
METHODS AND SYSTEMS FOR TRANSFERRING MULTIMEDIA
CONTENT USING AN EXISTING DIGITAL SOUND TRANSFER
PROTOCOL TECHNICAL FIELD The present principles relate
generally to multimedia and, more particularly, to
methods and systems for transferring multimedia
content using an existing digital sound transfer
protocol. BACKGROUND Currently, the capabilities of
the second generation of the Global System for Mobile
Communications (GSM) in Europe and the Personal
Communications Service (PCS) in the United States with
respect to transferring multimedia content, including,
for example, video content, are limited due to the
difficulties encountered in accomplishing the same.
The Universal Mobile Telecommunications System (UMTS)
provides one solution for transferring multimedia
content using a telephony network, but also includes
at least one significant disadvantage. Namely, the
cost is very high for each operator and, consequently,
for the client as well. Hence, UMTS is too expensive.
This is the main reason which motivates operators in
mobile telephony to search for less expensive
alternatives for transferring multimedia content over
a mobile telephony network. SUMMARY These and other
drawbacks and disadvantages of the prior art are
addressed by the present principles, which are
directed to methods and systems for transferring 



multimedia content using an existing digital sound
transfer protocol.According to an aspect of the
present principles, there is provided a system for
processing multimedia content for transfer over one or
more networks. The system includes a transformation
device and a reconstruction device. The transformation
device is for transforming a multimedia file into a
sound file for subsequent transfer over the one or
more networks using an existing digital sound transfer
protocol. The multimedia file represents the
multimedia content. The reconstruction device is for
reconstructing the multimedia content from the sound
file, after the sound file has been transferred.
According to another aspect of the present principles,
there is provided a method for processing multimedia
content for transfer over one or more networks. The
method includes transforming a multimedia file into a
sound file for subsequent transfer over the one or
more networks using an existing digital sound transfer
protocol. The multimedia file represents the
multimedia content. The method further includes
reconstructing the multimedia content from the sound
file, after the sound file has been transferred.
According to yet another aspect of the present
principles, there is provided a computer program
product comprising a computer usable medium having
computer usable program code for processing multimedia
content for transfer over one or more networks. The
computer program product includes computer usable
program code for transforming a multimedia file into a
sound file for subsequent transfer over the one or
more networks using an existing digital sound transfer
protocol. The multimedia file represents the
multimedia content. The computer program product 



further includes computer usable program code for
reconstructing the multimedia content from the sound
file, after the sound file has been
transferred.According to still another aspect of the
present principles, there is provided a system for
transferring multimedia content. The system includes a
transformation device, one or more networks, and a
reconstruction device. The transformation device is
for transforming a multimedia file into a sound file
for subsequent transfer. The multimedia file
represents the multimedia content. The one or more
networks have an existing digital sound transfer
protocol. The reconstruction device is for
reconstructing the multimedia content from the sound
file, after the sound file has been transferred. The
sound file is transferred from the transformation
device to the reconstruction device over the one or
more networks using the existing digital sound
transfer protocol. According to a further aspect of
the present principles, there is provided a method for
transferring multimedia content. The method includes
transforming a multimedia file into a sound file. The
multimedia file represents the multimedia content. The
method further includes transferring the sound file
over one or more networks using an existing digital
sound transfer protocol of at least one of the at
least one network. The method also includes
reconstructing the multimedia content from the sound
file, after the sound file has been transferred. These
and other aspects, features and advantages of the
present principles will become apparent from the
following detailed description of exemplary
embodiments, which is to be read in connection with
the accompanying drawings. BRIEF DESCRIPTION OF THE
DRAWINGS 



The present principles may be better understood in
accordance with the following exemplary figures, in
which:FIG. 1 is a block diagram illustrating a
computer processing system 100 to which the present
principles may be applied, according to an embodiment
of the present principles; FIG. 2 is a block diagram
for an exemplary system 200 for transferring
multimedia content using an existing digital sound
transfer protocol, in accordance with an embodiment of
the present principles; FIG. 3 is a block diagram for
another exemplary system 300 for transferring
multimedia content using an existing digital sound
transfer protocol, in accordance with an embodiment of
the present principles; FIG. 4 is a flow diagram for
an exemplary method 400 for transferring multimedia
content using an existing digital sound transfer
protocol, in accordance with an embodiment of the
present principles; FIG. 5 is a flow diagram for an
exemplary method 500 for transforming a multimedia
file into a sound file, in accordance with an
embodiment of the present principles; and FIG. 6 is a
flow diagram for an exemplary method 600 for
reconstructing a multimedia file from a sound file in
accordance with an embodiment of the present
principles. DETAILED DESCRIPTION The present
principles are directed to methods and systems for
transferring multimedia content using an existing
digital sound transfer protocol. 



