About mp3

1. Introduction
MPEG-1 Audio Layer 3 or which is more commonly known as MP3. MP3 is a digital audio encoding format. MP3 was designed under a group which is called Moving Picture Experts Group (MPEG) as part of its MPEG-1 standard. The group was formed by several teams of famous engineers at Fraunhofer IIS in Erlangen, Germany, AT&T-Bell Labs in Murray Hill, NJ, USA, Thomson-Brandt, and CCETT as well as others. In 1991, this was approved as an ISO/IEC standard. MP3 uses lossy compression to reduce the file size of an audio data to shrink it into small file size. It means that, some data which has lost in the process of compression and will affects the quality of the audio sound. The compression removes certain parts or data of sound that are out of the normal human beings hearing range, which cannot be heard by peoples. This method is famously known or refers to as perceptual coding, in another meaning, a technique known as psychoacoustics. MP3 files (extension filename as ".mp3") can be download from World Wide Web (WWW) sites very easily now days. Then, MP3 / MPEG-1 Audio Layer 3 audio can be play on a lot of application and platforms such as windows or Macintosh-OS which can be seen in technology markets nowadays. Therefore, MP3 audio format file is very popular and commonly use on the internet and also in the multimedia application and system.
2. Background
To start with the brief introduction on the background of MP3, in January 1988, the MPEG (Moving Pictures Expert Group) was born. The committee, nickname known as ISO/IEC JTC1/SC29/WG11 worked on standardizing compression algorithms for moving images, audio, and images with audio. As an output of this group, MPEG-1 was standardized in November 1992. In 1994, efforts on perceptual audio were put onwards by Fraunhaufer-IIS in a joint cooperation with the University of Erlangen (Prof. Dieter Seitzer). The outcome of their hard work has now commonly known as MP3 which stands for MPEG-1 Audio Layer III, and not MPEG-3 which is a commonly used as a wrong concept by most peoples.
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The MP3 standard does not exactly or clearly specify how the encoding process is to be done or workout. It only outlines the techniques and specifies the format of the encoded audio. The flow between the four main components in encoding process of MP3, which are filterbank, psychoacoustics, quantization and bitstream formatting are the reasons of the successful introduction of MP3.
3. Benefit of MP3

Ease of Handling Music
The small size of music size could produced a boost in CD sales as a single CD that used to contain 10 or 15 songs was able to contain more than 150 songs in it. A single CD Disc in MP3 format is able to contain the data of 14 normal music CD's that lead to the vast majority acceptance and usage of MP3 format instead of original Wave or CDA format, which would take up more spaces and would therefore cost more.

Peoples who usually need to carry a bag pack full of CD's were now able to take a single CD due to the compression produced by MP3 format and since at the ratio of 14:1, the effects of compression are not much distinguishable. So the MP3 standard has became the most widely used and accepted sound format for digital music files.

The best part of a MP3 format is that it is one of those formats that produce a very high rate of compression without making any large effect in the quality of the sound. The typically used "CD quality" sound can be made by a compression at a level of 14:1 which means that 14 songs can be compressed to take up spaces which usually a normal single song would take. The small size of MP3 would make it easier for consumers to carry music in the form of MP3 CD's as only 1 CD in MP3 format can contain music which would have taken up to 14 normal CD space.
Effect on Technology Devices
On the other hand, mobile devices too were influence by MP3 such as hand phones, PDAs, mobile laptops, mp3 players, IPod and other mobile devices. People can carry out almost hundreds of MP3 songs in a very small device or in a limited memory space. It is easier and more convenient for consumers. So that, the devices sales keep increasing now generation.

For multimedia users, the laptop often save a lot of songs and multimedia applications, thus the storage would be limited. They store too much music songs and therefore will take up a lot of space and become will be left with limited space for the installation of another important applications or personal data. But then MP3 format development has made it possible to carry ten times more songs in the laptop and become for free space to install important applications.

