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57 ABSTRACT 
An audio channel system provides an analog signal 
corresponding to a sound waveform in a computer 
system. The audio channel system includes a plurality of 
audio channels. Each audio channel contains a predeter 
mined number of audio data samples for producing a 
particular sound waveform. A plurality of volume bits 
define a volume level of each audio data sample to be 
played. An audio processor processes the sound wave 
forms of each audio channel. The audio processor acts 
as a shared processing element which receives the audio 
data samples from each audio channel. The audio pro 
cessor divides the audio data samples into a plurality of 
data such that the plurality of data for each audio data 
sample is pipelined through the audio processor in a 
serial manner. The plurality of data for each audio data 
sample for each audio channel is in various processing 
stages at any given time. The audio processor combines 
the data samples and volume bits to produce an audio 
output signal for each audio channel to produce a total 
audio output signal. 

10 Claims, 10 Drawing Sheets 
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1. 

AUDIO CHANNEL SYSTEM FOR PROVIDING AN 
ANALOG SIGNAL CORRESPONDING TO A 

SOUND WAVEFORMEN A COMPUTER SYSTEM 

BACKGROUND OF THE INVENTION 

The present invention relates to an audio channel 
system and, more particularly, to an audio channel sys 
tem for outputting an analog signal corresponding to a 
sound waveform in a personal computer system by 
using shared processing elements. 
Many prior art personal computers typically have 

high quality graphics, but do not always have high 
quality audio systems. The prior art audio systems tend 
to be somewhat simple in structure and produce tinny 
synthesized audio outputs. 

Since computers cannot store analog waveform infor 
mation, computer production of a sound must be repre 
sented as a finite string of digital signals. The time axis 
of a single sound waveform is divided into equal seg 
ments, each of which represents a small segment of time 
so that the waveform remains essentially stable. Each 
resulting segment is called an audio data sample. The 
samples are stored in the memory of the computer and 
can be played at any desired frequency. The computer 
feeds each sample to a digital to analog converter which 
changes the data sample into an analog voltage wave 
form which is then transmitted to an amplifier and a 
loudspeaker. Frequently, the audio system comprises a 
small number of audio channels which are evenly di 
vided between a left audio channel and a right audio 
channel. Each audio channel is usually programmed 
independently of the other audio channels and pro 
cessed by separate audio processors. Since the audio 
processors may not always be perfectly synchronized 
with one another, this can cause malfunction (so called 
"glitches') in the audio output which result in poor 
sound quality. A “glitch' occurs when an undesired 
transient voltage spike occurs as a signal is being pro 
cessed. 

It would be advantageous for a computer to have an 
audio system which produces compact disc (CD) qual 
ity sound and in which each audio channel is processed 
synchronously using a shared processing element to 
produce high performance sound quality. In order for 
an audio system to produce CD quality sound, it must 
operate at a minimum sampling frequency of 44 KHz, 
which requires that the sound waveform to be played be 
processed quickly in order to achieve the desired sam 
pling frequency. 
The present invention is directed to an audio channel 

system for outputting an analog signal corresponding to 
a sound waveform in a personal computer system. The 
audio system includes eight audio channels, each of 
which is capable of producing a sound waveform con 
prising a predetermined number of audio data samples. 
Each audio channel is capable of being directed to a left 
audio channel, a right audio channel, both audio chan 
nels or neither audio channel. Each audio channel is 
pipelined serially into a single audio processing loop or 
shared processing element. A retiming RAM fine ad 
justs each data sample which is to be outputted. A pair 
of digital to analog converters direct the data samples to 
the appropriate channel. The data signals may also be 
outputted via a digital output shift register. The left and 
right digital audio values are also output via a digital 
shift register. 
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2 
SUMMARY OF THE INVENTION 

An audio channel system provides an analog signal 
corresponding to a sound waveform in a computer 
system. The computer system includes a processor, a 
system memory for storing data, and a data bus coupled 
to the audio channel system for receiving audio input. 
The audio channel system comprises a plurality of audio 
channels. Each audio channel contains a predetermined 
number of audio data samples for producing a particular 
sound waveform. A plurality of volume bits define a 
volume level of each audio data sample to be played. 
Audio processing means process the sound waveforms 
of each audio channel. The audio processing means acts 
as a shared processing element which receives the audio 
data samples from each audio channel. The audio pro 
cessing means divides the audio data samples into a 
plurality of data such that the plurality of data for each 
audio data sample is pipelined through the audio pro 
cessing means in a serial manner. The plurality of data 
for each audio data sample for each audio channel is in 
various processing stages at any given time. The audio 
processing means combines the data samples and the 
volume bits to produce an audio output signal for each 
audio channel. Output means combine the audio output 
signal of each audio channel to produce a total audio 
output signal. 
The present invention is also directed to a method for 

outputting an analog signal corresponding to a digital 
sound waveform. The method comprises the steps of 
receiving audio data samples for a plurality of audio 
channels from a data input circuit. Each audio data 
sample is separated into length data, period data, buffer 
data and accumulator data. The audio data samples are 
transmitted to the audio processing loop. The length 
data, period data, buffer data and accumulator data are 
pipelined in a staggered manner for a first audio channel 
through the audio processing loop. The buffer data and 
accumulator data of the first audio channel are multi 
plied in accordance with Modified Booth's algorithm. 
The product of the buffer data and accumulator is 
stored in memory. The length data, period data, buffer 
data and accumulator data are pipelined in a staggered 
manner for a succeeding audio channel through the 
audio processing loop once the audio data sample for a 
preceding audio channel has been entered. The buffer 
data and accumulator data of the succeeding audio 
channel is multiplied in accordance with Modified 
Booth's algorithm. The product of the buffer data and 
accumulator data for the succeeding audio channel are 
stored in memory. Each succeeding audio channel is 
processed as described above until all of the audio chan 
nels have entered the audio processing loop. The above 
steps are further repeated until each audio data sample 
for each audio channel has been completely processed. 
The processed audio data samples for each audio chan 
nel are combined to produce an audio output having a 
sampling frequency of up to 110 KHz. 
BRIEF DESCRIPTION OF THE DRAWINGS 

