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Introduction

In the past, Film sound, television audio, and music playback formats used to be distinctly different products of industries often working in isolation. In recent years, however, this has changed. The popularity of surround sound in the home has brought these industries and their sound formats closer together. And now digital multi-channel technology is fostering an even more consistent approach to sound reproduction, easing the burden on both consumer and producer while providing unparalleled fidelity not just to the tonality of live sound, but also to its spatiality.
History

In the early 1950s, the first commercially successful multi-channel sound formats were developed for the cinema. With such film formats as fourtrack CinemaScope (35 mm) and six-track Todd-AO (70 mm), multiple sound channels were recorded on stripes of magnetic material applied to each release print. In 1960s and early 1970s due to high

costs of the magnetic formats and a slump in the film business, sound mixers continued to experiment with the effects channel. Formats such as six-track 70 mm magnetic provided consistent signal-to-noise ratios on all channels, so mixers could use the effects channel to envelop the audience in continuous low-level ambient sounds. This expanded, more naturalistic application came to be known as surround sound, and the effects channel as the surround channel. The extra speakers at the rear—and now along the sides of the cinema as well to create a more diffuse sound field—came to be known within the industry as “the surrounds”.
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Products

Dolby digital  became the most popular surround format in the market. Moreover,  Dolby Pro Logic was the home theater audio standard for years, and is still a common form of surround sound. It provides four channels of sound: three full-range channels which play through the front right, front left, and center speakers, and a fourth channel of limited-bandwidth sound which is shared by two surround speakers. As a result, Dolby Pro Logic is a "matrixed" multi-channel system, meaning that some channels are actually derived from other channels ?in this case, the center channel and surround channels are created from the exisiting left and right channels. 

Let’s see how Dolby Pro Logic works: the sound starts as four channels, and is encoded to two channels for transfer. This encoded signal is easily carried via videotape or stereo TV broadcast. During playback, your receiver converts the Dolby-encoded signal back to 4 channels. 
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Furthermore, instead of Dolby Pro Logic, now we have Dolby Pro Logic II. Based on Dolby Pro Logic, it has special circuitry that creates a convincing 5.1-channel experience with stereo, full-bandwidth surround channels. Receivers with Dolby Pro Logic II give extra intensity to the 12,000 VHS movies with Dolby Surround and the limitless TV broadcasts and music available as stereo sound. 

Dolby Digital quickly established itself as a reigning surround format, largely
thanks to DVDs. Although Dolby Digital, strictly speaking, is a particular method of 
encoding audio information digitally, the term is often used to refer to 5.1-channel 
audio ?its most popular form. In discussing Dolby Digital surround sound, we'll be 
focusing on this multi-channel format. Unlike Pro Logic, Dolby Digital 5.1-channel audio 
is a "discrete" multi-channel surround sound system. Discrete means that the sound 
information contained in each of the six available channels is distinct and independent 
from the others. These six channels are described as a "5.1-channel" system, because 

there are five full-bandwidth channels with 3-20,000 Hz frequency range for front left 
and right, center, and surround, plus one "low frequency effects" (LFE) subwoofer 
channel devoted to frequencies from 3-120 Hz. 

Advantages to Dolby Digital include the following: 

· Dolby Digital is the chosen multi-channel digital audio format for DVDs and HDTV 

· any receiver with Dolby Digital decoding can also decode Pro Logic 

· six discrete channels; sounds can be placed much more precisely, for improved dialogue clarity, soundstage size, spaciousness, and realism 

· you get stereo surround channels; you can hear separate off-screen sounds to the left rear and right rear simultaneously 

· you get a dedicated subwoofer channel, for plenty of deep bass 

· thanks to digital encoding, you enjoy greater accuracy 
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How Dolby Digital works 

Dolby surround playback in the cinema and home
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Dolby digital playback in the cinema and home
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AC-3

In the past several years, digital audio data compression has become an important technique in the audio industry. New formats have been introduced that allow high quality audio reproduction without the need for the high data bandwidth that would be

required using traditional techniques. AC-3 coding technology has been adopted by

the Advanced Television Systems Committee (ATSC) as the audio service standard for High Definition Television (HDTV) in the United States. It has also found applications in consumer media (laserdisc, digital video disc) and direct satellite broadcast.

