
30 multiplying the third digital signal by K to 

convert the third digitai signal into a fifth digital 

signal; and 

successive,ly accumulating_ said fifth digital 
signal or a signal obtained by converting the fifth 

35 digital signals into an analog form and producing the 
accumulated signal as an analog output signal. 

I 1111111 11111111111 1111111 1111 
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16. A method of recording a signal, comprising 

the steps of: 

sampling an analog signal at a given sampling 

frequency to successively obtain sample data; 

5 taking a difference between the.. sample data and an 

output from an accumulator circuit; 

producing a code output corresponding to l/K (K = 
1, 2, ... ) of the difference output; 

storing the code output in a storage means; and 

10 accumulating outputs, which are obtained by 

multiplying said code output by K, by means of said 

accumulator circuit. 

17. A method of recording a digital signal 

comprising a series of digital values where a number of 
15 successive digital values are recorded as a frame, 

comprising the following steps for each frame: 
succe_ssively storing digital v'al.ues of the frame, 

wherein each of the· stored digital values has a 

determined relationship to the corresponding digital 

20 values of the input digital signal, the relationship 

being such that the magnitude of all digital values 

stored in a frame lies within a· certain range; and 

storing in memory associated with the frame 

information relating to a factor indicative of the 

25 relationship. 
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