The present description illustrates the present
principles. It will thus be appreciated that those
skilled in the art will be able to devise various
arrangements that, although not explicitly described
or shown herein, embody the present principles and are
included within its spirit and scope.All examples and
conditional language recited herein are intended for
pedagogical purposes to aid the reader in
understanding the present principles and the concepts
contributed by the inventor(s) to furthering the art,
and are to be construed as being without limitation to
such specifically recited examples and conditions.
Moreover, all statements herein reciting principles,
aspects, and embodiments of the present principles, as
well as specific examples thereof, are intended to
encompass both structural and functional equivalents
thereof. Additionally, it is intended that such
equivalents include both currently known equivalents
as well as equivalents developed in the future, i.e.,
any elements developed that perform the same function,
regardless of structure. Thus, for example, it will be
appreciated by those skilled in the art that the block
diagrams presented herein represent conceptual views
of illustrative circuitry embodying the present
principles. Similarly, it will be appreciated that any
flow charts, flow diagrams, state transition diagrams,
pseudocode, and the like represent various processes
which may be substantially represented in computer
readable media and so executed by a computer or
processor, whether or not such computer or processor
is explicitly shown. The functions of the various
elements shown in the figures may be provided 



through the use of dedicated hardware as well as
hardware capable of executing software in association
with appropriate software. When provided by a
processor, the functions may be provided by a single
dedicated processor, by a single shared processor, or
by a plurality of individual processors, some of which
may be shared. Moreover, explicit use of the term
"processor" or "controller" should not be construed to
refer exclusively to hardware capable of executing
software, and may implicitlyinclude, without
limitation, digital signal processor ("DSP") hardware,
read-only memory ("ROM") for storing software, random
access memory ("RAM"), and non-volatile storage. Other
hardware, conventional and/or custom, may also be
included. Similarly, any switches shown in the figures
are conceptual only. Their function may be carried out
through the operation of program logic, through
dedicated logic, through the interaction of program
control and dedicated logic, or even manually, the
particular technique being selectable by the
implementer as more specifically understood from the
context. In the claims hereof, any element expressed
as a means for performing a specified function is
intended to encompass any way of performing that
function including, for example, a) a combination of
circuit elements that performs that function or b)
software in any form, including, therefore, firmware,
microcode or the like, combined with appropriate
circuitry for executing that software to perform the
function. The present principles as defined by such
claims reside in the fact that the functionalities
provided by the various recited means are combined and
brought together in the manner which the claims call
for. It is thus regarded that any means 



that can provide those functionalities are equivalent
to those shown herein. Reference in the specification
to "one embodiment" or "an embodiment" of the present
principles means that a particular feature, structure,
characteristic, and so forth described in connection
with the embodiment is included in at least one
embodiment of the present principles. Thus, the
appearances of the phrase "in one embodiment" or "in
an embodiment" appearing in various places throughout
the specification are not necessarily all referring to
the same embodiment.It is to be appreciated that the
use of the terms "and/or" and "at least one of, for
example, in the cases of "A and/or B" and "at least
one of A and B", is intended to encompass the
selection of the first listed option (A) only, or the
selection of the second listed option (B) only, or the
selection of both options (A and B). As a further
example, in the cases of "A, B, and/or C" and "at
least one of A, B, and C", such phrasing is intended
to encompass the selection of the first listed option
(A) only, or the selection of the second listed option
(B) only, or the selection of the third listed option
(C) only, or the selection of the first and the second
listed options (A and B) only, or the selection of the
first and third listed options (A and C) only, or the
selection of the second and third listed options (B
and C) only, or the selection of all three options (A
and B and C). This may be extended, as readily
apparent by one of ordinary skill in this and related
arts, for as many items listed. It is to be
appreciated that while various embodiments of the
present principles described herein relate to the use
of WAV files as one type of digital sound file to
which the present principles may be applied, it is to
be appreciated that the present principles are not
limited solely to the use of WAV files and, thus,
other 



types of digital sound files may also be used, while
maintaining the spirit of the present principles.
Preferably, the type of digital sound file used is a
lossless type of digital sound file, so that the
original content included in the multimedia file from
which the sound file is created may be preserved in
its entirety. Thus, in the case of WAV files, while a
non-PCM modulation technique may be used to generate
such WAV files, it is preferable to use Pulse Code
Modulation (PCM) modulation which may be configured to
provide such lossless capability. It is to be further
appreciated that as used herein, the term "multimedia"
refers to content or a file that includes at least two
different types of media that are directlyperceptible
to a user (such as video and/or data that is seen and
audio that is heard, versus, for example, data
(hereinafter referred to as "other data") such as, but
not limited to, side data that is not seen by a user,
but rather may act upon data that is seen by a user).
While it is to also be appreciated that the multimedia
file may include such other data and, further, that
the present principles are also readily capable of
dealing with such other data in the herein described
transformation and reconstruction processes, it is to
be appreciated that the "multi" aspect of the term
multimedia as used herein with respect to a
"multimedia file" is nonetheless directed to the
transformation of at least two different types of data
that are directly perceptible to a user. Hence, the
present principles are particularly suited to movies,
for example, as represented by MPEG-2 and MPEG-4 AVC
files, as such movies will have a video component and
an audio component in the case of non-silent movies,
where both components are directly perceptible to a
user. Advertisements having a video component and an
audio component would also be particularly suited for
use 



