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(57) ABSTRACT 

A digital signal reproduction device includes an audio 
decoder configured to decode an audio bit stream to output a 
resulting audio signal, an audio bit stream analyzer config 
ured to analyze whether or not the audio bit stream contains 
human Voice, a playback speed determiner configured to 
determine a playback speed based on a result of the analysis 
by the audio bit stream analyzer, and a variable speed repro 
ducer configured to receive the audio signal and reproduce an 
audio signal corresponding to the playback speed determined 
by the playback speed determiner. 
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DIGITAL SIGNAL REPRODUCTION DEVICE 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

0001. This application is a Divisional of U.S. patent appli 
cation Ser. No. 13/281,002, filed on Oct. 25, 2011 which is a 
continuation of PCT International Application PCT/JP2010/ 
002924 filed on Apr. 22, 2010, which claims priority to Japa 
nese Patent Application No. 2009-109596 filed on Apr. 28, 
2009. The disclosures of these applications including the 
specifications, the drawings, and the claims are hereby incor 
porated by reference in their entirety. 

BACKGROUND 

0002 The technology disclosed herein relates to digital 
signal reproduction devices for playback of bit streams which 
are obtained by encoding audio signals containing human 
Voice, and digital signal compression devices which generate 
bit streams from audio signals containing human Voice. 
0003 Recorders which digitally compress television 
broadcast signals before recording the resulting data into a 
storage medium, Such as a digital versatile disc (DVD), a 
Blu-ray Disc (BD), a hard disk drive (HDD), etc., have been 
developed. In particular, in recent years, the increase in the 
capacity of a storage medium has enabled recording of tele 
vision broadcasts over a long time. Therefore, the quantity of 
recorded programs may become so huge that the user does not 
have Sufficient time to view all the programs. 
0004. Therefore, there is a recorder which has a fast play 
back function to play a recorded program over a period of 
time shorter than that which it has taken to record the pro 
gram. For example, if playback is performed at a speed 1.5 
times as high as the normal speed, it takes only 40 minutes to 
play a one-hour program. However, in the case of Such fast 
playback, it is difficult to hear and recognize words spoken by 
actOrS, announcers, etc. 
0005 To address this problem, there is a technique of 
performing playback at a speed which is not very high in 
sections which contain speech (human Voice) spoken by 
actors, announcers, etc., and at a high speed in sections which 
do not contain speech. For example, Japanese Patent Publi 
cation No. 2003-309814 describes the following technique. 
Specifically, audio data is analyzed to determine and store a 
playback speed for each section. When an audio signal etc. is 
actually reproduced, the reproduction is performed based on 
the previously determined playback speed. International Pub 
lication WO2006/082787 describes a technique of reproduc 
ing an audio signal etc. based on a playback speed which is 
determined based on audio data, where the playback speed is 
not stored. 

SUMMARY 

0006. In the configurations of Japanese Patent Publication 
No. 2003-309814 and International Publication WO2006/ 
082787, it is necessary to detect whether or not human voice 
is contained, based on a pulse code modulation (PCM) signal, 
which is a time-domain signal obtained by decoding a bit 
stream, resulting in a large amount of computation. This is 
because such detection requires determination of whether or 
not the PCM signal has a frequency characteristic similar to 
that of human voice, whether or not the PCM signal has a 
fundamental frequency (pitch frequency) matching that of 
human Voice, etc., and therefore, it is necessary to perform 
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signal processing which requires a large amount of compu 
tation, such as conversion to a frequency-domain signal, auto 
correlation processing, etc. 
0007. The present disclosure describes implementations 
of a digital signal reproduction device for determining a sec 
tion containing human Voice with a smaller amount of com 
putation. The present disclosure also describes implementa 
tions of a digital signal compression device for generating a 
bit stream for which it is easier to determine a section con 
taining human Voice. 
0008. An example digital signal reproduction device 
according to the present disclosure includes an audio decoder 
configured to decode an audio bit stream to output a resulting 
audio signal, an audio bit stream analyzer configured to ana 
lyze whether or not the audio bit stream contains human 
Voice, a playback speed determiner configured to determine a 
playback speed based on a result of the analysis by the audio 
bit stream analyzer, and a variable speed reproducer config 
ured to receive the audio signal and reproduce an audio signal 
corresponding to the playback speed determined by the play 
back speed determiner. 
0009. As a result, it is determined whether or not speech is 
contained, directly based on the audio bit stream before 
decoding, whereby the amount of computation required to 
determine whether or not speech is contained can be reduced. 
0010. An example digital signal compression device 
according to the present disclosure includes an audio signal 
classifier configured to analyze each section having a prede 
termined length of an audio signal, and determine an index 
indicating how much a human Voice component is contained 
in the section of the audio signal, and an audio encoder 
configured to encode a section of the audio signal correspond 
ing to the index based on a linear prediction coding scheme 
for the index larger than a predetermined threshold, or a 
frequency domain coding scheme for the index Smaller than 
or equal to the predetermined threshold, and output resulting 
first encoded data. 
0011. As a result, the quality of encoding can be improved. 
Moreover, during a playback of the resulting encoded data, it 
can be easily determined whether or not speech is contained, 
only by analyzing the frequency at which the linear prediction 
coding scheme is used. 
0012. According to the present disclosure, in the example 
digital signal reproduction device, the amount of computation 
required to determine whether or not speech is contained in 
encoded data can be reduced. Also, during a playback of 
encoded data obtained in the example digital signal compres 
sion device, it can be easily determined whether or not speech 
is contained. Therefore, hearing of speech can be facilitated 
even during fast playback. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0013 FIG. 1 is a block diagram showing an example con 
figuration of a digital signal reproduction device according to 
a first embodiment of the present disclosure. 
0014 FIG. 2 is a block diagram showing an example con 
figuration of a digital signal compression device according to 
the first embodiment of the present disclosure. 
0015 FIG.3 is a block diagram showing a configuration of 
a first variation of the digital signal compression device of 
FIG 2. 
0016 FIG. 4 is a block diagram showing a configuration of 
a second variation of the digital signal compression device of 
FIG 2. 
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0017 FIG. 5 is a block diagram showing an example 
recorder system including the digital signal reproduction 
device of FIG. 1 and the digital signal compression device of 
FIG 2. 
0018 FIG. 6 is a block diagram showing an example con 
figuration of a digital signal reproduction device according to 
a second embodiment of the present disclosure. 
0019 FIG. 7 is a block diagram showing a configuration of 
a variation of the digital signal reproduction device of FIG. 6. 
0020 FIG. 8 is a diagram showing typical example com 
binations of the type(s) and number of pictures to be skipped 
and a playback speed. 