Nowadays, a lot of cars music players are able to recognize and play MP3 format songs. Therefore has led peoples the unnecessary to carry a huge bundle of music CD's when now a single MP3 CD can take the contents of up to 14 times more than a normal songs CD's. The MP3 compression has allowed ordinary music lovers to carry music easily anywhere. Other than that, peoples can transfer the music song into flash drive and plug into the music player in the car also. It is a invented are very cool and convenient. Peoples only take a small flash drive and can be enjoy in music.
E-Publishers and multimedia project choice
Nowadays people are creating E-Books and websites by using MP3 to produce and enhance other media on internet. That let peoples to share the information through internet easy and quickly which is more convenient. This type of produce can help readers to more understand, gain more interest, and relaxing, because MP3 have small file size, simple to distribute and contains nice quality music. Thus, people like to use MP3 format when on internet posting and sharing. Since MP3 is small in size, therefore sending it or receiving it will take less time too.

People often produce multimedia project by using mp3 also. It is because MP3 won't used up much space of the file size, so when the project is running, it won't take up much time to progress, and therefore would speed up the job. Besides this, people are allowed to insert few MP3 music songs into project with just limited space storage. And MP3 can operation with editing, cutting, merging, and filtering also.
Simple encoding and support many application
MP3 encoding is very easy. Nowadays, it is simple to rip CD audio, and is just so simple to burn MP3 music songs into CD-R. The encoding speed is also very fast, but it also need depends on the CD drive speed. It takes up very little time to produce MP3 CD, and would be convenient for users. MP3 encoders such as LAME are free and open-source for everyone can contribute to their development.

Beside this, MP3 can be played by many types of devices such as CD players, Apple iPods, DVD players, mobile phone devices and others. Other than that, peoples can also play MP3 files with different types of media players such as Winamp, Windows Media Player or QuickTime. It means that MP3 can also be supported by many application media. For platform also, Windows and OS can also support MP3 files. Another benefit of MP3 is about ID3 tags. The ID3 tag of an MP3 that can stores the songs information such as artist name, the song titles, the year and the genre. Peoples can therefore create their own playlists easier than before.
4. Bit Rate
Bitrates is means that how much bits that should be chosen to store each second of music. The bitrates of music can be specified in encoding stage. The lower the number of bits, the more data will be remove, and then the poorer the result of the music will sound. Figure examples are shown at below. The bit rates are specified in the MPEG-1 Layer 3 / MP3 with standard are 32, 40, 48, 56, 64, 80, 96, 112, 128, 144, 160, 192, 224, 256 and 320 kbit/s. And the 128kbit/s is more commonly use among consumers. Beside this, the internet bandwidth and hard drive sizes are continuously increasing in the market, and therefore 128 kbit/s bit rate files has been less used and would be replaced by bit rates like 192 and 256 kbit/s.
5. Bitrates VS Samplerates
Bitrates are a measure of the amount of data stored for every second of audio. On another hand, the samplerates measures the frequency which the signal is stored or saved, and is measured in kiloHertz. The available sampling frequencies are 32, 44.1 and 48 kHz. The higher of sampling rate, the more data are sampled, the larger the final file, the more details of the original sound are preserved. The standard samplerate of CD audio is 44.1kHz, so this is the default samplerate used by most encoders, and found in most downloadable MP3 files.
6. CBR vs. VBR
CBR is refer to "Constant Bitrate" encoding, the bitrate is kept constant across the entire file. It is means that the same number of bits are allocated to encode each second of audio, and internally, frames of audio data occur at regular, predictable intervals, so the overall file size for a given duration of audio is predictable. CBR is opposite of VBR (Variable Bitrate).

