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I/0 Interface

Max
Signal  |Nmber|Type[Drive|Vin |Special| Description

JOYPB[3:3] | 4 | IN SV |ST,PU |Joystick Push—button Inputs

JOYCMP[3:0]| 4 |BL,0D|8mA|5V |ST,PU |Joystick Comparator

INMIDI T 1IN 5 | ST |MIDI UART Input

OUTMIDI 1 |0UT |4mA MIDI UART OQutput

CDROMI T 1IN 5V | ST [SPDIF Input from CD-ROM

GPSPDIF T 1IN 5V | ST |General pursose SPDIF Input

SPDIFQ[3:0]| 4 |OUT |4mA TBI |SPDIF Outputs

VOLINCN 1 | IN oV [ST,PU |Volume Increment Push-Button

VOLDECN 1 |IN 5V {ST,PU {Volume Decrement Push-Button

ZVSD 1 1IN 5V | ST |Z Video Serial Data In

184 |ZVSCK 1T |IN 5V | ST |Z Video Bitclock

ZVLRCK 1 1IN oV | ST |Z Video Word Clock

AC97BCK 1 | IN SV | ST |Bit Clock Input from AC97 CODEC
AC97SDI 1T | IN oV | ST (Serial Data Input from AC37 CODEC

20< [AC97SYNC | 1 |OUT |4mA TBI |Sync Output to AC97 CODEC
1
1
1
1
1
1
1
1
1
1
1
3
1
1
1

14
16
24

AN AN

AC97SDO QUT |[4mA TBI |Serial Data Qutput to AC97 CODEC
AC97RSTN QUT |4mA TBI |Reset Not to AC97 CODEC

MIXCSN OUT |4mA TBI (Chip Select Not to V32A CODEC
MIXCLK OUT {4mA TBI |[Bit Clock to V32A CODEC

MIXDTA OUT |4mA TBI |[Serial Data to V32A CODEC

EECS OUT {4mA TBI |EEPROM Chip Select

FECLK OUT |4mA TBI |EEPROM Interface Bit Clock
EESDO OUT [4mA TBI |Serial Host Data to EEPROM
EESDI IN 5V | ST |Serial Host Data from EEPROM
AC3FS IN SV | ST |Frame Sync for AC3 Decoder
AC3DBCK IN SV | ST |Bit Clock for Decoded Data from AC3 Decoder
AC3DSD[2:0] N 5V | ST |Decoded Audio Data fram AC3 Decoder
PULSEN OuUT |4mA TBI |DAA Connection

HANDN OUT [4mA TBI |DAA Connection

HOOKN OUT [4mA TBI |DAA Connection

SEE FIG. 3A71

SN

22

Modem

FIG. 34
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SEE FIG. 34

§ { LCSN 1IN [av DAA Connection

§ RINGN T 1IN 5V DAA Connection
PCICLK 1 1IN PCI PCI Bus Clock
PCIRSTN 1 1IN PCI PCI Bus Reset Active low.
CLKRUNN 1 | BI |PCI|PCI PCI Dynamic Clock Control
AD[31:0] |32 | BI |PCI|PCI PCI Address and Data Bus
CBEN[3:0] |4 |BI [PCI|PCI PCI Command/Byte Enable signals
PAR 1 | BI |PCI|PCI PCI Bus Parity
FRAMEN 1 | BI |PCI|PCI PCI Frame, Active low.

“ TRDYN 1 | BI |PCI|PCI PCI Target Ready, Active low.
IRDYN 1 [ BI |PCI{PCI PCI Initiator Read Signal, Active low.
STOPN 1 { BI [PCI{PCI PCI STOP Transfer Control Signal, Active low.
DEVSELN 1 | BI |PCI|PCI PCI Target Device Select Not
IDSEL T |IN PCI PCI Device Select for Configuration
REQN 1 [TRI |PCI PCI Bus Request Not
GNTN T | IN PCI PCI Bus Grant Not

FIG. 3A1
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PERRN 1 |BI PCI PCI Parity Error Report Signal, Active low
26 < |SERRN 110D (PCI TBI |PCT System Error Report, Active low.