The foregoing summary, as well as the following 
detailed description of the preferred embodiment, will 
be better understood when read in conjunction with the 
appended drawings. For the purpose of illustrating the 
invention, there is shown in the drawings an embodi 
ment which is presently preferred, it being understood, 
however, that the invention is not limited to the specific 
methods and instrumentalities disclosed. 
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In the drawings: 
FIG. 1 is a graph of an audio data sample in accor 

dance with the present invention; 
FIG. 2 is a schematic block diagram of the audio 

channel system in accordance with the present inven- 5 
tion; 
FIG. 3 is a chart of the flow of audio data through the 

audio channel system of FIG. 2; 
FIGS. 4a-4d are a detailed logic diagram of the audio 

processing loop of the audio channel system of FIG. 2; 
FIG. 5 is a chart and diagram which defines the mul 

tiply states of the audio data transmitted through the 
audio processing loop of the audio channel system of 
FIG. 2; 
FIGS. 6a and 6b are a general flow diagram depicting 15 

the processing of the length data and period data trans 
mitted through the audio processing loop of the audio 
channel system of FIG. 2; and 

FIGS. 7a and 7b are a general flow diagram depicting 
the Modified Booth Multiply algorithm. 
DESCRIPTION OF PREFERRED EMBODIMENT 

Referring to the drawings wherein like numerals 
indicate like elements throughout, there is shown in 
FIG. 1 a graph depicting a simple sound waveform 10 in 
accordance with the present invention. The sound 
waveform illustrated as a sine wave representing a sim 
ple tone. The general shape of the sound waveform 
determines its tone quality. It is to be understood by 
those skilled in the art that the sound waveform de 
picted in FIG. 1 is purely exemplary and that any type 
of sound waveform can be implemented without de 
parting from the scope and spirit of the present inven 
tion. 
Each sound waveform 10 is made up of a plurality of 35 

audio data samples 12. Each audio data sample 12 repre 
sents a single piece of audio data. The audio data sam 
ples 12 are divided into equal time segments which 
represent a small period of time in which the audio 
waveform remains substantially constant. It is to be 
understood by those skilled in the art that there are 
more audio data samples in the waveform of FIG. 1 
than depicted on the drawing. The horizontal axis of the 
graph represents the time period and the vertical axis of 
the graph represents the amplitude of the waveform. 45 
The distance between each data sample 12 and the hori 
zontal axis of the graph depicts the specific amplitude of 
each data sample 12. The amplitude of each data sample 
12 is related to the volume of the sound produced. The 
amount of time necessary to play each data sample 12 is 
identified as the period 14 which is indicated by the line 
following each data sample point and extends to the 
next data point in the waveform. The number of data 
samples 12 contained in each sound waveform 10 indi 
cates the length of the sound waveform 10. 

Referring to FIG. 2, there is shown a general block 
diagram depicting a preferred embodiment of an audio 
channel system for producing an analog signal for a 
particular sound waveform in accordance with the pres 
ent invention. In the preferred embodiment, the audio 
channel system is located within a computer system 
such as a personal computer. However it is to be under 
stood that any type of computer system or audio system 
can be implemented without departing from the scope 
and spirit of the present invention. Data defining a par 
ticular sound waveform 10 are received at a data input 
circuit 20. The data can be received from a plurality of 
sources located within the personal computer including, 
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4. 
but not limited to, a DMA channel or a dedicated pro 
cessor. It is to be understood by those skilled in the art 
that any suitable means for achieving data can be used in 
the system without departing from the scope and spirit 
of the present invention. 

In the preferred embodiment, the audio data are ei 
ther received in 16 bit or 32 bit blocks. A 16 bit block 
can contain a 16 bit data word or a pair of 8 bit data 
words contained within the upper and lower 8 bits of 
the 16 bit block. A 32 bit block of data received by the 
data input circuit 20 typically comprises two 16 bit data 
words or four 8 bit words. A data block transmitted to 
the data input circuit 20 is received by a 32 bit multi 
plexer 21. The data received by the multiplexer 21 are 
separated into each individual audio channel prior to 
further processing. In the preferred embodiment, each 
audio channel contains 4 pieces of data which include 
length data, period data, volume data and audio data. 
The length data determine the number of audio data 
samples contained within the sound waveform. The 
period data define the period of time in which the sound 
waveform is played. The volume data determine the 
perceived loudness of each audio data sample. The 
audio data contain the particular data samples which are 
to be played. However, it is to be understood by those 
skilled in the art that any type of data may be used to 
process the input data without departing from the scope 
and spirit of the present invention. 

In the preferred embodiment, the audio processing 
system is only capable of processing 16 bits of audio 
data at a time. However, any arbitrary number of bits of 
audio data may be processed at one time without de 
parting from the scope and spirit of the present inven 
tion. Once the number of words contained within a 
particular data block is determined, the data are trans 
mitted to the audio processing loop in blocks of 16 bits. 
When a 16 bit data block is received by the data input 
circuit 20, the data are transmitted directly to a parame 
ter RAM 22 which formats the data for processing in an 
audio processing loop 30 or shared processing element 
which will be described in detail hereinafter. 
When a 32 bit data block is received by the data input 

circuit 20, the upper 16 bits of the data block are initially 
transmitted to the parameter RAM 22 for formatting 
and processing the data. The lower 16 data bits of the 32 
bit data block are transferred to a data storage unit 24 
which stores the data bits until the upper 16 bits have 
been transmitted to the audio processing loop 30. Once 
the upper 16 bits have been processed (period timeout), 
the lower 16 bits are transmitted to the parameter RAM 
22 on a per channel basis. By accessing the data in 32 bit 
blocks, fewer data write commands are required to 
retrieve the data and twice as much data can be ac 
cessed by the data input circuit 20 at one time. 
The parameter RAM22 is preferably 32 bits deep and 