DETAILED DESCRIPTION 

0021 Embodiments of the present disclosure will be 
described hereinafter with reference to the accompanying 
drawings. In the drawings, the same or similar parts are iden 
tified by the same reference numerals or by reference numer 
als having the same last two digits. 
0022. As used herein, the term “speech” refers to human 
Voice, and the term "speech signal” refers to a signal mainly 
representing human Voice. As used herein, the term 'audio 
signal” refers to a signal which may represent any sounds, 
Such as Sounds produced by musical instruments, etc., in 
addition to human Voice. 
0023 Functional blocks described herein may be typically 
implemented by hardware. For example, functional blocks 
may be formed as a part of an integrated circuit (IC) on a 
semiconductor substrate. Here, ICs include large-scale inte 
grated (LSI) circuits, application-specific integrated circuits 
(ASICs), gate arrays, field programmable gate arrays (FP 
GAs), etc. Alternatively, all or a portion of functional blocks 
may be implemented by Software. For example, such func 
tional blocks may be implemented by a program being 
executed by a processor. In other words, functional blocks 
described herein may be implemented by hardware, software, 
or any combination thereof. 

First Embodiment 

0024 FIG. 1 is a block diagram showing an example con 
figuration of a digital signal reproduction device according to 
a first embodiment of the present disclosure. The digital sig 
nal reproduction device 100 of FIG. 1 includes an audio 
decoder 112, a variable speed reproducer 114, an audio bit 
stream analyzer 122, and a playback speed determiner 124. 
0025. The audio decoder 112 and the audio bit stream 
analyzer 122 receive an audio bit stream ABS. For example, 
the audio bit stream ABS is assumed to be a bit stream which 
is encoded using the advanced audio coding (AAC) scheme 
defined in the moving picture experts group (MPEG) stan 
dards (ISO/IEC13818-7). 
0026. A process of generating an audio bit stream by 
encoding an input audio signal using the AAC scheme will be 
briefly described. When an audio bit stream is generated, an 
input audio signal which is a pulse code modulation (PCM) 
signal is encoded by an appropriate encoding tool corre 
sponding to a property of the input audio signal. For example, 
when an input audio signal is a stereo signal, which includes 
an L-channel signal and an R-channel signal which contain 
similar frequency components, a tool. Such as “intensity Ste 
reo’ or “mid/side stereo coding (M/S) is used. 
0027. When an input signal has large temporal fluctua 

tions, a tool. Such as "block Switching” or “temporal noise 
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shaping (TNS) is used. In the AAC scheme, a time-domain 
signal is converted into a frequency-domain signal (fre 
quency signal) (frequency conversion), which is then 
encoded (frequency domain coding scheme). When an input 
signal has large temporal fluctuations, the tool “block Switch 
ing converts the input signal into a frequency-domain signal 
at shorter time intervals, thereby increasing the temporal 
resolution. When an input signal has large temporal fluctua 
tions, conversion to a frequency-domain signal is frequently 
performed by the tool “block switching.” The tool “TNS” is a 
predictive encoder for a frequency signal. When an input 
signal has large temporal fluctuations, the frequency signal is 
flat, and therefore, the compression ratio is more frequently 
increased by using the predictive encoder. 
0028 Because speech contains consonants and vowels 
which are repeatedly articulated for a considerably short time, 
there are large temporally fluctuations in speech. Therefore, 
an AAC encoder frequently uses “block switching” and 
“TNS' for speech signals. 
0029. The audio bit stream analyzer 122 analyzes whether 
or not the audio bit stream ABS contains human Voice. In this 
case, for example, the audio bit stream analyzer 122 analyzes 
the frequency at which an audio signal to be encoded has been 
predictively encoded and the frequency at which an audio 
signal to be encoded has been converted into a frequency 
domain signal, in each section having a predetermined length 
of the audio bit stream ABS. The frequency of predictive 
encoding is obtained based on, for example, a flag contained 
in the audio bit stream ABS which indicates that “TNS' has 
been performed. The frequency of conversion to a frequency 
domain signal is obtained based on, for example, a flag con 
tained in the audio bit streamABS which indicates that “block 
switching has been performed. The audio bit stream ana 
lyZer 122 outputs the obtained frequencies as analysis results 
to the playback speed determiner 124. 
0030 The audio decoder 112 decodes the input audio bit 
stream ABS, and outputs the resulting audio signal (PCM 
signal) to the variable speed reproducer 114. The details of 
decoding of a bit stream encoded using the AAC scheme are 
described in the MPEG standards, and the description thereof 
will not be given. 
0031. Next, the playback speed determiner 124 deter 
mines a playback speed based on the analysis results of the 
audio bit stream analyzer 122. In this case, for example, the 
playback speed determiner 124 determines a playback speed 
in each section based on the frequency at which an audio 
signal has been predictively encoded and the frequency at 
which an audio signal has been converted into a frequency 
domain signal. 
0032. If “block switching” and “TNS” are used at a fre 
quency higher than a predetermined threshold in a section, the 
playback speed determiner 124 determines that a large 
amount of speech signals is contained in the section, and 
determines a playback speed so that playback is performed at 
a relatively slow speed (e.g., 1.3.x speed, etc.) even during fast 
playback (e.g., a target average playback speed (also simply 
referred to as a target playback speed) is 2x speed). Other 
wise, the playback speed determiner 124 determines that a 
speech signal is not contained in the section, and determines 
a playback speed so that playback is performed at a speed 
(e.g., 3x or 4x speed if the target playback speed is 2x) higher 
than the target playback speed. 
0033. In order to more correctly determine whether or not 
speech is contained, analysis of the decoded PCM signal may 
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be performed in combination. For example, a conventional 
analysis technique may be used to determine whether or not 
speech is contained in the decoded PCM signal, and the 
criterion may be determined based on the analysis results of 
the audio bit stream analyzer 122. In this case, the result of the 
determination is more correct. 
0034. The variable speed reproducer 114 receives the 
audio signal output from the audio decoder 112 to reproduce 
an audio signal ASR corresponding to a playback speed deter 
mined by the playback speed determiner 124. The playback 
speed may be changed by any conventional technique, Such as 
shortening of a signal along the time axis, cross-fading, etc. 
0035. Thus, in the digital signal reproduction device of 
FIG. 1, it is determined whether or not speech is contained in 
an audio bit stream before decoding, whereby the amount of 
computation required to determine whether or not speech is 
contained can be reduced. 
0036 Note that the playback speed determiner 124 may 
determine a playback speed based on only one of the fre 
quency of “block switching” or the frequency of “TNS.” 
0037 Although it has been assumed that the input audio 