in accordance with the present principles. As noted
above, the present principles are directed to methods
and systems for transferring multimedia content using
an existing digital sound transfer protocol. It is to
be appreciated that the file of the multimedia content
to be transferred can originally be of any form. For
example, a video sequence may be represented by, but
is not limited to, any of the following file formats:
audio video interleave (AVI); the International
Organization for Standardization/International
Electrotechnical Commission (ISO/IEC) Moving Picture
Experts Group-1 (MPEG-1) Standard; the ISO/IEC MPEG- 2
Standard, the International Telecommunication Union,
Telecommunication Sector (ITU-T) H.263 Recommendation;
the ISO/IEC MPEG-4 Part 2 Advanced VideoCoding (AVC)
Standard (hereinafter the "MPEG-4 Part 2 Standard");
the ISO/IEC MPEG-4 Part 10 Advanced Video Coding (AVC)
standard/ITU-T H.264 recommendation (hereinafter the
"MPEG-4 AVC standard"); and so forth An image may be
represented by, but is not limited to, any of the
following file formats: joint photographic experts
group (JPEG); JPG; JPE; JFIF; JIF; bitmap (BMP);
tagged image file format (TIFF); tagged image file
format/electronic photography (TIFF/EP); graphics
interchange format (GIF); portable network graphics
(PNG); and so forth. Data may be represented by, but
is not limited to, any of the following file formats:
text; RAR; portable document format (PDF); ZIP; ASCII,
and so forth. An illustrative overview of an exemplary
embodiment of the present principles will now be
described. However, it is to be appreciated that,
given the teachings of 



the present principles provided herein, one of
ordinary skill in this and related arts will
contemplate this and various other embodiments and
variations thereof, while maintaining the spirit of
the present principles. In the embodiment, the
multimedia content is input to a binary conversion
process that converts the multimedia content into
corresponding, representative binary values. The
binary data is then transformed into a digital sound
file using a transformation process as described in
further detail herein below. In an embodiment, the
sound file may be, but is not limited to, a WAV file.
In an embodiment, the WAV file has a frequency
represented by a variable hereinafter referred to as
"FS" (with the unit of measure in, e.g., Hertz) and a
number of bits represented by a variable hereinafter
referred to as "NBITS". The WAV file may be,for
example, a WAV file using a lossy modulation format, a
WAV file using a lossless modulation format (e.g.,
pulse code modulation (PCM)), and so forth. It is to
be appreciated that the transformation of a multimedia
file into a sound file is identical for all types of
multimedia files. That is, the transformation ignores
the nature and structure of the multimedia file.
Accordingly, a JPEG, MPEG-2 and RAR file is read in
the same way in order to obtain representative binary
values. In particular, in the case of files
corresponding to the MPEG-2 Standard or the MPEG-4 AVC
Standard, the synchronization between the video part
and the audio part is not changed during the
transformation, but is instead preserved. The WAV
file, which includes the digital sounds corresponding
to the above multimedia content, will be transferred
to the destination with an existing protocol 



used to carry digital sounds. When the WAV file having
the digital sounds is received, the multimedia content
may be recovered intact using a recovery process as
described in further detail herein below. In an
embodiment, the quality of the multimedia content that
is recovered is identical to the quality of the
multimedia content prior to the binary conversion.
That is, one or more embodiments of the present
principles provide a lossless way to transform,
transfer, and reconstruct the multimedia content. If
course, such absence of loss refers to aspects of the
present principles relating to transformation and
reconstruction of multimedia content with respect to a
sound file, and not to any compression initially
applied to the multimedia content such as, for
example, when the multimedia content that is input
into a system in accordance with the present
principles is already compressed such as in the case
of a file encoded in accordance with the MPEG-4 AVC
Standard.FIG. 1 is a block diagram illustrating a
computer processing system 100 to which the present
principles may be applied, according to an embodiment
of the present principles. It is to be appreciated
that the computer processing system 100 may be
implemented in another device. For example, in an
embodiment, the computer processing system 100 is
implemented in a mobile telephone. Of course, the
present principles are not limited to computer
processing systems implemented in mobile telephones
and, thus, the present principles may be implemented
in other devices while maintaining the spirit of the
present principles. For example, personal digital
assistants, tablets, e-books, and so forth are just
some of the types of devices 



that include a computer processing system to which the
present principles may be applied, while maintaining
the spirit of the present principles. The computer
processing system 100 includes at least one processor
(CPU) 102 operatively coupled to other components via
a system bus 104. A read only memory (ROM) 106, a
random access memory (RAM) 108, a display adapter 110,
an I/O adapter 112, a user interface adapter 114, a
sound adapter 170, and a network adapter 198, are
operatively coupled to the system bus 104. A display
device 116 is operatively coupled to system bus 104 by
display adapter 110. A storage device (e.g., a
magnetic or optical disk storage device) 118 is
operatively coupled to system bus 104 by I/O adapter
112. A keyboard 122 is operatively coupled to system
bus 104 by user interface adapter 114. The keyboard
122 is used to input and output information to and
from system 100. Of course, the computer processing
system 100 is not limited to solely keyboards with
respect to input devices and, thus, other input
devices may also be used, while maintaining the spirit
of the present principles.At least one speaker (herein
after "speaker") 185 is operatively coupled to system
bus 104 by sound adapter 170. A (digital and/or
analog) modem 196 is operatively coupled to system bus
104 by network adapter 198. The modem 196 is
preferably a wireless modem, such that the sound file
to be transferred may be so transferred wirelessly
using a wireless communication protocol. Preferably,
such wireless communication protocol is an existing
digital sound transfer protocol. It is to be
appreciated that the elements of the computer
processing system 