AC-3 is a high-quality, low-complexity multi-channel audio coder. By coding a multiplicity of channels as a single entity, it is able to operate at lower data rates for a given level of audio quality than an ensemble of equivalent single channel coders 
AC-3 is a flexible audio data compression technology capable of encoding a variety of audio channel formats into a single low-rate bitstream.. Eight channel configurations are supported, ranging from conventional mono or stereo to a surround format with six discrete channels (left, center, right, left surround, right surround and subwoofer). The AC-3 bitstream specification permits sample rates of either 48 kHz, 44.1 kHz, or 32 kHz, and supports data rates ranging from 32 kbps (kilobits-per-second) to 640 kbps. The AC-3 encoder block diagram is shown in Figure  below. Encoding is done in the frequency

domain, using a 512-point MDCT (modified discrete cosine transform) with 50% overlap. In the event of transient signals, improved performance is achieved by using a block-switching technique, in which two 256-point transforms are computed in place of the 512-point transform. A floating-point conversion process breaks the transform coefficients into exponent / mantissa pairs. The mantissas are then quantized with a variable number of bits, based on a parametric bit allocation model.
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Unlike some other coding systems, AC-3 does not pass the bit allocation results to the decoder in the bitstream. Rather, a parametric approach is taken, in which the encoder constructs its masking model based on the transform coefficient exponents and a few key

signal-dependent parameters. These parameters are passed to the decoder in the bitstream, using far fewer bits than would be necessary to transmit the raw bit allocation values. At the decoder, the bit allocation is reconstructed based on the exponents and bit allocation

parameters. The coding efficiency of AC-3 improves as the number of source channels increases. This is due to two principle features: a global bit pool, and high frequency

coupling. The global bit pool technique allows the bit allocator to split the available bits among the audio channels on an as-needed basis. If one or more channels are inactive at a specific time instant, the remaining channels will receive more bits than they

would if all channels were in high bit demand.


A basic overview of the AC-3 decoding process is shown in the Figure below. In order to keep memory and decoder latency requirements as small as possible, each AC-3 frame is decoded in a series of nested loops. The first step establishes frame alignment.

This involves finding the AC-3 sync word, and then confirming that the CRC error detection words indicate no errors. Once frame sync is found, the BSI data is unpacked to determine important frame information such as the number of coded channels. The next step is to unpack each of the six audio blocks. In order to minimize the memory requirements of the output PCM buffers, the audio blocks are unpacked one-at-a-time. At the end of each block period the PCM results are copied to the output buffers, which are generally double-buffered for direct interrupt access by the system D/A converters.
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The Figure below shows the timing stages used for AC-3 decoder synchronization. By design, all AC-3 encoders will ensure that the first two audio blocks are completely contained within the first 5/8 of the frame. Also, the first CRC word covers only the first 5/8 of the frame. This helps reduce decoder latency, as the decoder can begin to unpack and process the first two blocks before the frame has been completely received. Once the first 2/3 of the frame has been received, the decoder begins by checking the first CRC

word for errors. If there are no errors, the decoder will decode Block 0 and copy the reconstructed PCM samples to the output buffer. At the end of the block period (5.33 msec for a 48 kHz sample rate system), the output interrupt handler starts outputting the Block 0 samples to the DAC, and Block 1 decoding may commence. By the end of the Block 1 decoding period, the entire frame will have been received by the decoder and

the second CRC word can be checked. As can be seen, this approach yields a total decoder latency equal to one block period plus the time to receive 2/3 of the input

frame (27 msec assuming continuous input in a 48 kHz sample rate system).
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Decoder input and output processing


The audio block processing may be divided into two distinct stages, referred to here as input and output processing. Input processing includes all bitstream unpacking and coded channel manipulation. Output processing refers primarily to the window and

overlap-add stages of the inverse MDCT transform. This distinction is made because the number of output channels generated by an AC-3 decoder does not necessarily match the number of channels encoded in the bitstream. By using a technique called down mixing, a decoder can accept a bitstream with any number of coded channels and produce an 

arbitrary number of output channels. Input processing is performed on a per-coded-channel basis, while output processing is performed on a per-output-channel basis.

Input processing begins when the decoder unpacks the fixed audio block data, which is a collection of parameters and flags located at the beginning of the audio block. This fixed data includes such items as block switch flags, coupling information, exponents, and bit allocation parameters. The term "fixed data" refers to the fact that the word sizes for

these bitstream elements is known a priori, and does not require a bit allocation to be performed. 