16 bits wide and is capable of storing data for 8 audio 
channels. The 16 data bits for a single audio channel are 
received by the parameter RAM 22 and classified into 
the different types of data which may be written into 
the audio channel system. The types of data which may 
be received by the data input circuit 20 include, but are 
not limited to, the length, period, volume and audio data 
as described above. The type of data received by the 
parameter RAM 22 is determined by an address chan 
nel. Each address channel has its own address register 
which is preferably 11 bits in length which defines the 
address of the specific audio channel. However, the 
address register may be of any suitable length without 
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departing from the scope and spirit of the present inven 
tion. 
Each data block received by the data input circuit 20 

is written to a particular audio channel which is to be 
processed in the audio processing loop 30. In the pre 
ferred embodiment, the audio processing loop 30 com 
prises 8 audio channels (not shown). However, it is to be 
understood by those skilled in the art that any particular 
number of audio channels can be used without depart 
ing from the scope and spirit of the present invention. 
The data blocks received by each audio channel encom 
pass the data necessary for producing a sound wave 
form. These data include, but are not limited to, the 
number of audio data samples in the sound waveform, 
and the period between data samples and the amplitude 
of each data sample. The data contained within each 
channel are broken down into audio sample data bits 
and volume bits. In the preferred embodiment, the vol 
ume comprises 12 bits of data. However, it is to be 
understood that the volume can comprise any number 
of bits without departing from the scope and spirit of 
the present invention. 
An audio processing loop 30 receives each of the 

eight audio channels in serial manner from the parame 
ter RAM 22. The audio processing loop 30 is preferably 
a shared processing element which is capable of pro 
cessing all 8 audio channels at substantially the same 
time. Each channel is pipelined through the audio loop 
for providing maximum processing efficiency as will be 
described in detail hereinafter. Pipelining is a procedure 
for processing the audio channels more rapidly by di 
viding the audio data samples into numerous small 
stages as will be described in detail hereinafter so that 
the processing of each audio channel is in various stages 
at a given time. For example, if the audio circuit com 
prises 8 audio channels, the data from each audio chan 
nel are processed in serial fashion such that all 8 chan 
nels are processed one after the other. The data con 
tained within each audio channel are divided between a 
variable RAM32 and a control RAM.34. Data defining 
the sound waveform contained within a channel are 
transmitted to the variable RAM32. The variable RAM 
32 is preferably 18 bits wide and 32 bits deep and stores 
the audio data for all 8 audio channels at one time. The 
variable RAM 32 contains the length data and period 
data as defined above and further contains buffer data 
and accumulator data. The buffer data contains the 
audio data samples for each audio channel. The accu 
mulator data contains the results of the audio data sam 
ples multiplied by the volume bits as will be described in 
detail hereinafter and stores each immediate result as it 
is performed by the audio loop. The variable RAM32 
continually pipelines pieces of data through the audio 
processing loop 30 and stores the data results once the 
data has completed the loop 30. 
The volume bits and other control bits are transmit 

ted to the control RAM. 34. In the preferred embodi 
ment, the control RAM. 34 is 8 bits wide and 32 bits 
deep. In addition, the control RAM34 is responsible for 
storing the multiply states used to combine the audio 
data and volume data in accordance with the Modified 
Booth's algorithm as will be described in detail herein 
after. The audio processing loop 30 operates on the 
basis of a 280 ns clock in which each clock pulse is equal 
to 280 ns and includes 4 clock ticks which are each 70 ns 
in duration. In the preferred embodiment, it takes one 
clock pulse or 280 ns for each audio channel to be pro 
cessed by the audio processing loop 30. Each time the 
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6 
data in the audio channel cycle through the loop 30, the 
audio data sample is multiplied by a predetermined 
number of volume bits using a complex algorithm. In 
the preferred embodiment, the so called “Modified 
Booth's' algorithm, well-known to those practicing in 
the art, is used to perform the multiplication function, 
the product of which is stored in the accumulator data. 
In the preferred embodiment, the processing of each 
data sample requires a minimum of 6 cycles through the 
audio loop 30. 
Each time the data sample cycles through the audio 

loop 30, a portion of the period for the data sample 
expires. As discussed above, the period value is propor 
tional to the time interval between the sound waveform 
samples. In the preferred embodiment, a piece of data 
from a single audio channel is processed through a 
single cycle of the audio processing loop 30. For exam 
ple, if the period value for a particular data sample is 65 
clock pulses, the time period between when the data 
first circulates through the loop and the second time the 
data circulates through the loop will be 8 clock pulses 
since each audio channel will cycle through the loop 
during the interim and take one clock pulse. Therefore, 
the remaining period value for the particular data sam 
ple during the second cycle through the loop 30 will be 
57 clock pulses. 
Once the data sample has been multiplied by all 12 

volume bits, it is determined whether the period for the 
particular data sample has expired. If the period has not 
completely run out, the data sample continues to cycle 
through the audio loop 30 until the remaining period is 
7 clock pulses or less. Once the period is 7 clock pulses 
or less, the data sample exits the audio processing loop 
30 and enters one of two retiming RAMs 40a, 40b. In 
the preferred embodiment, two retiming RAMs 40a, 
40b are used to speed up the processing of the audio 
data samples. However, it is to be understood by those 
skilled in the art that any number of retiming RAMs 
may be used without departing from the scope and spirit 
of the present invention. 

In the preferred embodiment, each retiming RAM 
40a, 40b is 18 bits wide and 4 bits deep. A single audio 
channel is received by each retiming RAM 40a, 40b at 
any given time. Each retiming RAM 40a, 40b runs on a 
70 ns clock pulse and processes a single audio data sam 
ple during each clock pulse. While a particular channel 
is being processed in each retiming RAM 40a, 40b, the 
remaining channels are continuously being processed 
through the audio processing loop 30. The data in each 
retiming RAM 40a, 40b are encoded such that the data 
remains in each retiming RAM 40a, 40b only for the 
amount of time necessary to process the lower 3 bits of 
the audio data sample. Each retiming RAM 40a, 40b 
acts as a fine adjustment to the coarse period resolution 
provided by the audio loop 30. Once the data have left 
each retiming RAM 40a, 40b the data enters one of two 
holding RAMs 42a, 42b. In the preferred embodiment, 
two holding RAMs 42a, 42b are provided to speed up 
the processing of the audio data samples. It is to be 
understood that any number of holding RAMs may be 
used without departing from the scope and spirit of the 
present invention. 

