
(19) United States 
(12) Patent Application Publication (10) Pub. No.: US 2001/0052865 A1 

Uchiyama et al. 

US 20010052865A1 

(43) Pub. Date: Dec. 20, 2001 

(54) VOICE RECORDING/REPRODUCING Publication Classi?cation 
DEVICE BY USING ADAPTIVE 
DIFFERENTIAL PULSE CODE (51) Int. Cl.7 . ........................... .. H03M 3/00 

MODULATION METHOD (52) US. Cl. ........................... .. 341/143; 341/155; 341/76 

(76) Inventors: Itsuo Uchiyama, Miyazaki-gun (JP); (57) ABSTRACT 
Katsuya Maruyama, MiyaZaki-gun Avoice recording/reproducing device implemented by using 
(JP) an ADPCM (Adaptive Differential Pulse Code Modulation) 

method is provided Which is capable of reproducing faith 
Correspondence Address: fully an original voice even at a time of performing a 
Venable fast-forWard reproduction by removing or culling a speci?ed 
Post Of?ce BoX 34385 voice block from a continued series of voice blocks. 

Washmgton’ DC 20043-9998 (Us) The voice recording/reproducing device is so con?gured that 
* N t- I Th- - bl- t- f t- d _ an ADPCM analyzer is operated to quantize digital voice 

( ) 0 Ice ecjiésn2121;311:2352?gpgfcgiegn?ldgoj7 data converted by an ADC (Analog-Digital Converter), to 
CFR 1 53((1) encode it and to split to voice blocks and then to add a 

' ' parameter used to decide a Width for quantizing and previ 

(21) APPL NO; 09 /614 585 ously reproduced value to each voice block as an interme 
’ diate data, and that an ADPCM synthesizer is operated to 

(22) Filed; Ju]_ 12, 2000 decode, at the time of the fast-forWard reproduction, a head 
value of encoded data contained in the voice block to be 

(30) Foreign Application Priority Data reproduced by using the additional data. The digital voice 
data is then converted by the DAC to analog voice signals 

Dec. 14, 1999 (JP) ......................................... .. 11-354012 and original voices are faithfully reproduced. 

S1 
1 2a 1 2 Q S 81 1 

'3 ADPCM ADC ANALOG 
ANALYZER INPUT 

81 3 
CPU 
CIRCUIT 1 4 

S 81 5 
ADPCM DAC ANALOG 

SYNTHESIZER OUTPUT 



Patent Application Publication Dec. 20, 2001 Sheet 1 0f 5 US 2001/0052865 A1 

Fig. 1 

ANALOG 
INPUT 

ANALOG 
OUTPUT 

811 
ADC 

812 (I 2a 
Ij ADPCM 
ANALYZER 

S1 5 
DAC 

S1 4 
ADPCM 

SYNTHESIZER 

813 
CPU 
CIRCUIT 

Fig.2 

An+2xAn+2 

TIME 
DIGITAL VOICE 
DATA 

An+1xA n+1 

\ ANALOG 
VOICE 
SIGNAL 

AnXAn 

ENCODING 

0000 0010 0100 0011 0010 0010 1001 1001. 11.400 1100 1011 .0010 
POLARITY __ 

BIT 
MULTIPLE OF 
WIDTH FOR 
QUANTIZING 
(An) 



Patent Application Publication Dec. 20, 2001 Sheet 2 0f 5 US 2001/0052865 A1 

_________m— 

V 

<3.-_><> > T D wox v0 

>55 > 

OwODQOMQwK 



Patent Application Publication Dec. 20, 2001 Sheet 3 0f 5 US 2001/0052865 A1 

Fig.4 

1 O24BIT 
V 

A V 

OPAGE 

1PAGE 

2PAGE 

SPAGE 

ADPCM 
ADDITIONAL : ADPCM DATA 
DATA 

2042PAGE 

2043PAGE 

2044PAGE 

2045PAGE 

2046PAGE 

2047PAGE 





Patent Application Publication Dec. 20, 2001 Sheet 5 0f 5 US 2001/0052865 A1 

23?) 7) _ 



US 2001/0052865 A1 

VOICE RECORDING/REPRODUCING DEVICE BY 
USING ADAPTIVE DIFFERENTIAL PULSE CODE 

MODULATION METHOD 

BACKGROUND OF THE INVENTION 

[0001] 1. Field of the Invention 

[0002] The present invention relates to a voice recording/ 
reproducing device implemented by using an adaptive dif 
ferential pulse code modulation method. 