100 and the configurations of such elements thereof
are merely illustrative and, thus, implementations of
a computer processing system to which the present
principles may be applied are not limited to the
preceding elements and configurations. Thus, given the
teachings of the present principles provided herein,
one of ordinary skill in this and related arts will
contemplate this and various other elements and
corresponding arrangements, and variations thereof,
while maintaining the spirit of the present
principles. Accordingly, in other embodiments, one or
more elements may be omitted and/or one or more
elements may be added, and/or different configurations
of the elements may exist, all while maintaining the
spirit of the present principles. Turning to FIG. 2,
an exemplary system for transferring multimedia
content using an existing digital sound transfer
protocol is indicated generally by the reference
numeral 200. The system 200 includes a transformation
device 2 11 and a reconstruction device 251 . In an
embodiment, the transformation device 2 11 is disposed
in a transmitting device 210, and the reconstruction
device 251 is disposed in a receiving device 250.In an
embodiment, the transmitting device 210 and the
receiving device 250 are implemented as respective
mobile telephones. Of course, implementations of the
transmitting device 210 and the receiving device 250
are not limited to solely mobile telephones and, thus,
other types of devices may also be used, while
maintaining the spirit of the present principles. For
example, personal digital assistants, tablets,
e-books, and so forth are just some of the types of
devices to 



which the present principles may be applied, while
maintaining the spirit of the present principles.
Communications between the transmitting device 210 and
the reconstruction device 251 are performed over one
or more networks (hereinafter simply "network" for
brevity) 280. In the case when the transmitting device
210 and the receiving device 250 are implemented as
respective mobile telephones, any of the transmitting
device 210 and the receiving device 250 may include a
camera 262, a display 264, and a speaker 266. As an
example, the camera 262 in the receiving device 210
may be used to capture a video sequence from which the
multimedia file is generated. As an example, such
multimedia file may be an MPEG-2 file. The
transformation device 2 11 in the transmitting device
210 (e.g., the mobile telephone) may be used to
transform the MPEG-2 file into a sound file. The
reconstruction device 251 in the receiving device 250
may be used to reconstruct the sound file from the
MPEG-2 file after the sound file is transferred over
the network 280 using, for example, the existing
digital sound transfer protocol of the network 280.
The display device 264 in the receiving device 250 may
be used to display a video portion of the multimedia
content corresponding to the reconstructed multimedia
file (e.g., the reconstructed MPEG-2 file), and the
speaker 266 in the receiving device 250 may be used
toaudibly reproduce an audio portion of the multimedia
content corresponding to the reconstructed multimedia
file. It is to be appreciated that the elements and
arrangement thereof of the system 200 of FIG. 2 are
merely illustrative. Thus, given the teachings of the 



present principles provided herein, one of ordinary
skill in this and related arts will contemplate this
and various other elements and corresponding
arrangements, and variations thereof, while
maintaining the spirit of the present principles.
Accordingly, in other embodiments, one or more
elements may be omitted and/or one or more elements
may be added, and/or different configurations of the
elements may exist, all while maintaining the spirit
of the present principles. For example, while in the
embodiment shown and described with respect to FIG. 2
shows the transformation device 2 11 disposed in the
transmitting device 210 and the reconstruction device
251 disposed in the receiving device 250, in another
embodiment, the transformation device 2 11 may be
disposed separate from the transmitting device 210,
and the reconstruction device 251 may be disposed
separate from the receiving device 250, so that the
transformation device 2 11 and reconstruction device
251 are implemented as separate elements with respect
to the transmitting device 210 and the receiving
device 250. In such a case, the transformation device
2 11 is provided with the capability to provide the
transformed multimedia content (e.g., the WAV file) to
the transmitting device 2 10 for transmission, and the
reconstruction device 251 is provided with the
capability to receive the transformed multimedia
content from the receiving device 250. Moreover, in
yet another embodiment, it is to be appreciated that
the transformation device 2 11 may be included in a
device (e.g., a mobile phone, a PDA, an E-book, and so
forth) that, in turn, also includes the transmitting
device 210, and that thereconstruction device 251 may
each be included in another device, that, in turn,
also includes the receiving device 250. Given the
teachings of the present principles 



provided herein, these and other variations and
implementations of the elements of FIG. 2 are readily
contemplated by one of ordinary skill in this and
related arts, while maintaining the spirit of the
present principles. Turning to FIG. 3, another
exemplary system for transferring multimedia content
using an existing digital sound transfer protocol is
indicated generally by the reference numeral 300. The
system 300 includes a transformation device 3 11 and a
reconstruction device 351 . In an embodiment, the
transformation device 3 11 is disposed in a
transmitting device 310, and the reconstruction device
351 is disposed in a receiving device 350. In an
embodiment, the transmitting device 310 is implemented
as a multimedia server and the receiving device 350 is
implemented as a mobile telephone. Of course,
implementations of the transmitting device 310 and the
receiving device 350 are not limited to solely servers
and mobile telephones and, thus, other types of
devices may also be used, while maintaining the spirit
of the present principles. Communications between the
transmitting device 310 and the reconstruction device
351 are performed over one or more networks
(hereinafter simply "network" for brevity) 380. In the
case when the receiving device 350 is implemented as a
mobile telephone, the receiving device 350 may include
a display 364 and a speaker 366. The receiving device
350 may or may not also include a camera 362. The user
of 