bit stream is a stream encoded using the AAC scheme, the 
present disclosure is not limited to this. For example, a stream 
encoded using an encoding scheme called "speech/audio 
integrated codec, which the MPEG Audio standards organi 
Zation has been studying and standardizing in recent years, is 
also suitable as the input bit stream. In the “speech/audio 
integrated codec. speech signals (human Voice) and the other 
audio signals (musical Sound, natural Sound) are encoded 
using respective Suitable encoding techniques, which are 
automatically selected. An encoded bit stream obtained as a 
result of encoding should contain information explicitly indi 
cating what encoding scheme has been used. In this case, by 
extracting Such information from a bit stream, the determina 
tion of whether or not speech is contained can be significantly 
facilitated. 
0038 Although, in FIG. 1, attention has been paid to the 
function of controlling the playback speed when a digital 
signal is reproduced, the configuration of FIG. 1 may have 
other functions. For example, the playback speed determiner 
124 may determine equalizing characteristics or spatial 
acoustic characteristics based on the analysis results of the 
audio bit stream analyzer 122. The variable speed reproducer 
114 may have a function of achieving the determined equal 
izing characteristics or spatial acoustic characteristics. For 
example, the variable speed reproducer 114 may use a filter 
for increasing the clarity of a speech band (a pitch frequency 
band or a formant frequency band) if an input signal is of 
speech, or a filter for extending spatial acoustic characteris 
tics if an input signal is of multi-channel musical sound. 
0039 FIG. 2 is a block diagram showing an example con 
figuration of a digital signal compression device according to 
the first embodiment of the present disclosure. The digital 
signal compression device 200 of FIG. 2 includes an audio 
signal classifier 254, a first controller 262, a predictive 
encoder 264, a frequency conversion encoder 266, and a 
second controller 272. The first controller 262, the predictive 
encoder 264, and the frequency conversion encoder 266 form 
an audio encoder 260. 
0040. Initially, the audio signal classifier 254 analyzes 
each section having a predetermined length of an input audio 
signal ASG to determine an index R indicating how much 
speech (human Voice) components are contained in the audio 
signal, and outputs the index R to the first controller 262. This 
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may be performed using any conventional technique. For 
example, this may be performed based on the intensity of a 
signal in the formant frequency band (the upper end of which 
is about 3 kHz or lower) of speech, temporal fluctuations in 
the signal intensity, or whether or not a signal having a pre 
determined intensity or more is present in the pitch frequency 
band of speech. 
0041. The first controller 262 determines which of the 
encoders (264 and 266) is used to encode the audio signal 
ASG, based on the index R output from the audio signal 
classifier 254. Specifically, if the index R is larger than a 
predetermined threshold (a large amount of human Voice 
components is contained), the first controller 262 determines 
that the predictive encoder 264 is used to encode a section 
corresponding to the index R of the audio signal ASG. When 
the index R is smaller than or equal to the predetermined 
threshold (the amount of human Voice components contained 
is not very large), the first controller 262 determines that the 
frequency conversion encoder 266 is used to encode the sec 
tion corresponding to the index R of the audio signal ASG. 
The first controller 262 outputs the audio signal ASG to the 
determined encoder (264 or 266). 
0042. The predictive encoder 264 predictively encodes the 
audio signal output from the first controller 262, and outputs 
the resulting encoded data to the second controller 272. In the 
linear prediction coding scheme, speech (human Voice) is 
separated into Sound source components and prediction coef 
ficients (acoustic characteristic coefficients), which are then 
separately compressed (encoded). Here, the linear prediction 
coding scheme may be an encoding scheme for speech, such 
as G.729 etc. defined in the international telecommunication 
union-telecommunication sector (ITU-T), or AMR-NB, 
AMR-WB, etc. defined in the third generation partnership 
project (3GPP). 
0043. The frequency conversion encoder 266 encodes the 
audio signal output from the first controller 262 using the 
frequency domain coding scheme, and outputs the resulting 
encoded data to the second controller 272. In the frequency 
domain coding scheme, an input audio signal is converted 
into a frequency-domain signal by modified discrete cosine 
transform (MDCT), quadrature mirror filters (QMF), etc., 
and the frequency-domain signal is compressed (encoded), 
where each frequency component thereof is weighted. Here, 
the frequency domain coding scheme is, for example, an 
encoding scheme for audio defined in AAC or high-efficiency 
advanced audio coding (HE-AAC). 
0044) The second controller 272 generates the audio bit 
stream ABS from the encoded data generated by the predic 
tive encoder 264 or the frequency conversion encoder 266, 
and outputs the audio bit stream ABS. 
0045. In the digital signal compression device 200 of FIG. 
2, when a bit stream is generated (encoded), it is analyzed 
how much speech components are contained in each section 
having a predetermined length of an audio signal, and based 
on the result, an encoding scheme is determined. Therefore, 
the quality of encoding can be improved. Moreover, during a 
playback of the generated encoded data, it can be easily 
determined whether or not speech is contained for each sec 
tion, by only analyzing the frequency at which the linear 
prediction coding scheme is used. 
0046. In the digital signal compression device 200 of FIG. 
2, the entire band of the input audio signal ASG is encoded by 
one of the linear prediction coding scheme or the frequency 
domain coding scheme. However, the present disclosure is 
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not necessarily limited to this. For example, in view of the fact 
that main frequency components of a speech signal are con 
centrated in a low frequency band, the Switching of encoding 
schemes depending on whether or not speech is contained 
may be limited to low frequency components. In this case, for 
example, high frequency components may be encoded by 
spectral band replication (SBR), which is a band extension 
technique defined in the AAC+SBR scheme (ISO/IEC14496 
3) of the MPEG standards. 
0047 FIG.3 is a block diagram showing a configuration of 
a first variation of the digital signal compression device 200 of 
FIG. 2. The digital signal compression device of FIG. 3 
includes the digital signal compression device 200 of FIG. 2, 
a low frequency component extractor 352, a high frequency 
component encoder 356, and a multiplexer 374. 
0048. Initially, the low frequency component extractor 
352 extracts a low frequency band signal from the input audio 
signal ASG, and outputs the low frequency band signal to an 
audio signal classifier 354 and a first controller 362. The 
extraction may be performed using a low-pass filter, or by 
converting, into a time-domain signal, a low frequency com 
ponent of a signal converted into a frequency-domain signal. 
The high frequency component encoder 356 encodes a high 
frequency component of the input audio signal ASG using a 
band extension technique, and outputs the resulting encoded 
data. The band extension technique may be, for example, 
SBR defined in the AAC+SBR scheme (ISO/IEC14496-3) of 
the MPEG standards. 
0049. The digital signal compression device 200 is similar 
to that of FIG. 2, except that an output signal of the low 
frequency component extractor 352 is input, and therefore, 
the description thereofwill not be given. The multiplexer 374 
multiplexes an audio bit stream output from a second control 
ler 372 with encoded data output from the high frequency 
component encoder 356 to generate the audio bit stream ABS, 
and outputs the audio bit stream ABS. 
0050 Thus, because main frequency components of 
human Voice are concentrated in a low frequency region, the 
digital signal compression device of FIG. 3 encodes only a 
low frequency component(s) of the input audio signal ASG 
using a linear prediction coding scheme. Therefore, com 
pared to the digital signal compression device of FIG. 2, the 
quality of encoding can be further improved. Moreover, dur 
ing a playback of the encoded data, it can be easily determined 
whether or not speech is contained in each section, by only 
analyzing low frequency region data of a bit stream. 
0051 FIG. 4 is a block diagram showing a configuration of 
a second variation of the digital signal compression device 
200 of FIG. 2. The digital signal compression device of FIG. 
4 is different from that of FIG. 3 in that a multiplexer 474 is 
provided instead of the multiplexer 374. The multiplexer 474 
multiplexes an index R determined by the audio signal clas 
sifier 254 or the encoded index R, with an audio bit stream 
output from the second controller 272 and an encoded data 
output from the high frequency component encoder 356, and 
outputs the result as the audio bit stream ABS. 
0052. As a result, during a playback of a bit stream, it can 
be more correctly determined how much speech components 
are contained in each section. The input audio signal ASG 
may not be necessarily simply divided into sections which 
contain speech and sections which do not contain speech. 
Therefore, if the reproduction device can know the index R 
based on which the determination has been performed, the 
quality of reproduction can be further improved. For 
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example, if the index R has a considerably large value, it is 
determined that the audio signal ASG contains Substantially 
only speech components, and therefore, a reproduction pro 
cess Suitable for speech (e.g., emphasis of speech-band com 
ponents, etc.) may be performed. Conversely, if the index R 
has a considerably small value, it is determined that the audio 
signal ASG does not contain speech, and therefore, a repro 
duction process Suitable for audio (e.g., production of rich 
Sound by emphasizing deep bass or a high-frequency signal, 
etc.) may be performed. If the index R has an intermediate 
value, both of the processes may be performed when neces 
Sary. 
0053 FIG. 5 is a block diagram showing an example 
recorder system including the digital signal reproduction 
device of FIG. 1 and the digital signal compression device of 
FIG. 2. The recorder system of FIG. 5 includes the digital 
signal reproduction device 100 of FIG. 1, the digital signal 
compression device 200 of FIG. 2, and a bit stream storage 
502. The bit stream storage 502 may be any storage medium 
that can store data, such as a DVD, a BD, a compact disc 
(CD), an HDD, a memory card, etc. Also, the bit stream 
storage 502 and the digital signal reproduction device 100 of 
FIG. 1 may be integrated together. 