In the preferred embodiment, each holding RAM 
42a, 42b is 18 bits wide and 4 bits deep. The data for a 
particular data sample remains in either holding RAM 
42a, 42b until the next data sample for that particular 
audio channel is processed. Each holding RAM 42a, 
42b also determines the ultimate destination of the audio 
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data from each audio channel. The data from each hold 
ing RAM 42a, 42b is directed to a particular audio chan 
nel output by a plurality of AND gates 43a, 43b, 43c and 
43d. Data contained within each audio channel can be 
transmitted to a left audio channel 52, a right audio 
channel 54, both audio channels or neither audio chan 
nel. A mono bit can also be included in the audio data 
sample which causes all 8 audio channels to be sent to 
both the left audio channel 52 and the right audio chan 
nel 54. This results in a monophonic sound being pro 
duced. Alternatively, all 8 audio channels can be sent 
just to the left audio channel 52 or just to the right audio 
channel 54. 
Once the data have been directed to a particular 

audio channel, the data samples for all audio channels 
being held by each holding RAM 42a, 42b are added 
together in one of two adders 44a, 44b. In the preferred 
embodiment each adder 44a, 44b is directed to a particu 
lar audio channel. The first adder 44a is directed to the 
left audio channel 52 and the second adder 44b is di 
rected to the right audio channel 54. The added data 
can expand up to 20 bits of data. 
The data samples next enter one of two scaling cir 

cuits 46a, 46b. Each scaling circuit 46a, 46b is program 
mable to select one of three ranges of 16 output bits 
from the 20bits transmitted to exit from the circuit since 
it is preferable that the audio system only handle 16 bits 
of audio data at one time. The three ranges are defined 
as from bit 19 to bit 4 (19:4), bit 18 to bit 3 (18:3) or bit 
17 to bit 2 (17:2). In the preferred embodiment, if the 
data exceeds 16 bits the least significant bits are re 
moved from the data. This scaling is provided to allow 
less than eight channels per DAC to approach full scale 
output, and to prevent clipping when multiple channels 
are added. The scaled data next enters a pair of digital to 
analog converters 50a, 50b. The digital to analog con 
verters 50a, 50b convert the digital audio data to an 
analog signal. In the preferred embodiment, a first digi 
tal to analog converter 50a is directed to a left audio 
channel 52 and a second digital to audio converter 50b 
is directed to a right audio channel 54. The analog audio 
data are transmitted to an amplifier where the audio 
signals are amplified and then transmitted to a loud 
speaker for audio output. The analog signals produced 
by the audio circuit have a sampling frequency of at 
least 44 KHz to produce CD quality sound. However, it 
is to be understood by those skilled in the art that audio 
outputs of higher sampling frequencies may be main 
tained without departing from the scope and spirit of 
the present invention. In the preferred embodiment, the 
sampling frequency falls within a range of 55 Hz to 110 
KHz. 

Alternatively, instead of transmitting the data 
through the scaling circuits 46a, 46b to the pair of digi 
tal to analog converters 50a, 50b, the audio data samples 
12 may be transmitted by a digital output shift register 
56 to an external device (not shown). The digital output 
shift register 56 is capable of receiving and outputting 
the entire 20 bit data sample. The digital output shift 
register 56 is typically activated when a user of the 
system wishes to capture more of the audio sound than 
is capable of being produced by the audio digital to 
analog converters 50a, 50b. The digital output shift 
register 56 is switched on when an external device is 
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8 
direct digital input, an audio digital tape device or any 
other type of suitable audio equipment. 

Each bit of the 20 bit data sample is transmitted 
through the digital output shift register 56 on a clock 
pulse leading edge for 20 consecutive clock pulses. In 
the preferred embodiment, the clock pulses for the digi 
tal output shift register 56 is 70 ns. This allows the audio 
data to be quickly processed and received by the exter 
nal device. 

Referring specifically to FIG. 3, there is shown a 
schematic chart of the overall processing scheme for 
each piece of data associated with each audio channel as 
it is processed by the audio processing loop 30. Each 
block on the graph represents a single clock pulse and 
contains the operations performed during each clock 
pulse. As discussed above, each clock pulse is typically 
280 ns and comprises four clock ticks with each being 
70 ns in duration. 

Each audio channel comprises four pieces of data 
which must be processed; the length data, period data, 
buffer data and the accumulator data. A portion of each 
piece of data is processed each time it travels through 
the audio processing loop 30. Each piece of data for 
each audio channel is pipelined into the audio process 
ing loop 30 on a clock tick and is staggered such that 
there is a one clock tick delay between each succeeding 
piece of data. In this manner, at every fourth tick all 
four pieces of data for a single audio channel are pro 
cessed simultaneously. This staggered arrangement of 
processing each piece of data for each audio channel 
allows all eight audio channels to be processed within 
eight clock pulses. In addition, when the processing of 
each piece of data for a given audio channel is com 
pleted, the piece of data for the next audio channel is 
immediately processed. 
By processing each audio channel in the described 

manner, the data can be efficiently processed at a speed 
capable of producing high quality sound. In addition, 
each audio channel is constantly pipelined through the 
audio processing loop 30 such that the audio processing 
loop is continually processing the audio data samples. 
As discussed above, each piece of data requires four 

processing steps of which each processing step requires 
at least one clock tick. The first piece of data to be 
processed by a given audio channel is the length data. In 
the preferred embodiment, the length data comprises 26 
bits, 18 bits which are contained in the variable RAM32 
and 8 bits which are contained in the control RAM 34. 
Of the 18 bits contained within the variable RAM32, 16 
of the bits contain data and the remaining two most 
significant bits contain zeros. 
The first processing step for the length data requires 