the mobile telephone may place an order for, for
example, a movie that isrepresented as an MPEG-2 file.
The transformation device 3 11 in the transmitting
device 310 (e.g., the server) may be used to transform
the MPEG-2 file into a sound file. The reconstruction
device 351 in the receiving device 350 may be used to
reconstruct the MPEG-2 file from the sound file after
the sound file is transferred over the network 380
using, for example, the existing digital sound
transfer protocol of the network 380. The display
device 364 in the receiving device 350 may be used to
display a video portion of the multimedia content
corresponding to the reconstructed multimedia file
(e.g., the reconstructed MPEG-2 file), and the speaker
366 in the receiving device 350 may be used to audibly
reproduce an audio portion of the multimedia content
corresponding to the reconstructed multimedia file. It
is to be appreciated that the elements and arrangement
thereof of the system 300 of FIG. 3 are merely
illustrative. Thus, given the teachings of the present
principles provided herein, one of ordinary skill in
this and related arts will contemplate this and
various other elements and corresponding arrangements,
and variations thereof, while maintaining the spirit
of the present principles. Accordingly, in other
embodiments, one or more elements may be omitted
and/or one or more elements may be added, and/or
different configurations of the elements may exist,
all while maintaining the spirit of the present
principles. Turning to FIG. 4, an exemplary method for
transferring multimedia content using an existing
digital sound transfer protocol is indicated generally
by the reference numeral 400. It is to be appreciated
that while the method 400 of FIG. 4 is described with
respect to the elements of FIG. 2 for the sake of
illustration, it is 



equally applicable to the corresponding elements of
FIG. 3. At step 405, a multimedia file, representative
of multimedia content, is input to a transformation
device 2 11. In an embodiment, the multimedia file may
representone or more of, for example, data, images,
and video. Moreover, the multimedia file may be a
combination of, for example, audio and video. At step
410, the multimedia file is transformed into a sound
file using the transformation device 2 11. In an
embodiment, the sound file may be, for example, a WAV
file. At step 415, the sound file is provided from the
transformation device 2 11 to the transmitting device
210. In an embodiment, such as that shown and
described with respect to FIG. 2, where the
transformation device 2 11 is disposed in the
transmitting device 250, step 415 may simply involve,
for example, transferring the sound file over a bus,
and so forth. At step 420, the sound file is
transmitted from the transmitting device 210 to the
receiving device 250 over one or more networks 280
using, for example, an existing digital sound transfer
protocol. At step 425, the sound file received by the
receiving device 250 is provided to the reconstruction
device 251 . At step 430, the multimedia file is
reconstructed from the sound file using the
reconstruction device 251. In an embodiment, the
multimedia content as represented by the multimedia
file reconstructed by the reconstruction device 251 is
identical to the multimedia content prior to
transformation by the transformation device 2 11. 



At step 435, the content of the reconstructed
multimedia file is reproduced (e.g., displayed and/or
audibly reproduced) to a user. The functionality of
the transformation device 2 11 and the reconstruction
device 251 will be described in further detail herein
below.Turning to FIG. 5, an exemplary method for
transforming a multimedia file into a sound file in
accordance with an embodiment of the present
principles is indicated generally by the reference
numeral 500. In an embodiment, the method 500
corresponds to step 410 of the method 400 of FIG. 4.
At step 505, a multimedia content file is opened for
reading. At step 510, binary data is read from the
multimedia content file, and written into a matrix Y
with dimensions represented by "samples" and
"channels". The dimension "samples" represents the
number of lines (rows) of the matrix Y, and the
dimension "channels" represents the number of columns
of matrix Y. At step 515, it is determined whether the
matrix Y is a vector. If so, then the method proceeds
to step 520. Otherwise, the method proceeds to step
525. At step 520, the matrix Y is forced to be a
column. At step 525, create a sound file having the
file name wavefile using a sample rate represented by
a variable "FS" (specified in, e.g., Hertz) and a
number of bits represented by a variable hereinafter
referred to as "NBITS". In an embodiment, the value of
NBITS is restricted to one of 8, 16, 24, or 32. At
step 530, the following variables are calculated:
bytes_per_sample; total_samples; and total_bytes. In
an embodiment, the variables are calculated as follows
(where the operator T indicates division, the operator
"*" indicates 



multiplication, and the operator "+" indicates
addition): bytes_per_sample = integer(NBITS/8)
total_samples = samples * channels total_bytes =
total_samples * bytes_per_sampleMoreover, at step 530,
the number of bytes in different chunks is determined
with respect to the following variables: riff_cksize;
fmt_cksize; and data_cksize. In an embodiment, the
number of bytes in different chunks is calculated as
follows: - riff_cksize = 36 + total_bytes fmt_cksize =
16 data_cksize = total_bytes. At step 535, the WAV
file is opened for writing, using a variable "fid" as
the file identifier. At step 540, chunk field
structures are prepared. In an embodiment, each chunk
may include one or more of the following fields:
chunk.filename: wavefile - chunk.fid: fid chunk. ID: 4
character string chunk identifier chunk.Size: size of
chunk chunk.Data data of chunk In an embodiment, the
first two fields (chunk.filename and chunk.fid) are
identical for all chunks. At step 545, the RIFF chunk
(but not the chunk data) is written as follows:
chunk.lD = "RIFF 