Second Embodiment 

0054 FIG. 6 is a block diagram showing an example con 
figuration of a digital signal reproduction device according to 
a second embodiment of the present disclosure. The digital 
signal reproduction device of FIG. 6 includes an audio 
decoder 612, an audio buffer 613, a variable speed reproducer 
614, a video decoding controller 616, an audio bit stream 
analyzer 622, a playback speed determiner 624, an audio/ 
visual (AV) data storage 632, a stream demultiplexer 634, a 
video buffer 636, and a video decoder 638. 
0055. The AV data storage 632 stores a bit stream in which 
a video bit stream and an audio bit stream are multiplexed. 
The AV data storage 632 outputs the bit stream as an AV bit 
stream AVS to the stream demultiplexer 634. The stream 
demultiplexer 634 separates the AV bit stream AVS into a 
video bit stream VBS and an audio bit stream ABS, and 
outputs the video bit stream VBS to the video buffer 636 and 
the audio bit stream ABS to the audio decoder 612 and the 
audio bit stream analyzer 622. 
0056. The audio decoder 612, the variable speed repro 
ducer 614, the audio bit stream analyzer 622, and the play 
back speed determiner 624 are similar to the corresponding 
ones of FIG. 1, and therefore, the description thereof will not 
be given. The audio buffer 613 stores an audio signal output 
from the audio decoder 612, and outputs the audio signal to 
the variable speed reproducer 614. 
0057 The video buffer 636 stores the video bit stream 
VBS and outputs the video bit stream VBS to the video 
decoder 638. The video decoding controller 616 determines a 
decoding process of the video bit stream VBS so that video is 
reproduced at a speed corresponding to a playback speed 
determined by the playback speed determiner 624. The video 
decoder 638 decodes a video bit stream output from the video 
buffer 636 based on the result of the determination by the 
Video decoding controller 616, and outputs the resulting 
video signal VSR. 
0.058 Operation of the digital signal reproduction device 
thus configured of FIG. 6 will be described in detail herein 
after. It is assumed that the AV data storage 632 stores a bit 
stream in which a video bit stream conforming to MPEG-2 
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video (ISO/IEC 13818-2) and an audio bit stream conforming 
to MPEG-2 AAC (ISO/IEC13818-7) are multiplexed in the 
MPEG-2 transport stream (TS) format (ISO/IEC13818-1). 
005.9 MPEG-2 video is a moving image compression 
scheme which uses inter-frame prediction. In this scheme, 
pictures included in a video signal are divided into three 
types, I-pictures, P-pictures, and B-pictures, depending on 
the prediction technique. An I-picture is a picture from which 
reproduction of a moving image is started, and can be repro 
duced independently. A P-picture cannot be reproduced with 
out an I-picture and a P-picture preceding in time, and has a 
Smalleramount of data to be encoded than that of an I-picture. 
A B-picture cannot be reproduced without I-pictures and 
P-pictures preceding and following in time, and has a smaller 
amount of data to be encoded than those of an I-picture and a 
P-picture. 
0060 For example, in digital broadcasts, I-, P-, and B-pic 
tures are typically combined and displayed in the order of 
IBBPBBPBBPBBPBB, taking into consideration the balance 
between the image quality and the amount of data to be 
encoded, where I represents an I I-picture, P represents a 
P-picture, and B represents a B-picture. In order to enable 
reproduction of video to start from a midpoint of a bit stream, 
an I-picture typically appears at intervals of about 0.5 sec. In 
digital broadcasts, typically, 30 frames are transmitted per 
sec, and one frame contains one picture. In this case, 15 
pictures are transmitted for 0.5 sec, and pictures are typically 
arranged as repetitions of IBBPBBPBBPBBPBB (IPBB ...). 
0061 MPEG-2 TS is a bit stream in which a video bit 
stream and an audio bit stream which are typically used in 
digital broadcasts etc. are multiplexed. In this stream, packets 
obtained by dividing a video bit stream and an audio bit 
stream into segments having a fixed length are alternately 
arranged in time. In general, the amount of data to be encoded 
of a video bit stream is larger than that of an audio bit stream. 
Therefore, for example, a bit stream of MPEG-2TS contains 
Video packets (represented by V) and audio packets (repre 
sented by A), which are arranged in the order of 
AVVVVVVAVVVVVV. 

0062 Initially, the stream demultiplexer 634 extracts 
video packets (V) from a bit stream having the MPEG-2 TS 
format input from the AV data storage 632, joins the extracted 
packets together, and outputs the resulting packets to the 
video buffer 636. The stream demultiplexer 634 also extracts 
audio packets (A), joins the extracted packets together, and 
outputs the resulting packets to the audio bit stream analyzer 
622 and the audio decoder 612. 