The exponents make up the single largest field in the fixed data region, as they include all exponents from each coded channel. Depending on the coding mode, there may be as many as one exponent per mantissa, up to 253 mantissas per channel. Rather than unpack all of these exponents to local memory, it is generally preferable to save pointers to the exponent fields, and unpack them as they are needed, one

channel at a time. 


Once the fixed data is unpacked, the decoder begins processing each coded channel (see Figure below, the input one). First, the exponents for the given channel are unpacked from the input frame. A bit allocation calculation is then performed, which takes the exponents and bit allocation parameters and computes the word sizes for each packed mantissa. The mantissas are then unpacked from the input frame. The mantissas are scaled to provide appropriate dynamic range control (and to undo the coupling operation if needed), and then denormalized by the exponents. Finally, a partial inverse transform is computed, and the results are down mixed into the appropriate down mix buffers for subsequent output processing.

 In the first of these steps, the exponents for the individual channel are unpacked into a 256-long buffer, called the "MDCT buffer". These exponents are then grouped into as many as 50 bands for bit allocation purposes. The number of exponents in each band increases toward higher audio frequencies, roughly following a logarithmic division that models psychoacoustic critical bands.

For each of these bit allocation bands, the exponents and bit allocation parameters are combined to generate a mantissa word size for each mantissa in that band. These word sizes are stored in a 24-long band buffer (the widest bit allocation band is made up of 24 frequency bins). Once the word sizes have been computed, the corresponding mantissas are unpacked from the input frame and stored in-place back into the band buffer. Finally, these mantissas are scaled and denormalized by the corresponding exponent, and written in-place back into the MDCT buffer. After all bands have been processed, and all mantissas unpacked, any remaining locations in the MDCT buffer are written with zeros. 


At this point, a partial inverse transform is performed in-place in the MDCT buffer. The partial inverse transform is realized as a 128-point complex pre-multiplication stage, a 128-point complex inverse FFT, and a 128-point complex post-multiplication stage. The output of this processing is then down mixed into the appropriate down mix buffers. Note that the down mixing could be done entirely in the frequency domain, prior to the partial inverse transform, if not for the use of block switching. In the case of block-switched transforms, a different partial inverse transform process is used, and the results of the two different transforms cannot be directly combined until just prior to the window stage.


As will be shown later, the input processing stage uses a relatively small amount of memory, as it is able to process the input stream one channel at a time, and even one band at a time. On the other hand, this is the most MIPS intensive part of the decoding process, as the bit allocation and unpacking routines alone account for half of the total decoding complexity.

Once the input processing is completed and the down mix buffers have been fully generated, the decoder can perform the output processing (see Figure below, the output one). For each output channel, a down mix buffer and its corresponding 128-long half-block delay buffer are windowed and combined to produce 256 PCM output samples. These samples are then rounded to the DAC word width and copied to the output buffer. Once this is done, half of the down mix buffer is then copied to its corresponding delay buffer, providing the 50% overlap information necessary for proper reconstruction of the

next audio block.


In contrast with the input processing stage, decoder output processing uses very few MIPS but a relatively large amount of memory. For each output channel, the decoder requires a 256-long down mix buffer, a 128-long delay buffer, and a 512-long output

buffer (assuming double-buffered output). Further, these buffers require reasonably large word widths in order to keep the wideband signal-to-noise ratio within professional audio standards. For 16-bit PCM output precision, the delay buffer should be at least 18 bits

wide, and the down mix and MDCT buffers should be at least 20 bits wide. For more accurate PCM output, these numbers need to grow accordingly.
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Therefore, from the above, I talked about AC-3 in detail:  the AC-3 coding system, decoder implementation strategy, decoder synchronization timing, and decoder input processing and output processing.
Conclusion

This research shows a history of surround sound. The formats from the earlier days of Dolby Surround Pro Logic and Dolby Surround Pro Logic II to nowadays Dolby Digital and also AC-1, AC-2, AC-3. I talked in detail about AC-3. Dolby AC-3 is a flexible audio data compression technology capable of encoding a range of audio channel formats into a low rate bit stream. AC-3, with its high resolution spectral envelope coding and hybrid forward/backward adaptive bit allocation offers very high coding gain at modest complexity. Since high audio quality; advanced state of development; and full provision of all necessary features, AC-3 has been selected for use in the United States HDTV system. Moreover, it is currently being designed into consumer electronics equipment for cable television, direct broadcast satellite, and pre-recorded media. Therefore, AC-3 is important for people in their lives of entertainment. I hope this paper can let people know more about surround sound and its formats AC-3. 
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