- chunk.Size = riff_cksize At step 550, the WAV
subchunk (but not the chunk data) is written as
follows:chunk.lD = "WAVE" chunk.Size = [] At step 555,
the <fmt-ck> chunk (but not the chunk data) is written
as follows: chunk.lD = "fmt" chunk.Size = fmf_cksize
At step 560, the <wave format> chunk is written as
follows with the following components: fmt.filename =
wavefile fmt.DataEncodingFormat = 1 if NBITS < 32 3 if
NBITS = 32 fmt.NumberOfChannnels = channels
fmt.NumberOfSamplesPerSecond= FS
fmt.AverageTransferRate = channels * bytes_per_sample
* FS fmt.BlockAlignment = channels * bytes_per_sample
fmt.NumberOfBitsPerSample = NBITS At step 565, the
<data-ck> chunk is written as follows: chunk.lD = data
chunk.Size = data_cksizeAt step 570, the wave data
(values of matrix Y) is written. It is to be
appreciated that step 570 involves the <wave format>
structure to be passed in order to obtain the
wavefile. Turning to FIG. 6, an exemplary method for
reconstructing a multimedia file 



from a sound file in accordance with an embodiment of
the present principles is indicated generally by the
reference numeral 600. In an embodiment, the method
600 corresponds to step 430 of the method 400 of FIG.
4. At step 605, the WAV file is opened for reading,
using the variable fid as the file identifier. At step
610, the first chunk is read, by searching from the
current file position specified by the file identifier
(fid). At step 615, the RIFF file is verified as a
wave data type. At step 620, steps 610 and 615 are
repeated in order to obtain <fmt-ck> chunk and the WAV
subchunks. At step 625, <wave format> chunk is read
from one or more chunk structure fields. At step 630,
the wave data chunk is read from one or more <wave
format> structures and arranged into a matrix Y having
the following dimensions: samples; and channels. At
step 635, a multimedia content file is opened for
writing. At step 640, the binary data included in
matrix Y is written into the multimedia content file
(opened at step 635). It is to be appreciated that
embodiments of the present principles may be readily
performed to obtain the intended result. For example,
consider the following illustrative example. A video
sequence encoded using MPEG-4 and having a filesize of
227,562 KB, with a resolution of 640x480 and a
duration of 44 minutes is transformed into a WAV file
(e.g., as per step 410 of the method 400 of FIG. 4 



and/or steps 505-570 of the method 500 of FIG. 5) in
less than 50 seconds. The reciprocal process (e.g., as
per step 430 of the method 400 of FIG. 4 and/or steps
605-640 of the method 600 of FIG. 6) also takes no
more than 50 seconds. These results are obtained with
a personal computer of the following type, with the
following characteristics: TOSHIBA MSAT010AIV10 with 1
GB of RAM memory and an INTEL CENTRINO DUO T2400
processor having a processor speed of 1.83GHz. The CPU
time for the transformation depends on the
characteristics of the video to be processed. As is
evident to one of ordinary skill in this and related
arts, the present principles have broad applicability
in many fields. For example, the present principles
may be used, but are not limited to, the following
applications: mobile telephony; transmission of
television by satellite; and so forth. An application
of the present principles related to mobile telephony
will now be described. It is to be appreciated that
FIGS. 2 and 3 illustrate examples of systems involving
mobile telephony. As noted above, the second
generation of Global System for Mobile Communications
(GSM) in Europe and the Personal Communications
Service (PCS) in the United States are both limited in
their capability with respect to transferring
multimedia content including, for example, video
content. Moreover, while the Universal Mobile
Telecommunications System (UMTS) provides one solution
for transferring multimedia content using a telephony
network, the UMTS also includes at least one
significant disadvantage. Namely, the cost is very
high for each 



operator and, consequently, for the client as
well.Advantageously, the present principles provides a
solution to transferring multimedia content that is
accurate and less complex than prior art approaches,
while doing so at a very low cost. In a mobile
telephony embodiment, two new functionalities may be
added into the existing mobile telephone, such as one
based on, but not limited to, for example, GSM PCS,
and/or UMTS. These two new functionalities involve the
transformation of multimedia content into digital
sounds, and the corresponding reciprocal process. The
purpose of the first transformation process in the
mobile telephone is to transform a video sequence, for
example, captured by an integrated camera of the
mobile telephone, into digital sound. This same
digital sound will be transported to another mobile
telephone using an existing protocol of GSM, PCS,
UMTS, and so forth. The mobile operator could also use
the first transformation process to transform a film
into digital sound, and then send this sound to the
client's mobile telephone. The purpose of the second
transformation process is to re-transform the received
digital sounds, as included in the received file
(e.g., a WAV file), into, e.g., a video sequence or
into a film from a mobile telephony operator or from
another mobile telephone user. Advantageously, the
present principles provide a solution to the
saturation problem of the prior art and to the rarity
of available frequencies for use in transferring
multimedia content over a telephony network.
Embodiments of the 



present principles allow a mobile telephone operator
to use its usual frequency (i.e., the frequency
typically reserved for voice communications) or any
other frequency to transport multimedia content, with
essentially no significant extra cost.Thus,
embodiments of the present principles will be able to
use existing equipment and will not suffer from the
present problem of scarcity of available frequencies.
Moreover, embodiments of the present principles will
contribute to environmental protection in that no
extra relay stations will need to be fabricated and
maintained to support the feature of transferring
multimedia content over a mobile telephony network in
accordance with the present principles. Further, in
the case of an area without a network of telephony or
satellite coverage, the present principles allow for
the transfer of multimedia content by radio waves and
the subsequent reconstruction of such content on, for
example, a display screen and/or one or more speakers.
It is to be appreciated that the present principles
may be implemented with respect to any network capable
of carrying digital sounds. A film recording in high
definition will be able to transit to a frequency
other than that specified for transmission of high
definition multimedia content, while maintaining the
high definition multimedia content intact at the
receiving end. It is to be further appreciated that a
significant advantage is gained by using a digital
sound file to transfer a multimedia file. For example,
the use of a digital sound file allows the digital
sound file and, hence, the multimedia content
represented thereby, to be transmitted and received
using a protocol that is typically reserved for voice
communications and which is the prevalent protocol
used in 