0063 Here, for example, it is assumed that the playback 
speed determiner 624 determines that the playback speed is 
3x. In this case, in order to reproduce audio and video in 
synchronization with each other, not only audio but also video 
need to be reproduced at 3x speed. However, in digital broad 
casts, it is necessary to deal with a large amount of video data 
(e.g., high-definition (HD) video (one frame including 1920x 
1080 pixels)). Therefore, a simple calculation shows that if 
decoding and reproduction are performed at 3x speed, the 
amount of computation is also triple, which is not practical. 
As described above, digital broadcasts typically have a pic 
ture arrangement, such as IBBPBBPBBPBBPBB. Therefore, 
for example, if decoding of B-pictures is skipped, and only 
I-pictures and P-pictures are decoded to reproduce images, 
only 5 of 15 pictures are decoded. Therefore, the playback 
speed can be tripled. 
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0064. Thus, the video decoding controller 616 determines 
which of the pictures is to be skipped and which of the 
pictures is to be reproduced, based on the playback speed 
determined by the playback speed determiner 624, and noti 
fies the video decoder 638 of these pictures. The video 
decoder 638 decodes a video bit stream based on the results of 
the determination by the video decoding controller 616, and 
outputs the resulting video signal. 
0065 However, a buffer is required in order to output a 
Video signal and a speech signal perfectly synchronously with 
each other. As described above, the video picture arrangement 
has the order of IBBPBBPBBPBBPBBPBB, but this is not 
the order of encoding. A B-picture is used to predict a P-pic 
ture following in time, and therefore, the order of encoding is 
IPBBPBBPBBPBBPBB. That is, a P-picture precedes a 
B-picture. Thus, in a bit stream, pictures are arranged in the 
order which is different from that in which the pictures are 
actually reproduced. Therefore, in the MPEG-2 TS format, 
although audio packets and video packets are multiplexed 
equally in time, multiplexed video precedes multiplexed 
audio in time if attention is paid to a specific picture. 
0066. There is a delay time between when an audio bit 
stream is separated by the stream demultiplexer 634 and when 
a playback speed is determined by the playback speed deter 
miner 624. In other words, stream separation and video 
decoding precede the determination of the playback speed. 
0067. For the above two reasons, if a video bit stream 
separated by the stream demultiplexer 634 is immediately 
decoded by the video decoder 638, video decoding corre 
sponding to audio is already completed before the playback 
speed determiner 624 determines a playback speed. There 
fore, a picture cannot be skipped in the intended manner. 
0068. Therefore, as shown in FIG. 6, the video buffer 636 
is provided between the stream demultiplexer 634 and the 
video decoder 638 to store a video bit stream. After a video bit 
stream is stored in the video buffer 636 and the playback 
speed determiner 624 determines a playback speed, the video 
decoder 638 is caused to be ready to start the process. In this 
case, the video buffer 636 needs to have at least a capacity 
corresponding to a bit stream corresponding to a number of 
preceding encoded P-pictures (in this example, two P-pic 
tures preceding in time have been encoded) and the delay time 
until a playback speed is determined. 
0069. In the MPEG-2TS format, a video bit stream and an 
audio bit stream are multiplexed with appropriate timing so 
that a video signal and a speech signal can be output synchro 
nously with each other. In the configuration of FIG. 6, if only 
the video signal is delayed by the video buffer 636, the speech 
signal may precede the video signal, so that the speech signal 
and the video signal may not be output synchronously with 
each other. Therefore, the audio buffer 613 may be provided 
in a stage following the audio decoder 612, whereby the 
output of the speech signal can be delayed, so that the video 
signal and the speech signal are output synchronously with 
each other. 
(0070 While, in the configuration of FIG. 6, the audio 
buffer 613 is provided in a stage following the audio decoder 
612, the audio buffer 613 may be provided in a stage preced 
ing the audio decoder 612 or in a stage following the variable 
speed reproducer 614. In other words, the speech signal may 
be delayed based on the video signal. 
0071. In the configuration of FIG. 6, the playback speed 
determiner 624 determines a playback speed based on the 
result of analysis of a bit stream by the audio bit stream 
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analyzer 622. The method of determining a playback speed is 
not limited to this. For example, speech data may be analyzed 
based on the decoding result of the audio decoder 612 to 
detect a speech section, and based on the detection result, a 
playback speed may be determined. 
0072. In FIG. 6, the video buffer 636 and the audio buffer 
613 are required. The required sizes of the two buffers depend 
on how much video decoding needs to be delayed. In the 
above picture arrangement, video decoding needs to be 
delayed by 2-3 frames or more. The playback speed is not 
immediately determined, but is inherently determined based 
on a relationship between sections preceding and following 
speech, Such as the ratio of speech sections or non-speech 
sections, etc. Therefore, a delay time occurs until the deter 
mination of a playback speed. In this case, if the delay time is 
set to be large, the playback speed can be more appropriately 
determined. For example, the playback speed may be 
adjusted based on the duration of a speech section. Also, for 
example, even if a non-speech section temporarily occurs, but 
a speech section follows immediately after the non-speech 
section, the playback speed during the non-speech section 
may be set to be the same as that during the speech section. 
0073. It is assumed that a delay time caused by the picture 
arrangement, a delay time until the determination of a play 
back speed, etc. are each about one second. In this case, the 
required size of the video buffer 636 is, for example, about 20 
Mbits in the case of digital broadcasts. The required size of 
the audio buffer 613 is, for example, about 3.92 Mbits (=48 
kHZX16 bitsx5.1 channels) when the audio buffer 613 is 
provided in a stage following the audio decoder 612. If the 
accuracy of the playback speed is increased, a delay of several 
seconds is required instead of one second, the increase in the 
capacities of the video buffer 636 and the audio buffer 613 
may not be acceptable in terms of cost. Therefore, these 