[0003] 2. Description of the Related Art 

[0004] The adaptive differential pulse code modulation 
(hereafter referred to as an “ADPCM”) is Widely used in 
digital modulation of voices. In the ADPCM method, 
sampled analog voice data is ?rst converted to digital voice 
data, then a difference in the sampled data value betWeen a 
digital voice data and a subsequent or neighboring digital 
voice data is quantized in accordance With the step for 
quantiZing, i.e., a Width for quantiZing Which is adaptively 
changed depending on an amplitude of a Waveform of the 
voice signal to be encoded and 3 to 4 bits are used to express 
one quantized difference for encoding of the voice signal, 
thereby improving the folloWability to its original analog 
Waveform. 

[0005] FIG. 2 is a diagram explaining the ADPCM 
method in Which 4 bits are used for quantiZing and encoding 
of voice signals. An encoded digital voice data obtained by 
the ADPCM is formed by a multiple of polarity bits and 
quantiZing Width A. The quantiZing Width A is decided by the 
correlation betWeen the present sampled value and the past 
sampled value of the voice signals. In FIG. 2, the data 
provided by high order one bit represents a polarity (i.e., an 
increase or decrease of signals) and the data provided by loW 
order three bits represents the multiple of the quantiZing 
Width A. The data obtained by the ADPCM is stored in 
memory. 

[0006] The digital voice data is reproduced by decoding 
the data obtained by the ADPCM. The digital voice data 
being a digital amplitude vale is calculated by the folloWing 
formula (1): 

A 

[0007] Where, “Ann” represents the digital amplitude 
value to be reproduced this time, “An” represents a digital 
amplitude value reproduced at a previous time, “D” repre 
sents the multiple expressed by the loW order bits of encoded 
data and “P” represents a parameter used to decide the 
quantiZing Width A. The value (D><P) shoWn as a product in 
the formula (1) represents the difference in the sampled data 
value betWeen a digital voice data and a subsequent or 
neighboring digital voice data. 

[0008] The digital voice data is converted to its analog 
voice data and is then outputted. 

[0009] Since the ADPCM method has an advantage in that 
it can provide a good quality and it enables easy creation of 
voice data considering simple con?gurations required for 
implementing the ADPCM, it is used, for example, in IC 
recorders, telephones or the like. Moreover, the large reduc 
tion of the number of bits required for quantiZing is made 
possible. 

Dec. 20, 2001 

[0010] In the voice recording/reproducing device, for fast 
forWard reproduction, encoded data is split into voice blocks 
each having a predetermined siZe and stored at a time of 
recording. Then, at the time of the fast-forWard reproduc 
tion, a part of voice blocks to be reproduced is removed or 
“culled” from the split voice blocks and encoded data of the 
voice block is decoded. When any part of the voice block is 
removed or culled from continued voice blocks for the 
fast-forWard reproduction, the encoded data becomes dis 
continuous among voice blocks to be reproduced. 

[0011] FIG. 3 is a diagram explaining operations of a 
voice recording/reproducing device implemented by the 
conventional ADPCM method. As shoWn in FIG. 3, if the 
voice blocks B and D are partially removed or culled from 
the Whole voice blocks A, B, C, D and E in order to carry 
out the fast-forWard reproduction, the discontinuity occurs 
betWeen the blocksAand C and betWeen C and E as a result. 

[0012] In the voice recording/reproducing device imple 
mented by the conventional ADPCM method, the digital 
amplitude value “Ann” being a presently reproduced value 
is calculated by, for convenience’s sake, setting both a 
digital amplitude value “An” being a just previously repro 
duced value and the parameter “P” to 0. Because of this, at 
the time of the fast-forWard reproduction, though, in the 
voice block B, its original voice signal is faithfully repro 
duced, in the voice block C, its original voice signal C1 is 
not reproduced faithfully and a reproduced voice signal C2 
appears instead, i.e., at a head portion of the voice block C, 
the original voice signal cannot be faithfully reproduced, 
thus causing an inconvenience in that the reproduced voice 
cannot be clearly heard. The same thing occurs in the voice 
block E. 

SUMMARY OF THE INVENTION 

[0013] In vieW of the above, it is an object of the present 
invention to provide a voice recording/reproducing device 
capable of reproducing faithfully an original voice even at a 
time of performing fast-forWard reproduction. 