VBR is refer to "Variable Bitrate" coding, the user chooses the desired quality level and/or a range of allowable bitrates. Then the encoder try to maintain the selected quality during the whole stream by choosing the optimal amount of data to represent each frame of audio. But the disadvantage is that the final file size is quite unpredictable.
7. ID3 tag
The ID3 tag is used to describe the MPEG Audio file. It is including information such as artist, title, album, publishing year and genre. There are two versions of ID3 tags which are ID3v1 and ID3v2. D3v2 is music tag provide much greater functionality than the ID3v1. It can store many type of information, including title, album, performer, lyrics, equalizer presets, album art and other images, and etc. Another differentiation between them are they display at the beginning or the end of the bitstream. It can be related with an example, when the user broadcast or streaming, the player able to show the information either at begin or the end of streaming. Thus, ID3v2 tags are generally added to the beginning of MP3 files, it means that the audio players to display information before the end of the file is read. In another hands of ID3v1.
8. Future
Nowadays, MP3 is very popular in our lifestyle either for recording, playing, and listening music. It take a lot of benefit and fun for our human. Peoples can enjoy music with good quality and small file size at anytime and everywhere, either through internet or portable devices such as Ipod, MP3 Player, and headphone. Because of this, MP3 become a needed for our peoples. How the technology future will be, if without MP3? The answer maybe the peoples will facing problems in the moments, example cost problem, lifestyle, storage problem, find a new solution, and technology devices sales. It is because of these are related between each others.

In other hands, peoples can get the MP3 music easier from internet. Therefore the copyright and the intellectual property issues appeared. It is also had a argument cases occurred of music sharing - MP3 and Napster last time. So that, peoples must be careful when download MP3 at internet.

For the future, will be the experts will improve the MP3 format file become more advance? Because of technology keep improving anytime, therefore require for peoples also increasing, for fulfil and satisfied the peoples needed, the author think that the music expert will improve the MP3 become more better than now in the future.
9. Technical Knowledge

Codec block diagram
A basic functional block diagram of the MPEG1 layer 3 audio codec is as shown below.
The hybrid polyphase filterbank
The polyphase filterbank is the key component to all layers of MPEG1 audio compression. The purpose of the polyphase filterbank is to divide the audio signal into 32 equal-width frequency sub-bands, by using a set of bandpass filters covering the entire audio frequency range (a set of 512 tap FIR Filters).
Polyphase Filterbank Formula
Audio is processsed by frames of 1152 samples per audio channel. The polyphase filter groups 3 groups of 12 samples (3x12=36) samples per sub-band as seen from the Figure 5 (3x12x32 sub-bands=1152 samples). The polyphase filter bank and its inverse are not lossless transformations. Even without quantization, the inverse transformation cannot perfectly recover the original signal. However by design the error introduced by the filter bank is small and inaudible.

Layer 3 compensate for some of the filter bank deficiencies by processing the filter bank output with a Modified Discrete Cosine Transform (MDCT). The polyphase filterbank and the MDCT are together called as the Hybrid filterbank. The Hybrid FilterBank adapt to the signal characteristics (block switching depending on the signal etc.). The 32 sub-band signals are subdivided further in frequency content by applying a 18-spectral point or 6-spectral point MDCT. Layer 3 specifies two different MDCT block lengths which are a long block (18 spectral points) or a short block (6 spectral points).

Long Blocks is reefing to have a higher frequency resolution. Each sub-band is transformed into 18 spectral coefficients by MDCT, springy a maximum of 576 spectral coefficients (32x18=576 spectral lines) each representing a bandwidth of 41.67Hz at 48kHz sampling rate. At 48kHz sampling rate a long block has a time resolution of about x ms. There is a 50% overlap between successive transform windows, so the window size is 36 for long blocks. Short Blocks is refer to have a higher time resolution. Short block length is one third of a long block and used for transients to provide better time (temporal) resolution. Every sub-band is transformed into 6 spectral coefficients by MDCT, springy a maximum of 192 spectral coefficients (32x6=192 spectral lines) each representing a bandwidth of 125Hz at 48kHz sampling rate. At 48kHz sampling rate a short block has impulse response of 18.6ms. There is a 50% overlap between following transform windows, so the window size is 12 for short blocks.