buffers may not be used. 
0074 FIG. 7 is a block diagram showing a configuration of 
a variation of the digital signal reproduction device of FIG. 6. 
The digital signal reproduction device of FIG. 7 includes an 
audio decoder 712, a variable speed reproducer 714, a video 
decoding controller 716, a first stream demultiplexer 721, an 
audio bit stream analyzer 722, a playback speed determiner 
724, an AV data storage 732, a second stream demultiplexer 
734, and a video decoder 738. 
0075. The first stream demultiplexer 721 separates an 
audio bit stream from a multiplexed AV bit streamAVS1, and 
outputs the audio bit stream. The audio bit stream analyzer 
722 analyzes whether or not the audio bit stream ABS1 sepa 
rated by the first stream demultiplexer 721 contains human 
voice. The second stream demultiplexer 734 separates an AV 
bit streamAVS2 obtained by delaying the AV bit streamAVS1 
into an audio bit stream and a video bit stream, and outputs the 
audio bit stream and the video bit stream. The audio decoder 
712 decodes the audio bit stream ABS2 separated by the 
second stream demultiplexer 734. 
0076 Operation of the digital signal reproduction device 
of FIG. 7 will be described in detail hereinafter. Initially, the 
first stream demultiplexer 721 extracts audio packets from the 
bit stream AVS1 having the MPEG-2TS format stored in the 
AV data storage 732, joins the extracted packets together, and 
outputs the resulting packets as the audio bit stream ABS1 to 
the audio bit stream analyzer 722. The first stream demulti 
plexer 721 abandons video packets. 
0077. The audio decoder 712, the variable speed repro 
ducer 714, the audio bit stream analyzer 722, and the play 
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back speed determiner 724 are similar to the corresponding 
ones of FIG. 1, and the video decoding controller 716 and the 
video decoder 738 are similar to the corresponding ones of 
FIG. 6, and therefore, the description thereof will not be 
given. 
0078 Next, the second stream demultiplexer 734 reads, as 
the bit streamAVS2, the bit streamAVS1 having the MPEG-2 
TS format stored in the AV data storage 732, which is the 
same as that described above, again after a predetermined 
period of time has elapsed, and next, extracts video packets, 
joins the extracted packets together, and outputs the resulting 
packets as the video bit stream VBS to the video decoder 738. 
The second stream demultiplexer 734 also similarly extracts 
audio packets, joins the extracted packets together, and out 
puts the resulting packets as the audio bit stream ABS2 to the 
audio decoder 712. 
(0079. The digital signal reproduction device of FIG. 7 is 
different from that of FIG. 6 in that the playback speed deter 
miner 724 determines a playback speed before video decod 
ing, and therefore, a video buffer is not required. Also, a delay 
does not occur in a video signal, and therefore, an audio buffer 
is not required. 
0080. The first stream demultiplexer 721 and the second 
stream demultiplexer 734 operate in parallel with respect to 
the same AV bit stream. Initially, the first stream demulti 
plexer 721 starts processing the bit stream AVS1 before the 
second stream demultiplexer 734 starts processing the bit 
stream AVS2 obtained by delaying the bit stream AVS1. 
I0081. Note that, in the device of FIG.7, a period of time by 
which the operation of the first stream demultiplexer 721 
precedes the operation of the second stream demultiplexer 
734 is the sum of two frames or more because of the nature of 
frame prediction in video encoding and the process delay 
time of the playback speed determiner 724 (depending on the 
accuracy of a playback speed), similar to the video buffer in 
the device of FIG. 6. If the time period of the preceding 
operation is excessively short, a problem with timing of 
reproduction of video or speech arises (e.g., the playback 
speed is not yet determined, etc.). Therefore, the time period 
of the preceding operation needs to be carefully determined. 
Unlike the case of FIG. 6, if the time period of the preceding 
operation is excessively long, the buffer size is not affected, 
but it should be noted that a buffer for storing information 
about the playback speed determined by the playback speed 
determiner 724 is required. Moreover, it should be noted that 
a delay time increases between when the playback speed is 
changed and when the change is actually reflected on the 
output of a video signal or a speech signal. It is necessary to 
set the time period of the preceding operation to an appropri 
ate time in view of the above points. 
I0082 In the configuration of FIG. 7, the playback speed 
determiner 724 determines a playback speed based on the 
result of analysis of a bit stream by the audio bit stream 
analyzer 722. The method of determining a playback speed is 
not limited to this. For example, an audio bit stream output 
from the first stream demultiplexer 721 may be decoded, the 
resulting speech data may be analyzed to detect a speech 
section, and based on the result of detection of a speech 
section, a playback speed may be determined. 
I0083. In the configuration of FIG. 7, the first stream 
demultiplexer 721 and the second stream demultiplexer 734 
are assumed to operation simultaneously. Alternatively, a 
single stream demultiplexer may operate as two stream 
demultiplexers in a time-division manner. 
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0084. While, in the digital signal reproduction devices of 
FIGS. 6 and 7, an example has been described in which the 
playback speed is 3x, the playback speed may have other 
values. As described above, in digital broadcasts, the pictures 
a typically arranged aS repetitions of 
IBBPBBPBBPBBPBB (IBBP...). Therefore, a technique of 
achieving a playback speed other than 3x will be described 
using the repeating unit of 15 pictures. 
I0085. In MPEG-2 video, if decoding of an I-picture is 
skipped, P- and B-pictures for which the I-picture is required 
for prediction cannot be decoded. If decoding of a P-picture is 
skipped, P- and B-pictures following that P-picture for which 
that P-picture is required for prediction cannot be decoded. 
Even if decoding of a B-picture is skipped, decoding of the 
other pictures is not affected. These properties can be utilized. 
For example, as described below, if decoding of four B-pic 
tures is skipped, 1.5x speed is obtained. If decoding of all 
(eight) B-pictures is skipped, 3x speed is obtained. If decod 
ing of all (eight) B-pictures and all (four) P-pictures is 
skipped, 15x speed is obtained. These cases are represented 
by the following sequences of letters representing the pic 
tures. 