that the length data be read from the variable RAM. 32. 
Once the length data is read from the variable RAM32, 
a calculation A ("calcA') step is performed which de 
termines if the period has timed out, i.e., if a period 
counter associated with the period data equals zero. 
The period also signifies that a particular sound wave 
form has finished being processed. At the conclusion of 
each period, i.e., when the period has timed out, new 
length data must be retrieved from the parameter RAM 
22. If the period is not timed out, a calculation B 
("calcB”) operation is performed which determines 
whether a length counter associated with the length 
data equals zero. The length counter represents the 
number of data samples in the sound waveform which 
have not been processed. If the length counter equals 
zero, additional length data must be retrieved from the 
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parameter RAM 22. If the length counter does not 
equal zero, the length counter is decremented by one. 
The resulting length data or the length data retrieved 
from the parameter RAM 22 are cycled through the 
audio processing loop 30 and stored within the variable 
RAM32 until the next time the particular audio channel 
cycles through the audio processing loop 30 which is 
usually 8 clock pulses. 
The period data are preferably 26 bits in length and 

comprises 18 bits which are contained within the vari 
able RAM32 and 8 bits which are contained within the 
control RAM 34. Of the 18 bits contained within the 
variable RAM32, 16 bits contain period data and the 
two most significant bits contain zeros. The first pro 
cessing step for the period data requires that the period 
data be read from the variable RAM32. Next it is deter 
mined in step calcA whether the period has timed out, 
i.e., whether the period counter equals zero. If the per 
iod has timed out, additional period data must be re 
trieved from the parameter RAM 22. If the period has 
not timed out, a calcB step is performed which decre 
ments the period data by one. The decremented period 
data or the retrieved period data from the parameter 
RAM are cycled through the audio processing loop 30 
and stored within the variable RAM32 until the partic 
ular audio channel cycles through the audio processing 
again. 
The buffer data are 26 bits in length and comprises 18 

bits which are stored within the variable RAM32 and 8 
bits which are stored within the control RAM 34. As 
discussed above, the buffer data contains the audio data 
samples to be processed. In the preferred embodiment, 
of the 18 bits contained within the variable RAM32, 16 
bits contain data and the two most significant bits con 
tain zeros. Additionally, the 8 bits of the control RAM 
34 are preferably the 8 most significant bits of the vol 
ume bits. In the first step of the buffer data, the 8 most 
significant bits of volume are read from the control 
RAM34. Once the volume bits have been read from the 
control RAM34, a hold operation occurs until the next 
clock tick occurs. After the hold operation, a calcA 
operation occurs in conjunction with a calcB operation 
performed on the accumulator data as will be described 
in more detail hereinafter. The remainder of the buffer 
data cycles through the loop and are stored within the 
variable RAM. 32 in the fourth clock tick. 
The accumulator data is 26 bits in length and com 

prises 18 bits of data within the variable RAM32 and 8 
bits within the control RAM 34. All 18 bits contained 
within the variable RAM. 32 contain accumulator data. 
Additionally, the 8 bits contained within the control 
RAM34 contain the four least significant bits of volume 
as well as three bits relating to the multiply state which 
will be described in more detail hereinafter. 

Referring specifically to FIG. 4, there is shown a 
detailed logic diagram depicting the processing of each 
piece of data contained within each audio channel 
within the audio processing loop 30. 
The buffer data are read from the variable RAM32, 

and the control RAM 34 and is transmitted to a flip flop 
register 100 (FIG. 4a) which holds the data until the 
rising edge of the next clock pulse. The flip flop register 
100 directs the 18 bits of buffer data from the variable 
RAM32 to a second flip flop register 102. The flip flop 
register 102 determines whether the data contained 
within the buffer is a single 16 bit word or two 8 bit 
words. If the sample comprises two 8 bit words, the 8 
bit word contained within the upper 8 bits of the 16 bit 

5 

10 

15 

20 

25 

30 

35 

40 

45 

50 

55 

65 

10 
buffer are processed first and transmitted to a multi 
plexer 108 (FIG. 4b). Once the upper 8 bits have been 
processed, the lower 8 bits will be transmitted to the 
multiplexer 108. If the buffer data contains a 16 bit 
word, the entire 16 bit word is transmitted to the multi 
plexer 108. 
At the same time, the 8 control bits, which are the 8 

most significant volume bits, initially stored within the 
flip flop register 100 are transmitted to a volume hold 
circuit 120. The volume hold circuit 120 retains the 8 
most significant volume bits from the buffer data until 
the accumulator data is received which contains the 4 
least significant bits of volume. At this point, this is the 
completion of the calcA function for the buffer data. 
At the same time the calcA function for the buffer 

data is being performed, the accumulator data is being 
read from the variable RAM32. The accumulator data 
passes through the circuit until it reaches a shift register 
130. At this point, the control RAM 34 also reads the 
control data for the accumulator. Contained within the 
control data for the accumulator are the 4 least signifi 
cant volume bits and the multiply state. In the preferred 
embodiment, the multiply state is a three bit code which 
is used to determine what operations are to be per 
formed by the accumulator data and buffer databased 
on a modified version of Booth's algorithm. The 4 least 
significant volume bits are transmitted through the cir 
cuit and contained within the volume hold circuit 120 
(FIG. 4d) with the 8 most significant volume bits from 
the buffer. At the same time, the multiply state bits are 
received by a volume circuit 140. The volume circuit 
140 decodes the multiply state bits which form a 3 bit 
code M1, MO, M-1. The 3 bit code M1, MO, M-1 is 
transmitted to a multiply logic circuit 150 which con 
tains a table corresponding to a series of operations 
which are performed in accordance with the Modified 
Booth's algorithm which is well known to those skilled 
in the art. The Modified Booth's algorithm is a method 
used to perform the multiplication of two binary num 
bers. The conventional simple Booth's algorithm is 
designed to multiply one bit at a time. 