Time resolutions of long blocks and time resolution of short blocks are not regular, but jitter depending on the position of the sample in the transformed block. Block switching (MDCT window switching) is triggered by psycho acoustics. For a given frame of 1152 samples, the MDCT's can all have the same block length (long or short) or have a mixed-block mode (mixed-block mode for Lame is in development). Unlike only the polyphase filterbank, without quantization the MDCT transformation is lossless. Once the MDCT converts the audio signal into the frequency domain, the aliasing introduced by the subsampling in the filterbank can be partially cancelled. The decoder has to undo this so that the inverse MDCT can reconstruct the sub-band samples in their original aliased form for reconstruction by the synthesis filterbank. ( (Hydrogenaudio Knowledgebase,2008)
The psychoacoustic model
The psychoacoustic model calculates with just-noticeable distortion (JND) profiles for each band in the filterbank. This noise level is used to determine the actual quantizers and quantizer levels. There are two psychoacoustic models defined by the standard. They can be applied any layer of the MPEG/Audio algorithm. In practice, Model 1 has been used for Layers I and II and Model 2 for Layer III. Both of models compute a signal-to-mask ratio (SMR) for each band (Layers I & II) or group of bands (Layer III).

The more sophisticated of the two, Model 2, will be discussed. The steps leading to the computation of the JND profiles is showing at bellow:-
1. Time-align audio data
The psychoacoustic model estimate the masking thresholds for the audio data that are want be quantized. It must account for both the delay through the filterbank and a data offset so that the relevant data is centered within the psychoacoustic analysis window. For the Layer III algorithm, time-aligning the psychoacoustic model with the filterbank load that the data feed to the model be delayed by 768 samples.
2. Spectral analysis and normalization.
A high-resolution spectral estimate of the time-aligned data is fundamental for an accurate estimation of the masking thresholds in the critical bands. The low frequency resolution of the filterbank leaves no option but to work out an independent time-to-frequency mapping via a fast Fourier Transform (FFT). A Hanning window is applied to the data to decrease the edge effects of the transform window. Layer III operates on 1152-sample data frames. Model 2 uses a 1024- point window for spectral estimation. Ideally, the analysis window should completely cover the samples to be coded. The model work out two 1024-point psychoacoustic calculations. On the first pass, the first 576 samples are centered in the analysis window. The second pass centers the remaining samples. The model combines the results of the two calculations by using the more stringent of the two JND estimates for bit or noise allocation in each sub-band. Since playback levels are unknown3, the sound-pressure level (SPL) needs to be normalized. This implies clamping the lowest point in the fixed threshold of hearing curves to +/- 1-bit amplitude.
3. Grouping of spectral values into threshold calculation partitions.
The uniform frequency decomposition and poor selectivity of the filterbank do not return the response of the BM. To correctly model the masking phenomenon characteristic of the BM, the spectral values are grouped into a large number of partitions. The exact number of threshold partitions depends on the choice of sampling rate. This transformation provides a resolution of around either 1 FFT line or 1/3 critical band, whichever is smaller. At low frequencies, a single line of the FFT will constitute a partition, while at high frequency/frequencies many lines are grouped into one.
4. Estimation of tonality indices.
It is necessary to identify tonal & non-tonal (noise-like) components because the masking abilities of the two types of signals differ. Model 2 does not explicitly separate tonal & non-tonal components. Instead, it computes a tonality index as a function of frequency. This is an indicator of the tone-like or noise-like nature of the spectral component. The tonality index is based on a measure of predictability. Linear extrapolation is used to expect the component values of the current window from the previous two analysis windows. Model 2 uses this index to butt in between pure tone-masking-noise and noise-masking-tone values. Tonal components are more predictable and so have a higher tonality index. As this process has memory, it is more likely to discriminate better between tonal and non-tonal components, unlike psychoacoustic Model 116.
5. Simulation of the spread of masking on the BM.
A strong signal affects the audibility of weaker components in same critical band and the adjacent bands. Model 2 simulates this phenomenon by applying a Spreading function to extend the energy of any critical band into its surrounding bands. On the Bark scale, distribution function has constant shape as a function of partition number, with slopes of +25 & -10 dB per Bark.
6. Set a lower bound for the threshold values.