INTAN 1 10D |PCI TBI |PCI Interrupt, Active low, Level sensitive

CLKS12 1 | IN |PCI| 5V 24,576 MHz Clock from AC37 Oscillator

TEST T 1IN SV | ST [Active High Pin initiates Manufacturing Test

PLLGND 1 |PWR Analog Ground for Clock PLL

PLLPWR 1 [PWR 3.3V Analog Power for Clock PLL

VDD 12 |PWR| 3.3V Chip Power (3.3V)

PCIVIO 7 |PWR PCI 1/0 Buffer Power (3.3/5V)

VSS 18 |PWR Chip Ground

BIASSV 1 |PWR SV Bias for 3V Tolerant Inputs

Total Pins |144 Signal I/0=96, P/G=40, N/C=8

Table 12 EMU8010 I/0 Signal Definitions

Nomenclature:

IN | Input

OUT | Output

BI |Bi—directional

TRI | Tri—state

0D | Open Drain

ST | Schmidt Trigger

PWR| Power

NC | No Connect

PU [Pull Up

TBI | Input only in PNAND test mode

FIG. 3B
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AUDIO EFFECTS PROCESSOR
INTEGRATED ON A SINGLE CHIP WITH A
MULTTPORT MEMORY ONTO WHICH
MULTIPLE ASYNCHRONOUS DIGITAL
SOUND SAMPLES CAN BE
CONCURRENTLY LOADED

STATEMENT OF RELATED APPLICATIONS

The following two commonly-owned applications are
being filed concurrently and each is incorporated herein by
reference in its entirety for all purposes:

“AUDIO EFFECTS PROCESSOR HAVING
DECOUPLED INSTRUCTION EXECUTION AND
DELAY MEMORY SEQUENCING,” Steven Hoge inventor
(Ser. No. 08/887,362, still pending); and

“PROCESSOR WITH INSTRUCTION SET FOR
AUDIO EFFECTS,” Steven Hoge inventor (Ser. No.
08/886,920, still pending).

BACKGROUND OF THE INVENTION

The present invention relates to audio effects processors,
and more particularly to such processors integrated on a
single chip with multiple audio streams.

Audio signal processors are typically included on a sound
board or multi-media board in a computer. Such a board will
typically connect to the backplane bus and communicate
with the host microprocessor. Typical functions included on
such a board are the synthesizing of sound, such as by
frequency modulation, and the storing and manipulation of
audio sound samples. In addition, such boards will typically
have a joystick connector for use with video games or other
applications. In addition, connectors are provided for a
microphone, line-in, a CD-ROM player, speakers, line-out,
and a MIDI port.

Typically, multiple chips are included on such a board,
such as not only the sound processing chip, but a separate
signal processor, a mixer chip for mixing multiple audio
signals, a CODEC or one or more analog-to-digital (ADC)
and digital-to-analog (DAC) converters, and a frequency
modulation sound synthesizing chip (FM chip).

Typically, the mixer would mix sounds in their analog
form, with any digital processing being converted to analog
form before being provided to the mixer. In addition, the
digital processing chip would typically handle one audio
stream at a time due to the need to synchronize with a
particular audio stream. Digital audio signals may vary
slightly, and the signal processing chip may have a phase
lock loop (PLL) circuit for synchronizing to the data rate
being provided to the chip. When a switch over to another
audio source is done, the PLL resynchronizes to the new
source.

Digital audio information and other data, such as joystick
signals, can be provided to the host processor over the
system host bus. One typical type of bus is the PCI bus. The
PCI bus includes a standard protocol and requires certain
information from any peripheral connected to it for hand-
shaking and identification purposes. Typically, such infor-
mation is stored in registers in the peripheral device.
Included in such information is data identifying a particular
board vendor, for instance. Accordingly, manufacturers of
sound processing chips will typically have these registers
programmed by an EEPROM chip encoded by the particular
OEM vendor.

With the increasing demands on sound capabilities with
today’s computers, it is desirable to have a sound processor
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2

which can handle more data streams while minimizing the
amount of circuitry required to handle the streams and the
number of support chips needed.

SUMMARY OF THE INVENTION

The present invention provides a sound processor inte-
grated on a single chip with multiple digital sound sample
stream inputs. Each input is independently connected to
separate ports of a multi-port memory. The architecture
allows multiple, asynchronous digital sound sample streams
to be concurrently loaded into the memory without requiring
synchronization to any particular stream.