[0014] According to one aspect of the present invention, 
there is provided a voice recording/reproducing device 
implemented by using an adaptive differential pulse code 
modulation method including: 

[0015] an analog-digital converter to sample analog voice 
signals and to convert them to digital voice data; 

[0016] recording means for quantiZing a difference in the 
sampled data value betWeen a digital voice data and a 
subsequent and neighboring digital voice data obtained by 
the analog-digital converter in accordance With the Width for 
quantiZing corresponding to the difference, for obtaining 
encoded data by encoding the quantiZed difference and then 
for splitting the encoded voice data into voice blocks each 
having a predetermined siZe; 

[0017] reproducing means for reproducing digital voice 
data, at a time of a fast-forWard reproduction, by sequen 
tially decoding speci?ed data composed of the encoded data 
contained in the voice block to be reproduced and obtained 
by removing and culling a part of voice blocks from a series 
of the split voice blocks; 

[0018] a digital-analog converter to convert reproduced 
digital voice data to analog voice signals, and 
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[0019] whereby the recording means is operated to add 
just previously sampled data and a parameter used to decide 
the Width for quantiZing to a head of the encoded data of 
each voice block and the reproducing means is operated, at 
the time of the fast-forWard reproduction, to decode the head 
coded data of the voice block to be reproduced based on the 
additional data. 

[0020] In the foregoing, a preferable mode is one Wherein 
the data constituting the difference contains data of a mul 
tiple of the Width for quantiZing and of polarity causing an 
increase or decrease of the difference. 

[0021] Also, a preferable mode is one Wherein the encoded 
data contains data of the multiple of the Width for quantiZing 
and Wherein the reproducing means is operated to decode 
the head digital voice data of each voice block by using data 
of the multiple of the Width for quantiZing contained in the 
encoded data, just previously sampled data and the param 
eter used to decide the Width for quantiZing. 

[0022] Also, a preferable mode is one Wherein the record 
ing means is provided With an ADPCM (Adaptive Differ 
ential Pulse Code Modulation) analyZer. 
[0023] Also, a preferable mode is one Wherein the repro 
ducing means is provided With an ADPCM synthesiZer. 

[0024] Also, a preferable mode is one Wherein a format of 
the encoded data is composed of a voice start address region, 
a voice end address region and an ADPCM data region to its 
head of Which the additional data are added. 

[0025] Furthermore, a preferable mode is one Wherein the 
format of the encoded data further includes a sampling 
frequency region. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0026] The above and other objects, advantages and fea 
tures of the present invention Will be more apparent from the 
folloWing description taken in conjunction With the accom 
panying draWings in Which: 

[0027] FIG. 1 is a schematic block diagram shoWing 
con?gurations of a voice recording/reproducing device 
implemented by an adaptive differential pulse code modu 
lation (ADPCM) method according to one embodiment of 
the present invention; 
[0028] FIG. 2 is a diagram explaining the ADPCM in 
Which 4 bits are used for quantiZing and encoding of voice 
signals; 
[0029] FIG. 3 is a diagram explaining operations of a 
voice recording/reproducing device implemented by a con 
ventional ADPCM method. 

[0030] FIG. 4 is a diagram explaining data con?gurations 
according to the embodiment of the present invention; 

[0031] FIG. 5 a diagram explaining a format of data for 
voice reproduction according to the embodiment of the 
present invention; and 
[0032] FIG. 6 is a diagram explaining operations of the 
voice reproduction according to the embodiment of the 
present invention. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENTS 

[0033] Best modes of carrying out the present invention 
Will be described in further detail using various embodi 
ments With reference to the accompanying draWings. 
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Embodiment 

[0034] A voice recording/reproducing device of this 
embodiment is one implemented by using an ADPCM 
(Adaptive Differential Pulse Code Modulation) method, in 
Which, in order to faithfully reproduce an original voice even 
at a time of fast-forWard reproduction, a parameter used to 
decide a Width for quantiZing and a split digital amplitude 
value obtained immediately before the ADPCM are added to 
a split ADPCM data. 

[0035] FIG. 1 is a schematic block diagram shoWing 
con?gurations of the voice recording/reproducing device 
implemented by the ADPCM method according to one 
embodiment of the present invention. The voice recording/ 
reproducing device of this embodiment is chie?y composed 
of an analog-digital converter 11 (hereafter simply called an 
“ADC”), an ADPCM analyZer 12, a CPU circuit 13, an 
ADPCM synthesiZer 14 and a digital-analog converter 
(hereafter simply called a “DAC”) 15. 