telephony applications. In this way, the use of a
separate protocol (dedicated for multimedia
transmissions) and, in some cases, a separate channel
(dedicated for multimedia transmissions), may be
avoided. Further in this way, the expensive cost and
other undesirable deficiencies associated with the
prior art approaches are avoided.A description will
now be given of some of the many attendant
advantages/features of the present invention, some of
which have been mentioned above. For example, one
advantage/feature is a system for processing
multimedia content for transfer over one or more
networks, where the system includes a transformation
device and a reconstruction device. The transformation
device is for transforming a multimedia file into a
sound file for subsequent transfer over the one or
more networks using an existing digital sound transfer
protocol. The multimedia file represents the
multimedia content. The reconstruction device is for
reconstructing the multimedia content from the sound
file, after the sound file has been transferred.
Another advantage/feature is the system having the
transformation device and the reconstruction device as
described above, wherein the one or more networks
include a telephony network, and the existing digital
sound transfer protocol corresponds to an existing
voice communications transfer protocol used by the
telephony network. Yet another advantage/feature is
the system having the transformation device and the
reconstruction device as described above, wherein at
least one of the one or more networks is restricted to
transferring voice communications using a protocol 



that is different than that used for multimedia, and
the existing digital sound transfer protocol
corresponds to the protocol used for voice
communications. Moreover, another advantage/feature is
the system having the transformation device and the
reconstruction device as described above, wherein at
least one of the transformation device and the
reconstruction device is included in a mobile
telephone having at least one of a camera capable of
capturing a video sequencefrom which the multimedia
file is generated and a display capable of displaying
at least a portion of the multimedia content after
reconstruction thereof. Further, another
advantage/feature is the system having the
transformation device and the reconstruction device as
described above, wherein the transformation device
transforms the multimedia file into the sound file
using a lossless transformation. Also, another
advantage/feature is the system having the
transformation device and the reconstruction device as
described above, where at least one of the one or more
networks corresponds to at least one of the Personal
Communications Service, the second generation of
Global System for Mobile Communications (GSM), and the
Universal Mobile Telecommunications System.
Additionally, another advantage/feature is the system
having the transformation device and the
reconstruction device as described above, wherein the
multimedia file includes at least one video sequence
and corresponding audio, which are both transformed
into representative sound for inclusion into the sound
file. Moreover, another advantage/feature is a system
for transferring multimedia 



content, where the system includes a transformation
device, one or more networks, and a reconstruction
device. The transformation device is for transforming
a multimedia file into a sound file for subsequent
transfer. The multimedia file represents the
multimedia content. The one or more networks have an
existing digital sound transfer protocol. The
reconstruction device is for reconstructing the
multimedia content from the sound file, after the
sound file has been transferred. The sound file is
transferred from the transformation device to the
reconstructiondevice over the one or more networks
using the existing digital sound transfer protocol.
Further, another advantage/feature is the system
having the transformation device and the
reconstruction device as described above, wherein the
one or more networks include a telephony network, and
the existing digital sound transfer protocol
corresponds to an existing voice communications
transfer protocol used by the telephony network. These
and other features and advantages of the present
principles may be readily ascertained by one of
ordinary skill in the pertinent art based on the
teachings herein. It is to be understood that the
teachings of the present principles may be implemented
in various forms of hardware, software, firmware,
special purpose processors, or combinations thereof.
Most preferably, the teachings of the present
principles are implemented as a combination of
hardware and software. Moreover, the software may be
implemented as an application program tangibly
embodied on a program storage unit. The application
program may be uploaded to, and executed by, a machine



comprising any suitable architecture. Preferably, the
machine is implemented on a computer platform having
hardware such as one or more central processing units
("CPU"), a random access memory ("RAM"), and
input/output ("I/O") interfaces. The computer platform
may also include an operating system and
microinstruction code. The various processes and
functions described herein may be either part of the
microinstruction code or part of the application
program, or any combination thereof, which may be
executed by a CPU. In addition, various other
peripheral units may be connected to the computer
platform such as an additional data storage unit and a
printing unit.It is to be further understood that,
because some of the constituent system components and
methods depicted in the accompanying drawings are
preferably implemented in software, the actual
connections between the system components or the
process function blocks may differ depending upon the
manner in which the present principles are programmed.
Given the teachings herein, one of ordinary skill in
the pertinent art will be able to contemplate these
and similar implementations or configurations of the
present principles. Although the illustrative
embodiments have been described herein with reference
to the accompanying drawings, it is to be understood
that the present principles is not limited to those
precise embodiments, and that various changes and
modifications may be effected therein by one of
ordinary skill in the pertinent art without departing
from the scope or spirit of the present principles.
All such changes and modifications are intended to be
included within the scope of the present principles as
set forth in the appended claims.CLAIMS: 



What is claimed is: 1. A system for processing
multimedia content for transfer over one or more
networks, comprising: a transformation device (21 1, 3
11) for transforming a multimedia file into a sound
file for subsequent transfer over the one or more
networks using an existing digital sound transfer
protocol, the multimedia file representing the
multimedia content; and a reconstruction device (251 ,
351 ) for reconstructing the multimedia content from
the sound file, after the sound file has been
transferred. 2. The system of claim 1, wherein the one
or more networks comprise a telephony network, and the
existing digital sound transfer protocol corresponds
to an existing voice communications transfer protocol
used by the telephony network. 3. The system of claim
1, wherein at least one of the one or more networks is
restricted to transferring voice communications using
a protocol that is different than that used for
multimedia, and the existing digital sound transfer
protocol corresponds to the protocol used for voice
communications. 4. The system of claim 1, wherein at
least one of said transformation device (21 1) and
said reconstruction device (251) is comprised in a
mobile telephone having at least one of a camera (262)
capable of capturing a video sequence from which the
multimedia file is generated and a display (264)
capable of displaying at least a portion of the
multimedia content after reconstruction thereof.5. The
system of claim 1, wherein said transformation device
(21 1, 3 11) transforms the multimedia file into the
sound file using a lossless transformation. 