Referring to FIGS. 7a and 7b, there is shown a flow 
chart depicting the Modified Booth's Multiply algo 
rithm. FIG. 7a illustrates the registers used in calculat 
ing the Modified Booth's algorithm. A first register is a 
multiplicand register 200. The first bit of the multipli 
cand register 200 is a sign bit 202 which indicates if the 
register is positive or negative. The multiplicand regis 
ter 200 is preferably 16 bits in length and contains data 
from the buffer. 
A second register is a multiplier register 204. The 

multiplier register 204 includes an extra bit 206 which is 
required for properly performing the Modified Booth's 
algorithm. The multiplier register 204 is preferably 13 
bits in length and contains volume data. The multiplier 
register 204 also includes a sign bit 208 for indicating if 
the register is positive or negative. 
A third register is a counter 210 which keeps track of 

the calculation stage of the Modified Booth's algorithm. 
The counter 210 is preferably a 4 bit counter. 
A fourth register is the accumulator register 212 

which contains the partial products of the multiplicand 
and multiplier after each multiplication is performed 
and ultimately stores the end result or end product. The 
accumulator register 212 also includes a sign bit 214 
which is preserved as each multiplication step is per 
formed. 
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Referring to FIG. 7b, there is shown a flow diagram 
depicting the Modified Booth's algorithm. In block 220, 
a multiplicand is loaded into the multiplicand register 
200 and a multiplier is loaded into the multiplier register 
204. Next, an initialization process occurs in block 222. 
The initialization process includes setting the accumula 
tor register 212 to zero, setting the extra bit 206 in the 
multiplier register 204 otherwise referred to as M-1 to 
zero and setting the counter 210 equal to the number of 
multiplicandbits which is preferably 12. Next, the iden 
tity of the multiplicand bits is determined in block 224. 
The value of the multiplicand bits determines the next 
operation to be performed. Once a given operation has 
been performed, the counter 210 is decremented by 1 at 
block 226. Next, the value of the counter is determined 
at block 228. If the counter equals zero then the multi 
plication process is complete. If the counter does not 
equal zero, the next multiplication is performed. 
The present invention uses the Modified Booth's 

multiply algorithm which shifts 2 bits at a time as shown 
in FIG. 7b. In this way, the multiply operation, which 
uses a 12 bit multiplier, can be completed in 6 opera 
tions, i.e., 6 cycles through the audio processing loop 
30, as opposed to 12 operations if a simple Booth's mul 
tiply was used. In the first cycle through the audio 
processing loop 30, an extra bit, number M-1, is set to 
zero and the 2 least significant volume bits are accord 
ingly placed in bits M1 and M0. These bits are transmit 
ted to a multiply logic circuit 150 (FIG. 4d) which 
compares the bit numbers to the table stored within the 
multiply logic which provides the instruction command 
for performing the next step in the Modified Booth's 
algorithm. 

Referring to FIG. 5, there is shown a chart and graph 
illustrating the types of instruction commands which 
are to be performed by the audio circuit in view of the 
Modified Booth's algorithm. Referring to the chart, it 
can be seen that each 3 bit code M1, M0, M-1 represents 
an operation or operations to be performed on the accu 
mulator data and buffer data. The operations which can 
be performed include shifting the accumulator data by 
at least one bit, adding or subtracting the accumulator 
data and buffer data or shifting the resulting sum of the 
accumulator data and buffer data by one or two bits. It 
is to be understood by those skilled in the art that the 
symbol ">>' signifies a shift operation. It is also noted 
that for each multiply state, the last bit of the previous 
multiply state is the same as the first bit of the next 
multiply state. Three of the volume bits are labeled as 
M1, M0, M-1 for each operation. After each operation 
is performed on the first three bit code, for example, V1, 
V0, 0, the next three bit code is formed by shifting the 
data by two bits for each partial sum. Therefore, the 
next three bit code would be V3, V2, V1. This process 
continues until a partial sum has been taken for all of the 
volume bits. 
For example using a modified Booth's bit code, if the 

3 bit code is 000, a shift right twice instruction is trans 
mitted to a combined logic circuit 160 (FIG. 4b). The 
combined logic circuit 160 thereby provides the instruc 
tions necessary to perform the desired operation. The 
buffer data is transmitted through an XOR circuit 162 
and a sign extend circuit 164 which maintains the sign of 
the data, i.e., whether it is negative or positive. At the 
same time, the accumulator data is transmitted through 
a shift register 130 and a sign extend circuit 132 which 
maintains the integrity of the sign for the accumulator 
data into an adder circuit 170. The combined accumula 
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tor data and buffer data, which is now stored within the 
accumulator data, is then transmitted through a pair of 
shift registers 174, 176 which perform the required shift 
right twice instruction. The resultant accumulator data 
is transmitted through the remainder of the audio loop 
30 and stored within the variable RAM. 32. 
A turbo mode may also be included in which a trade 

off occurs between the processing speed and the num 
ber of multiplier bits which can be processed. For exam 
ple, only 8 volume bits may be processed by the audio 
processing loop 30 instead of 12 bits. By processing 
fewer volume bits, a 50% increase in processing speed 
can be achieved without adversely affecting sound 
quality. The faster processing speed allows for higher 
audio sampling rates. 
Turbo mode forces the multiply state machine to 

multiply the buffer data by only the 8 most significant 
bits of the volume, using only 4 processing loops. 

Referring to FIG. 6, there is shown a flow diagram 
depicting the processing of the length data and period 
data located within a single audio channel through the 
audio processing loop 30. It is to be understood by those 
skilled in the art that the processing description is lim 
ited to one audio channel for purposes of simplicity, and 
that each audio channel is processed in substantially the 
Sale act. 

The period data represent the amount of time each 
audio data sample 12 is played and is represented by a 
fixed number of clock pulses. The period count deter 
mines when the period has timed out. Once the period 
data bits enter the processing loop 30, it is determined at 
block 60 whether the period counter has timed out. A 
period timeout indicates the end of a particular data 
sample 12. If the period is not timed out, the counter is 
reduced by 8 at block 62. The number 8 indicates the 
number of clock pulses by which the period is reduced. 
Since it takes one clock pulse to travel through the 
processing loop 30, and since each of the 8 audio chan 
nels is pipelined through the audio processing loop 30 
prior to reentering the loop, it will take 8 clock pulses 
before the audio channel reenters the loop. 