In a preferred embodiment, the multi-port memory also
receives sound sample data from a host processor through an
intermediate sound engine. In addition, up to three streams
of digital data can be resampled from the multi-port memory
and fed back to the host, preferably over a PCI interface.

In another aspect of the present invention, the PCI con-
figuration registers have default values so that an EEPROM
is not required unless those values are desired to be changed.
The use of the default values is preferably indicated by tying
high or low a pin for receiving serial data from the
EEPROM. Additionally, pulling this pin high or low is used
to enable or disable the joystick port, respectively. Finally,
the ring and LCS pins for the modem connection can be
pulled low to disable the modem. Accordingly, the invention
makes multiple use of certain pins to limit the need for
additional circuitry.

For a further description of the nature and advantages of
the invention, reference should be made to the following
description taken in conjunction with the accompanying
drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram of an audio processor chip
according to the present invention.

FIG. 2 is a block diagram of a sound board onto which the
audio processor chip of FIG. 1 could be incorporated.

FIGS. 3A and 3B are a listing of the pin assignments for
the chip of FIG. 1.

FIG. 4 is a diagram illustrating the location of different
signals on the pins of the chip of FIG. 1.

FIGS. 5-9 are timing diagrams for certain sound inter-
faces for a sound processor according to the present inven-
tion.

DESCRIPTION OF THE PREFERRED
EMBODIMENT

FIG. 1 is a block diagram of a sound processor chip 10
according to the present invention. At the center of the chip
is a multi-port RAM memory 12, which is used by a special
purpose digital signal processor optimized for enhancing
audio, called the effects engine 13. A number of buffer
interfaces for digital audio sample sources connect directly
to ports of memory 12. These interfaces include a CD-ROM
SPDIF interface 14, a general purpose SPDIF interface 16,
a ZVIDEO Audio I°S interface 18 and a CODEC or ADC/
DAC interface 20. Optionally, an interface 22 for a AC-3
audio decompression and decoding chip is included. Finally,
six or eight channels of SPDIF output to interface 24 are
provided to four output pins.

Memory 12 can also receive sound samples from a host
memory. The interface with the host memory is over a PCI
bus through a PCI interface core 26. PCI slave circuitry 28
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and master circuitry 30 connect to interface 26. Sound
samples can come in through PCI bus master 30 to a sound
engine 32 for processing, and from there can be stored in
memory 12.

In addition, a resampling path is provided through three
resampling streams 38, 40, and 42 to a tank RAM cache
(TRAM) 44.

Also provided is an EEPROM interface 46 for providing
default configuration register and other register values from
an external EEPROM for the PCI register values. In
addition, an audio clock recovery circuit 48 is provided.

FIG. 2 illustrates a typical sound board on which an
integrated circuit according to the present invention may be
mounted. Sound processor chip 10 is shown mounted on a
circuit board 50. Shown is a CDROM connector 52 which
couples to interface 14 of chip 10. Also shown is an AC97
CODEC 54 which would connect to interface 20 of FIG. 1.
An optional AC-3 audio decompressor/decoder 56 is shown
for connecting to interface 22. If an AC-97 CODEC is not
used, discrete components may be substituted, including a
CODEC or separate A/D and D/A converters and a mixer
chip.

Also shown are various other connections to sound pro-
cessor chip 10, including a joystick connector 60, a phone
line connection for a modem 62, a line in connector 64, a
microphone connector 66, and a speaker output 68. In
addition, a connection to a PCI bus 70 is shown. Bus 70
connects to the host microprocessor 72 and to main memory
74.

AUDIO I/O OVERVIEW

Audio I/O is accomplished by mapping I/O channel
buffers into the processor’s general purpose register (GPR)
address space in memory 12. On each sample period, signals
from the input channels appear in the input GPRs, and the
contents of the output GPRs are written to output channels.
The GPR-mapping allows I/O channel buffers to be used just
like a GPR operand in any instruction of the effect engine,
with no restriction on reading or writing.

In general, audio I/O is multi-buffered, so that all samples
arrive and depart from the effects engine 13 synchronously.
This means that input and output signals for any I/O channel
can be read or written at any time during the sample period
(ie., from any instruction step) and the signals are guaran-
teed to “belong” to the same sample period.