7. Determination of masking threshold per sub-band.
At low frequencies, the minimum of the masking thresholds within a sub-band is chosen as the threshold value. At higher frequencies, the average of the thresholds within the sub-band is selected as the masking threshold. Model 2 has the same accuracy for the higher sub-bands as for low frequency ones because it does not concentrate non-tonal components16
8. Pre echo detection and window switching decision.

9. Calculation of the signal-to-mask ratio (SMR).
SMR is calculated as a ratio of signal energy within the sub-band (for Layers I and II) or a group of sub-bands (Layer III) to the minimum threshold for that sub-band. This is the final output of the psychoacoustic model. The masking threshold computed from the spread energy and the tonality index.
Quantization and Coding
A system of two nested iteration loops is the familiar solution for quantization and coding in a Layer-3 encoder. Quantization is done via a power-law quantizer. In this way, larger values are automatically coded with less accurateness, and some noise shaping is already built into the quantization process. The quantized values are coded by Huffman coding. To adapt the coding process to different local statistics of the music signals, the optimum Huffman table is chosen from a number of choices. The Huffman coding works on parallel and, in the case of very small numbers to be coded, in quadruples. To get even better adaption to signal statistics, different Huffman code tables can be selected for different parts of the spectrum. Since Huffman coding is essentially a variable code length method and because noise shaping has to be done to keep the quantization noise below the masking threshold, a global gain value (which determines the quantization step size) and scalefactors (which determine the noise-shaping factors for each scalefactor band) are applied before actual quantization. The process to find the optimum gain and scalefactors for a given block, bit-rate and output from the perceptual model is usually done by two nested iteration loops in an analysis-by-synthesis way:
1. Inner iteration loop (rate loop)
The Huffman code tables assign shorter code words to (more frequent) smaller quantized values. If the number of bits resulting from the coding operation exceed the number of bits able to code a given block of data, this can be corrected by adjusting the global gain to result in a larger quantization step size, leading to smaller quantized values. This operation is repeated with different quantization step sizes until the resulting bit demand for Huffman coding is small enough. The loop is called rate loop because it modifies the overall coder rate until it is small enough.
2. Outer iteration loop (noise control loop)
To shape the quantization noise according to the masking threshold, scalefactors are applied to each scalefactor band. The systems starts with a default factor of 1.0 for each band. If the quantization noise in a given band is found to exceed the masking threshold (allowed noise) as supplied by the perceptual model, the scalefactor for this band is adjusted to reduce the quantization noise. Since achieving a smaller quantization noise requires a larger number of quantization steps and thus a higher bit-rate, the rate adjustment loop has to be repeated every time new scalefactors are used. In other words, the rate loop is nested within the noise control loop. The outer (noise control) loop is executed until the actual noise (computed from the difference of the original spectral values minus the quantized spectral values) is below the masking threshold for every scalefactor band (i.e. critical band).

While the inner iteration loop always converges (if necessary, by setting the quantization step size large enough to zero out all spectral values), this is not true for the combination of both iteration loops. If the perceptual model requires quantization step sizes so small that the rate loop always has to increase them to enable coding at the required bit-rate, both can go on forever. To avoid this situation, several conditions can be checked to stop the iterations more early. However, for fast encoding and good coding results, such a condition should be avoided. This is one reason why an MPEG Layer-3 encoder usually needs tuning of the parameter sets of the perceptual model for each bit-rate.
Conclusions
For the conclusion, peoples can be have basic knowledge of MP3 after read this research paper. How the amazing of MP3 can produce nearly CD quality with the small file size? A good algorithm performance that and let our peoples are more convenient and save the storage space. Other than that, bitrates and sampling rate as the important roles in the compression also. All of these are related of each other. From the market seem that, a lot of peoples are using MP3. It already showed that how great of MP3 performance and the algorithm to our peoples and technology.
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