I B B P B B P B B P B B P B B I 
I B P B P B P B P B I 
I P P P P I 
I I 

I0086. If pictures to be skipped are more finely controlled, 
the playback speed can be changed to other values. FIG. 8 is 
a diagram showing typical example combinations of the type 
(s) and number of pictures to be skipped and a playback 
speed. In the example of FIG. 8, 12 playback speeds are 
obtained. While, in this embodiment, picture skipping is con 
trolled in units of 15 frames, a larger number of different 
playback speeds can be obtained by controlling picture skip 
ping in other units (e.g., 6 frames, 30 frames, etc.). The video 
decoding controllers 616 or 716 determines the number of 
frames contained in the picture skipping control unit and the 
type(s) and number of pictures to be skipped so that video is 
reproduced at a speed corresponding to the playback speed 
determined by the playback speed determiner 624 or 724. 
0087. Note that a pattern of pictures to be decoded is 
determined so that an unnatural moving image is not pro 
duced. By using Such a picture pattern which reduces or 
avoids an unnatural moving image, and further, thinning or 
repeating frames, the video playback speed is caused to match 
the audio playback speed. 
0088. In this embodiment, the playback speed is deter 
mined, assuming that the time required to skip a picture is 
Zero. Actually, when a picture is skipped, it takes a time to 
read the bit stream to find the head of the next picture. 
Although it is considered that the time required to skip a bit 
stream corresponding to one picture is sufficiently smaller 
than the decoding time, a non-negligible delay time occurs if 
a large number of pictures are skipped. The time required to 
skip apicture depends on the size of a bit stream to be skipped. 
In the MPEG-2 video, pictures do not have a fixed size, and 
therefore, the maximum size needs to be taken into consider 
ation. Here, a playback speed which is recalculated on the 
assumption that the time required to skip a picture is /s of the 
decoding time, is shown as a virtual playback speed in FIG. 8. 
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I0089. In this embodiment, pictures are arranged in the 
order of IBBPBBPBBPBBPBB. Any picture arrangement 
which enables skipping of decoding of at least one picture 
may be used to achieve similar reproduction. 
0090. In this embodiment, it has been assumed that video 
decoding can be invariably achieved at a playback speed 
determined by the playback speed determiner 624 or 724. 
However, a video signal may fail to be reproduced at a play 
back speed determined by the playback speed determiner 624 
or 724 in the following cases: the number of pictures which 
can be skipped is Smaller than what is assumed (e.g., the 
picture arrangement may be suddenly changed to IPPPPPP 
PPPPPPPP); and the time required to skip a picture is longer 
than what is assumed (in this embodiment, the time required 
to skip a picture is assumed to be /s of the decoding time, but 
may exceed it). In this case, decoding of a video signal has not 
been completed at the time when a speech signal is output, 
and therefore, the same video signal continues to be output. In 
order to quickly recover from Such a situation, if reproduction 
cannot be performed at a specified playback speed, a signal 
for slowing the current playback speed may be fed from the 
video decoding controller 638 or 738 back to the playback 