If the period counter has timed out, this indicates that 
the audio data sample 12 has been completely pro 
cessed. The audio sample is then sent to the retiming 
RAM 40 at block 64 for fine adjustment processing. 
Next, it is determined in block 66 whether the audio 
sample is a 16 bit word or two 8 bit words. If the audio 
sample is two 8 bit words and only one 8 bit word has 
been processed, then the lower 8 bit word is processed 
by the audio processing loop 30. Next, the variable 
RAM32 must be informed that additional data needs to 
be transferred into the buffer register. These additional 
data represent the next audio data sample 12 within the 
sound waveform. 
Once the period data bits have been processed, the 

data bits enter the length data bits processing portion of 
the loop. The length indicates the number of 16 bit 
words, which store either one 16 bit data sample or two 
8 bit data samples 12, which are contained within a 
sound waveform and is represented by a length count 
value. Each time a 16 bit word is processed, the length 
count value is decremented by one. At block 72, it is 
determined whether the length counter equals zero, 
which signifies a timeout. If the length counter is not 
equal to zero, then more data still remains to be pro 
cessed and the length bit is unchanged. However, since 
it has been indicated that the period counter is timed 
out, period data must be loaded from the parameter 
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RAM 22 and provided with a fractional remainder 
which provides fine period resolution. Since 8 clock 
pulses are required for each audio channel to travel 
once through the audio processing loop, if the period 
value is not a multiple of 8, the remainder data bits will 
be processed in the retiming RAM 40 to provide fine 
resolution to the audio sample. 

If the length counter equals zero, then the length data 
bits have timed out and new length data bits must be 
loaded from the parameter RAM 22. When the length 
data bits time out, this signifies that the sound waveform 
has been completely processed. As such, a new sound 
waveform must be received from the data input circuit 
20. Again, since the period has been indicated as being 
timed out, period data must be loaded from the parame 
ter RAM 22 and provided with additional data bits for 
providing fine resolution of the data sample. 

Referring back to FIG. 4, the audio processing loop 
may also include a period fine mode for providing a 
higher perceived degree of resolution. The period fine 
mode is a technique for causing the audio processing 
loop 30 to extend the period for that one of Nsamples 
such that its period is 280 in longer than the other sam 
ples for that channel. In the preferred embodiment, Nis 
a number which can be programmed into the audio 
processing loop 30 and is between 1 and 64. The period 
fine mode affects the 6 least significant bits of the period 
data. A value from 1-64 is chosen such that when the 
period reaches a predetermined point a particular sam 
ple is delayed by 280 ns. By increasing the period by this 
fractional period of time for the one delayed sample, the 
resulting resolution is improved and the period of the 
waveform which is to be produced can be more pre 
cisely specified. 

During the period fine mode, the 16 bit period regis 
ter is divided into two parts. The first part is a 10 bit 
integer period binary number and the second part is a 6 
bit binary number which represents the fractional per 
iod. The fractional binary number can hold one of 64 
values which are used to adjust the integer period by an 
additional x/64 parts which x is the fractional number 
value. 
Each time the integer period binary number is decre 

mented, the fractional period is incremented by the 
fractional portion of the period value. The accumula 
tion of these fractional additions will eventually cause 
the fractional period binary number to be incremented 
during a fractional addition and as a result cause a delay 
in the timeout of the period counter by one 280 ns tick 
so that the sample output time is delayed by 280 ns for 
that period timeout. The end result is that the period 
increases in length by the fractional period binary num 
ber when averaged over a number of period time outs. 
The period fine mode is initiated by a period fine 

signal (audperf) 190 which is received by a multiplexer 
180. The multiplexer 180 transmits a 3 bit save period 
signal (saveper) 192 which is received by an audio con 
trol circuit 182 which synchronizes the period data. 
These 3 bits are the retiming bits which are taken from 
bits 8, 7, 6 for period fine mode. A derived logic signal 
retimeper then enters the retiming RAM 40 and in 
creases the period the designated value. 
From the foregoing description, it can be seen that 

the present invention comprises an audio channel sys 
tem for outputting an analog signal corresponding to a 
sound waveform in a personal computer system. It will 
be appreciated by those skilled in the art that changes 
could be made to the embodiment described above 
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14 
without departing from the broad inventive concepts 
thereof. It is understood, therefore, that this invention is 
not limited to the particular embodiment disclosed, but 
is intended to cover all modifications which are within 
the scope and spirit of the present invention as defined 
by the appended claims. 
We claim: 
1. An audio channel system for providing an analog 

signal corresponding to a sound waveform in a com 
puter system, the computer system including a proces 
sor, a system memory for storing data, and a data bus 
coupled to the audio channel system for transmitting 
audio input, the audio channel system comprising: 

a plurality of audio channels, each audio channel 
containing a predetermined number of audio data 
samples for producing a particular sound wave 
form; 

a plurality of volume bits defining a volume level at 
which each audio data sample is played; 

audio processing means for processing the sound 
waveforms for each audio channel, said audio pro 
cessing means acting as a shared processing ele 
ment which receives said audio data samples from 
each said audio channel, said audio processing 
means dividing each of the audio data samples into 
a plurality of data such that said plurality of data 
for each audio data sample is pipelined through 
said audio processing means in a serial manner to 
produce processed data samples, the plurality of 
data for each audio data sample for each audio 
channel being in various processing stages at any 
given time, said audio processing means combining 
said processed data samples and said volume bits to 
produce an audio output signal for each audio 
channel; and 

output means for combining the audio output signals 
of each audio channel to produce a total audio 
output signal; 

said audio processing means further comprising: 
clock means for determining the length of time neces 

sary for processing each data sample of each audio 
channel by said processing means; 

fine adjustment means for fine tuning each data sam 
ple; 

holding means for holding a processed data sample 
from a particular audio channel until the next data 
sample from that particular audio channel is pro 
cessed; 

data sample directing means for directing said pro 
cessed data sample to either a left audio channel or 
a right audio channel or both; 

scaling means for scaling said processed data sample 
such that said data sample does not exceed a prede 
termined number of bits; 

a first digital to analog converter for receiving data 
samples which have been directed to said left audio 
channel and converting said data samples into ana 
log sound signals; and 

a second digital to analog converter for receiving 
data samples which have been directed to said right 
audio channel and converting said data samples 
into analog Sound signals. 