6. The system of claim 1, where at least one of the
one or more networks corresponds to at least one of
the Personal Communications Service, the second
generation of Global System for Mobile Communications
(GSM), and the Universal Mobile Telecommunications
System. 7. The system of claim 1, wherein the
multimedia file comprises at least one video sequence
and corresponding audio, which are both transformed
into representative sound for inclusion into the sound
file. 8. A method for processing multimedia content
for transfer over one or more networks, comprising:
transforming (410) a multimedia file into a sound file
for subsequent transfer over the one or more networks
using an existing digital sound transfer protocol, the
multimedia file representing the multimedia content;
and reconstructing (430) the multimedia content from
the sound file, after the sound file has been
transferred. 9. The method of claim 8, wherein the one
or more networks comprise a telephony network, and the
existing digital sound transfer protocol corresponds
to an existing voice communications transfer protocol
used by the telephony network.10. The method of claim
8, wherein at least one of the one or more networks is
restricted to transferring voice communications using
a protocol that is different than that used for
multimedia, and the existing digital sound transfer
protocol corresponds to the protocol used for voice
communications. 11. The method of claim 8, wherein
said transforming step (410) is performed by a mobile
telephone having a camera, and the method further 



comprises generating the multimedia file using a video
sequence captured by the camera. 12. The method of
claim 8, wherein said transforming step (410)
transforms the multimedia file into the sound file
using a lossless transformation. 13. The method of
claim 8, where at least one of the one or more
networks corresponds to at least one of the Personal
Communications Service, the second generation of
Global System for Mobile Communications (GSM), and the
Universal Mobile Telecommunications System. 14. The
method of claim 8, wherein the multimedia file
comprises at least one video sequence and
corresponding audio, which are both transformed into
representative sound for inclusion into the sound
file. 15. A computer program product comprising a
computer usable medium having computer usable program
code for processing multimedia content for transfer
over one or more networks, said computer program
product comprising:computer usable program code for
transforming a multimedia file into a sound file for
subsequent transfer over the one or more networks
using an existing digital sound transfer protocol, the
multimedia file representing the multimedia content;
and computer usable program code for reconstructing
the multimedia content from the sound file, after the
sound file has been transferred. 16. The computer
program product of claim 15, wherein the one or more
networks comprise a telephony network, and the
existing digital sound transfer protocol corresponds
to an existing voice communications transfer protocol
used by the telephony network. 



17. The computer program product of claim 15, wherein
at least one of the one or more networks is restricted
to transferring voice communications using a protocol
that is different than that used for multimedia, and
the existing digital sound transfer protocol
corresponds to the protocol used for voice
communications. 18. The computer program product of
claim 15, wherein the computer program product is
comprised in a mobile telephone having at least one of
a camera capable of capturing a video sequence from
which the multimedia file is generated and a display
for displaying at least a portion of the multimedia
content after reconstruction thereof. 19. The computer
program product of claim 15, wherein said computer
usable program code for transforming the multimedia
file into the sound file performs a lossless
transformation.20. The computer program product of
claim 15, where at least one of the one or more
networks corresponds to at least one of the Personal
Communications Service, the second generation of
Global System for Mobile Communications (GSM)1and the
Universal Mobile Telecommunications System. 2 1. The
computer program product of claim 15, wherein the
multimedia file comprises at least one video sequence
and corresponding audio, which are both transformed
into representative sound for inclusion into the sound
file. 22. A system for transferring multimedia
content, comprising: a transformation device (21 1, 3
11) for transforming a multimedia file into a sound
file for subsequent transfer, the multimedia file
representing the multimedia content; 



one or more networks (280, 380) having an existing
digital sound transfer protocol; and a reconstruction
device (251 , 351) for reconstructing the multimedia
content from the sound file, after the sound file has
been transferred, wherein the sound file is
transferred from the transformation device (21 1, 3
11) to the reconstruction device (251 , 351 ) over the
one or more networks (280, 380) using the existing
digital sound transfer protocol. 23. The system of
claim 22, wherein the one or more networks (280, 380)
comprise a telephony network, and the existing digital
sound transfer protocolcorresponds to an existing
voice communications transfer protocol used by the
telephony network. 24. A method for transferring
multimedia content, comprising: transforming (410) a
multimedia file into a sound file, the multimedia file
representing the multimedia content; transferring
(420) the sound file over one or more networks using
an existing digital sound transfer protocol; and
reconstructing (430) the multimedia content from the
sound file, after the sound file has been transferred.
25. The method of claim 24, wherein the one or more
networks comprise a telephony network, and the
existing digital sound transfer protocol corresponds
to an existing voice communications transfer protocol
used by the telephony network. 