Another feature of the I/O architecture is that the same
logical input and output channels share a common GPR
location. This means that when a signal flows in on a
particular channel, it will also flow out on that channel if not
altered by any instructions. Thus there is no instruction
overhead associated with simply moving signals through the
effects engine; if not otherwise programmed, the effects
engine acts as a digital “wire” for the multi-channel audio
stream flowing through it. In fact, this is its default reset
behavior.

The overall structure of audio signal flow is shown in FIG.
1. The effects engine 13 and memory 12 can be seen at the
center of this signal flow; it collects 16 audio channels from
the SoundEngine 32 as well as five additional streams from
external audio interfaces. The corresponding 21 output
channels can be routed back to external interfaces as well as
to host memory, via the PCI bus.

A number of audio paths are running synchronously at a
(nominal) 48 KHz sample rate clock derived from the AC97
CODEC. This includes the sound engine 32, effects engine
13, AC97 CODEC interface 20 and S/PDIF outputs 24.
However, the interfaces also includes hardware to perform
sample-rate conversion to or from the local 48 KHz rate on
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4

several other audio paths. These other paths can interface
with memory 12 through buffers in the interface. These
interfaces include CD-ROM interface 14, general purpose
SPDIF interface 16, and ZVIDEO interface 18.

All audio sources are 16 bits wide, and are left-justified
into the MSB position of the memory 12 GPRs; the least
significant bits will be zero-filled. Similarly, outputs are also
16 to 20 bits wide from the same portion of the 32 bit wide
GPR words. Output GPRs are simply truncated before being
passed out of the memory 12; if desired, dithering can be
performed in microcode before the truncation occurs in
hardware. A special GPR-mapped dither noise source is
provided for this.

Inputs

Sound Engine. The sound engine 32 is a 64-channel
version of the prior EMUS000 wavetable synthesis engine.
One difference is that any four of 16 output channels can be
selected as the destinations for each synthesizer voice, with
(smoothed) variable scaling on each of the four ends. The 16
synthesizer output channels become 16 input channels to the
sound effects engine 13.

AC97. The AC97 interface supplies two (optionally three)
audio input channels at 48 KHz. In fact, the system clock is
usually derived from a clock shared by an AC97 CODEC;
thus the AC97 is the sample rate master for the entire system.

In AC97 parlance, the three channels are known as the
optional microphone (mono) and ADC (stereo) channels.
The 48 KHz microphone channel comes into memory 12 on
the same channel that is sent out to the 48 KHz to 8 KHz
sample-rate converter in feedback path 42 to the PCI
interface, so that no instructions are required to route this
signal.

Microphone Recording. The AC97 CODEC optionally
contains a third ADC which is intended for use as a
monophonic microphone input. Data from this ADC channel
is routed at 48 KHz into the effects engine on input channel
20. The corresponding effects engine output channel 20 is
routed into a sample rate converter which will convert the 48
KHz monophonic channel into an 8 KHz monophonic data
stream. If the microphone buffer size register (MBS) is
programmed to a non-zero value, this data stream is trans-
ferred to a host memory beginning at the microphone buffer
base address (MBA). Audio data is accumulated in a FIFO,
then transferred to the host memory buffer in a burst. When
half the programmed buffer size is reached, an interrupt will
occur if the MBIE interrupt enable bit in the interrupt enable
(IE) register is set. A second interrupt will occur when the
end of buffer is reached, at which time additional data will
subsequently be transferred at the start of the buffer. Transfer
of data will continue until the MBS is set to zero.

ACY97 ADC Audio Input Recording. The AC97 CODEC
contains a stereo ADC producing a stereo digital audio
stream at 48 KHz which is routed to the effects engine on
two channels for the left and right streams respectively. The
corresponding effects engine output feeds a stereo sample
rate converter, whose output can be written to a buffer in host
memory. The output rate of the sample rate converter is
determined by the ADC sample rate/stereo control register
(ADCSR). This register also controls which channels will be
written to host memory. A transfer to host memory will
occur as long as at least one channel is enabled for write in
the ADCSR register, and the ADC buffer size register
(ADCBS) is non-zero. If both channels are enabled for
writing to the host, the transfer will always occur as pairs of
interleaved left and right 16 bit audio data words, with the
left word at the lower address. The transfer is enable,
beginning at the ADC buffer base address (ADCBA) by