speed determiner 624 or 724 so that the video signal can be 
Subsequently reproduced at the specified playback speed. 
0091. In this embodiment, MPEG-2 video is used as an 
encoding scheme for video signals. Other moving image 
encoding schemes. Such as H.264 etc., may be similarly used 
if decoding of a picture can be skipped. 
0092. In this embodiment, MPEG-2 AAC is used as an 
encoding scheme for speech signals. Any other speech encod 
ing schemes may be similarly used. 
0093. In this embodiment, MPEG-2 TS is used as a mul 
tiplexing scheme for video and speech signals. In the con 
figuration of FIG. 6, any multiplexing schemes that combine 
and multiplex a video bit stream and an audio bit stream 
which are to be output at the same time may be similarly used. 
In the configuration of FIG. 9, any other multiplexing 
schemes, such as a multiplexing scheme which multiplexes 
Video bit streams and audio bit streams separately (e.g., 
MPEG-2 PS (ISO/IEC13818-1) etc.) etc., may be similarly 
used. 
0094. The many features and advantages of the present 
disclosure are apparent from the written description, and thus, 
it is intended by the appended claims to coverall such features 
and advantages of the present disclosure. Further, since 
numerous modifications and changes will readily occur to 
those skilled in the art, it is not desired to limit the present 
disclosure to the exact configurations and operations as illus 
trated and described. Hence, all suitable modifications and 
equivalents may be contemplated as falling within the scope 
of the present disclosure. 
0.095 As described above, according to the embodiments 
of the present disclosure, only a small amount of computation 
is required to determine whether or not human Voice is con 
tained, and the determination is facilitated. Therefore, the 
present disclosure is useful for digital signal reproduction 
devices, digital signal compression devices, etc. The present 
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disclosure is also useful for players and recorders for a BD, a 
DVD, an HDD, a memory card, etc. 
What is claimed is: 
1. A digital signal reproduction device comprising: 
an audio decoder configured to decode an audio bit stream 

to output a resulting audio signal; 
an audio bit stream analyzer configured to analyze whether 

or not the audio bit stream contains human Voice; 
a playback speed determiner configured to determine a 

playback speed based on a result of the analysis by the 
audio bit stream analyzer, and 

a variable speed reproducer configured to receive the audio 
signal and reproduce an audio signal corresponding to 
the playback speed determined by the playback speed 
determiner. 

2. The digital signal reproduction device of claim 1, 
wherein 

the audio bit stream analyzer analyzes a frequency of pre 
dictive encoding in each section having a predetermined 
length of the audio bit stream, and 

the playback speed determiner determines a playback 
speed for each section based on the frequency of predic 
tive encoding in the section. 

3. The digital signal reproduction device of claim 1, 
wherein 

the audio bit stream analyzer analyzes a frequency of con 
version to a frequency-domain signal in each section 
having a predetermined length of the audio bit stream, 
and 

the playback speed determiner determines a playback 
speed for each section based on the frequency of the 
conversion in the section. 

4. The digital signal reproduction device of claim 1, further 
comprising: 

a video decoding controller configured to determine a 
decoding process of a video bit stream so that video is 
reproduced at a speed corresponding to the playback 
speed determined by the playback speed determiner, and 
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a video decoder configured to decode the video bit stream 
based on a result of the determination by the video 
decoding controller. 

5. The digital signal reproduction device of claim 4, further 
comprising: 

a stream demultiplexer configured to separate a multi 
plexed bit stream into the audio bit stream and the video 
bit stream; 

a first buffer configured to store the video bit stream sepa 
rated by the stream demultiplexer and output the video 
bit stream to the video decoder; and 

a second buffer configured to store the audio signal output 
from the audio decoder and output the audio signal to the 
variable speed reproducer. 

6. The digital signal reproduction device of claim 4. 
wherein 

a stream demultiplexer configured to separate a multi 
plexed bit stream into the audio bit stream and the video 
bit stream; 

a first buffer configured to store the video bit stream sepa 
rated by the stream demultiplexer and output the video 
bit stream to the video decoder; and 

a second buffer configured to store the audio bit stream 
separated by the stream demultiplexer and output the 
audio bit stream to the audio decoder. 

7. The digital signal reproduction device of claim 4, further 
comprising: 

a first stream demultiplexer configured to separate a first 
audio bit stream from a multiplexed bit stream and out 
put the first audio bit stream; and 

a second stream demultiplexerconfigured to separate a bit 
stream obtained by delaying the multiplexed bit stream 
into a second audio bit stream and the video bit stream, 
wherein 

the audio bit stream analyzer analyzes whether or not the 
first audio bit stream contains human Voice, and 

the audio decoder decodes the second audio bit stream. 

k k k k k 
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