[0036] The ADC 11 is an analog-digital converting means 
adapted to sample an analog voice signal and to convert the 
analog voice signal to a digital voice signal. The ADPCM 
analyZer 12 is a recording means for analyZing the digital 
voice data converted by the ADC 11, quantiZing a difference 
betWeen neighboring digital data, i.e., betWeen the digital 
data subsequent to each other, encoding the quantiZed dif 
ference, splitting the encoded voice data to voice blocks 
each having a predetermined siZe and adding additional data 
to be described later to the ADPCM data obtained by 
encoding the voice block. Moreover, a memory 12a used to 
store additional data or the like is embedded in the ADPCM 
analyZer 12. The CPU circuit 13 is operated to control an 
overall device. The ADPCM synthesiZer 14 is a reproducing 
means for reproducing digital voice data by decoding the 
ADPCM data. The DAC 15 is a digital to analog converting 
means for converting the reproduced digital voice data to the 
analog voice signal and for outputting it. 

[0037] Operations of the voice recording/reproducing 
device of this embodiment Will be described beloW. 

[0038] The analog voice signal is sampled by the ADC 11 
at a time of recording and then converted to digital recording 
data. The converted digital voice data is inputted into the 
ADPCM analyZer 12. In the ADPCM analyZer 12, every 
time the digital voice data is sampled, the quantiZing Width 
A used as a basic value is adaptively changed depending 
upon the difference betWeen the neighboring digital voice 
data, and by using this quantiZing Width A and its multiple, 
the difference is quantized. That is, the information contain 
ing the quantiZed difference represented by the product of 
the quantiZing Width A and its multiple is encoded to 3 to 4 
bit data. This alloWs the ADPCM data shoWing the polarity 
bit and the multiple of the quantiZing Width to be obtained 
as in the conventional method. The ADPCM data is split into 
voice blocks each having a predetermined siZe in order to 
perform the fast-forWard reproduction. Moreover, the 
parameter used to decide both the amplitude value of the 
digital voice data positioned at the end of the previous voice 
block and the quantiZing Width A is added, as an additional 
data, to the ADPCM data positioned at the head of each of 
the voice blocks, and is then stored, together With the 
ADPCM data including the polarity bit and the multiple data 
of the quantiZing Width, into the memory 12a of the ADPCM 
analyZer 12. 
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[0039] FIG. 4 is a diagram explaining data con?gurations 
according to the embodiment of the present invention. As 
shoWn in FIG. 4, the data siZe of each of the voice blocks 
is set to 1024 bits and the data is split into 0 to 2047 pages. 
The ADPCM data is composed of 1000 bits and the ADPCM 
additional data is composed of 24 bits. The amount of the 
memory used is increased by the addition of the additional 
data accordingly. The data siZe is not limited to the eXample 
shoWn in FIG. 4. The siZe of the ADPCM data and addi 
tional data can be adaptively changed so as to prevent the 
total amount of the memory from becoming too large. 

[0040] At the time of the voice reproduction, the ADPCM 
data and the additional data are read out from this memory 
and the voice reproduction is carried out by the ADPCM 
synthesiZer 14. 

[0041] FIG. 5 a diagram explaining a format of data for 
voice reproduction according to the embodiment of the 
present invention. As shoWn in FIG. 5, this data is composed 
of a voice start address, a voice end address, a sampling 
frequency and an ADPCM data, and further additional data 
are added to a head of the ADPCM data of each voice block. 
The reproduction of voices is carried out based on the data 
of this form. As depicted in FIG. 6 (A), an analog voice 
signal to be reproduced is split into voice blocks A to E. 

[0042] At the time of ordinary reproduction, the ADPCM 
data of each of the voice blocks A to E is sequentially 
decoded and the digital voice data is reproduced. At this 
point, the additional data is not used. The reproduced digital 
voice data is converted by the DAC 15 to an analog voice 
signal and is outputted. 

[0043] As shoWn in FIG. 6 (B), When the voice blocks B 
and D are removed or culled from the recorded voice blocks 
for the fast-forWard reproduction, discontinuity occurs 
betWeen the voice blocks A and C and betWeen the voice 
blocks C and E. 