2. An audio channel system according to claim 1, 
wherein said clock means is a 280 ns clock. 

3. An audio channel system according to claim 1, 
wherein said fine adjustment means is a retiming RAM. 
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4. An audio channel system according to claim 3, 
wherein said retiming RAM is capable of processing 
from 0 to 7 retiming delays. 

5. An audio channel system for providing an analog 
signal corresponding to a sound waveform in a com- 5 
puter system, the computer system including a proces 
sor, a system memory for storing data, and a data bus 
coupled to the audio channel system for transmitting 
audio input, the audio channel system comprising: 

a plurality of audio channels, each audio channel 
containing a predetermined number of audio data 
samples for producing a particular sound wave 
form; 

a plurality of volume bits defining a volume level at 
which each audio data sample is played; 

audio processing means for processing the sound 15 
waveforms for each audio channel, said audio pro 
cessing means acting as a shared processing ele 
ment which receives said audio data samples from 
each said audio channel, said audio processing 
means dividing each of the audio data samples into 20 
a plurality of data such that said plurality of data 
for each audio data sample is pipelined through 
said audio processing means in a serial manner to 
produce processed data samples, the plurality of 
data for each audio data sample for each audio 25 
channel being in various processing stages at any 
given time, said audio processing means combining 
said processed data samples and said volume bits to 
produce an audio output signal for each audio 
channel; and 30 

output means for combining the audio output signals 
of each audio channel to produce a total audio 
output signal; 

said plurality of volume bits equaling twelve, said 
volume bits being multiplied with said processed 
data samples in sets of two volume bits in accor 
dance with a Modified Booth's algorithm. 

6. An audio channel system for providing an analog 
signal corresponding to a sound waveform in a com 
puter system, the computer system including a proces 
sor, a system memory for storing data, and a data bus 40 
coupled to the audio channel system for transmitting 
audio input the audio channel system comprising: 

a plurality of audio channels, each audio channel 
containing a predetermined number of audio data 
samples for producing a particular sound wave- 45 
form; 

a plurality of volume bits defining a volume level at 
which each audio data sample is played; 

audio processing means for processing the sound 
waveforms for each audio channel, said audio pro- 50 
cessing means acting as a shared processing ele 
ment which receives said audio data samples from 
each said audio channel, said audio processing 
means dividing each of the audio data samples into 
a plurality of data such that said plurality of data 
for each audio data sample is pipelined through 
said audio processing means in a serial manner to 
produce processed data samples, the plurality of 
data for each audio data sample for each audio 
channel being in various processing stages at any 
given time, said audio processing means combining 
said processed data samples and said volume bits to 
produce an audio output signal for each audio 
channel; and 

output means for combining the audio output signals 
of each audio channel to produce a total audio 65 
output signal; 

said audio processing means further including an 
audio processing loop which processes in each loop 
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a portion of said plurality of data and a set of vol 
ume bit pairs, said audio processing loop process 
ing the plurality of data until each audio data sam 
ple produced by each audio channel has been con 
pletely processed. 

7. An audio channel system according to claim 6, 
wherein said plurality of data comprises length data, 
period data, volume data and audio data. 

8. An audio channel system according to claim 6, 
wherein each audio data sample includes period data 
representing an amount of time each audio data sample 
is played, the system further comprising period fine 
means for increasing the period data by a fractional 
amount for each audio data sample. 

9. In an audio channel system comprising a plurality 
of audio channels each containing a predetermined 
number of audio data samples, an audio processing loop 
which acts as a shared processing element for process 
ing the audio data samples of each audio channel and 
output means for outputting the processed audio data 
samples, a method for outputting an analog signal corre 
sponding to a digital sound waveform comprising the 
steps of: 

a. transmitting audio data samples to the plurality of 
audio channels from a data input circuit; 

b. separating each transmitted audio data sample into 
length data, period data, buffer data and accumula 
tor data; 

c. transmitting one of said audio data samples for each 
channel to the audio processing loop; 

d. pipelining said length data, period data, buffer data 
and accumulator data in a staggered manner for a 
first audio channel through said audio processing 
loop; 

e. multiplying said buffer data and accumulator data 
of said first audio channel in accordance with Mod 
ified Booth's algorithm; 

f, storing the product of the buffer data and the accu 
mulator data in memory; 

g, pipelining said length data, period data, buffer data 
and accumulator data in a staggered manner for a 
succeeding audio channel through said audio pro 
cessing loop once the audio data sample for a pre 
ceding audio channel has been stored; 

h. multiplying said buffer data and accumulator data 
of said succeeding audio channel in accordance 
with the Modified Booth's algorithm; 

i. storing the product of the buffer data and the accu 
mulator data for the succeeding audio channel in 
memory; 

j. repeating steps g-i until all of the audio channels 
have entered the audio processing loop; 

k. repeating steps c-juntil each audio data sample for 
each audio channel has been completely processed; 
and 

l. combining the processed audio data samples from 
each audio channel to produce an audio output 
through the output means, the audio output having 
a sampling frequency of up to 110 KHz. 

10. A method according to claim 9, further compris 
ing the steps of: 

processing the pipelined length data and period data 
for each audio channel to determine if a timeout 
condition has occurred; 

requesting additional audio samples from the data 
input circuit if a timeout condition occurs; 

processing the length data and the period data if the 
timeout condition has not occurred; and 

storing the new length data and buffer data in a vari 
able RAM. 

sk k k k k 