[0044] In this case, if four bits are used for the ADPCM 
method, a head value An+1 of the voice blocks C and E can 
be calculated by the folloWing formula (2): 

A 

[0045] Where, “An’” represents a reproduced amplitude 
value of previously sampled data contained in the additional 
data, “D” represents loW order three bits (a multiple of a 
quantiZing Width A of encoded data and “P” represents a 
parameter used to decide the quantiZing Width A contained 
in the additional data. 

[0046] Then, neXt reproduced value An+2 is calculated 
based on the head value An+1 by the folloWing formula (3): 

[0047] Where, “D” represents the multiple data for the 
quantiZing Width A shoWn by loW order three bits of coded 
data and “P” represents a parameter used to decide the 
quantiZing Width A. Based on the reproduced value calcu 
lated as above, the ADPCM data of the voice blocks C and 
E to be reproduced is sequentially decoded. 

[0048] In the same manner as in the ordinary reproduction, 
the reproduced digital voice data is converted by the DAC 
15 to analog voice signals and outputted for the fast-forWard 
reproduction. At this point, as shoWn in FIG. 6(B), even if 
the voice blocks B and D are removed or culled, the head 
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values of the voice blocks C and E are not affected by the 
removal or culling, thus alloWing original voices to be 
faithfully reproduced. 
[0049] As described above, according to the embodiment 
of the present invention, since both the parameter used to 
decide the Width for quantiZing and the previously repro 
duced value are added to the ADPCM data and, at the time 
of the fast-forWard reproduction, by using these additional 
data, the head value of the voice block obtained after the 
removal or culling of a part of the voice blocks is calculated, 
the same data as obtained When the continuous voice signals 
are reproduced can be obtained and the original voice can be 
more faithfully reproduced compared With the case of the 
conventional method. 

[0050] It is apparent that the present invention is not 
limited to the above embodiments but may be changed and 
modi?ed Without departing from the scope and spirit of the 
invention. 

What is claimed is: 
1. A voice recording/reproducing device implemented by 

using an adaptive differential pulse code modulation method 
comprising: 

an analog-digital converter to sample analog voice signals 
and to convert them to digital voice data; 

recording means for quantiZing a difference in the 
sampled data value betWeen a digital voice data and a 
subsequent and neighboring digital voice data obtained 
by said analog-digital converter in accordance With the 
Width for quantiZing corresponding to the difference, 
for obtaining encoded data by encoding the quantiZed 
difference and then for splitting the encoded voice data 
into voice blocks each having a predetermined siZe; 

reproducing means for reproducing digital voice data, at 
a time of a fast-forWard reproduction, by sequentially 
decoding speci?ed data composed of the encoded data 
contained in the voice block to be reproduced and 
obtained by removing and culling a part of voice blocks 
from a series of the split voice blocks; 

a digital-analog converter to convert reproduced digital 
voice data to analog voice signals, and 

Whereby said recording means is operated to add just 
previously sampled data and a parameter used to decide 
said Width for quantiZing to a head of said encoded data 
of each voice block and said reproducing means is 
operated, at the time of the fast-forWard reproduction, 
to decode said head coded data of the voice block to be 
reproduced based on said additional data. 

2. The voice recording/reproducing device according to 
claim 1, Wherein said data constituting said difference con 
tains data of a multiple of said Width for quantiZing and of 
polarity causing an increase or decrease of said difference. 

3. The voice recording/reproducing device according to 
claim 1, Wherein said encoded data contains data of the 
multiple of said Width for quantiZing and Wherein said 
reproducing means is operated to decode said head digital 
voice data of each voice block by using data of the multiple 
of said Width for quantiZing contained in said encoded data, 
just previously sampled data and said parameter used to 
decide said Width for quantiZing. 
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4. The voice recording/reproducing device according to 
claim 1, Wherein said recording means is provided With an 
ADPCM (Adaptive Differential Pulse Code Modulation) 
analyZer. 

5. The voice recording/reproducing device according to 
claim 1, Wherein said reproducing means is provided With an 
ADPCM synthesizer. 

6. The voice recording/reproducing device according to 
claim 1, Wherein a format of said encoded data is composed 
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of a voice start address region, a voice end address region 
and an ADPCM data region to its head of Which said 
additional data are added. 

7. The voice recording/reproducing device according to 
claim 1, Wherein said format of said encoded data further 
includes a sampling frequency region. 


