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A System for Multiple Channel Mixing and
Processing of Digital Audio

Mark Rudolph

CHOITHAM Sigral Any Corporation
New York, New York

1. Abstract

The GOTHAM Sigaal Aris Sigma-DSP3" is an imegrated environment for mixing, equaliza-
thon and dynamics processing af up to 60 digital audio channels and is intended for wse in
professional music and post production studies. The system design and application software

grew from p i lni-p is work st ATET Bell L ies and
continued st GOTHAM Signal Arts C\:rpofallolLThe system consists of a costom version of
the DSF3 ([1], [2]), i ™ I AT&T Bell Lab

 high fidelity digital interface 1o multi-rrack digital tape machines, an Ethernet connectar
allowing i iom 0 be sent f i “moving fader” mixing

or computer “virmal” consodes, and a mndary ploeew for spectral analysis and display.
“The DSP3 fup to 128 each st an AT&T DSPI2C

Thoating point processor, 256 Khytes of zero wait state static RAM and a special communiea-
tions ASI'F also developed at AT&T Bell Laboratories. A custom opernting system and

I developed for the DSP3 by GOTHAM Signal Arts to allow the
poweet 1o handie up 1o 60 channels of

necessary icatii idth and
digital audin.

11, Introduction

The Sigma-DSP3 con be thought of 2s & massively parallel Ethernet device with special audio
interface capability (Figures 1 and 2). The sy of an optional Sun a5
a saftware, development platform and supports the use of the Sun Network File System for
Toading of executsble files. Also (omueumglhe Sun to the Sigma-DSP3 s a serial connector
sothatd i e boo-up. indow. Th

1 Sigms-DEPYis o Tradenrk [™) of GOTHAM Signal Asms Corporatios

is hased around the YME bus and lheu are spaces for sk 6L VME cards ot winien teo are
standard, an Excellan Eth dand y bost* (RTH) card. A second
“V5B" bus connects the parallel ports of all DSPXIC processors and allows the RTH to read
and write directly to and from local DSP32C memary via parallel DMA. A large hard disk is
used for storing start-up and application code and allows the Sigma-DSF3 1o operate a5 a
“rurnkey™ system without the Sun. The processor oards are 90U VME cards and each contains
16 nodes. A node comsists of one AT&T DSP32C floating point processor, 256 Kbytes of zero
wail state RAM and a special communications ASIC. A system uses 3 10 5 processor bodrds
depending on whether it is a 32, 44 or 60 channel version. There is also one U "I05" baard
which handles packel communications berween the ETH board and the processor boards.
Finally, the left and right moitor channels are sent via digital interface 10 a DSP32C card in
2.8 PCwith a high resalution VGA monitor, This subsystem daes realtime 8K FFT analysis at

o ol e

P ing Iog frequency g amplitude scaling in
either 20 or 30,

‘The networking capability of the Sigma-I3SP3 is based on its ablliy o ereate TCF/IP sockets

o computer vi 1e. Th led by
Iyyte protocel. The contral philosophy sdopted is that -ll nlrhnﬂgu-l plmu@md mixing
e cantrollable from familiar analog mixing consok le capab

ing 1o & pre-existing TCP/IP sacket be able 1o control the Sigma-DSP3 by use of 1 standard
message protocol.

Also provided is & user specified array of cutput mu‘hoe moﬁl:sallml\lnomlmcllm
with g units or master recorders wsi ikable digital fi

AESEBL, SDIF, $/PRIE, FRODIG], J\'Cfomnlow'j‘umhlnmnmlnmdan format
is 32-hit flnating point whi ides an internal ical dynamic range of 150048, At the
output the master mix and moniter mix are redithered 10 16-20 integer bits by dithering
modules.

The internal icati heme of the system is d B of o Bl

control stream, serial asdio input and owput directly 1o and from each node, and pockel

communications from node to node on a 160 Mbyle/sec, “NFI" bus formed by the currens
2



array.

There are i i 32,44
and are intended for use with existing 24 channel, 32 channel and 48 channel digital tape
machines. The processing power of the Sigma-DSP3 ranges from 1 Gflop in its 32 channel
wersion b0 1.64 Gflops in its 60 channel version,

The softw i is hi

(Figure 3). The top layer is Sun/Unix with c-com-
pilers, ¢+ + “front™, and DSP32C assembler and simulstor. This highest layer is used for
snftware development only and is not part of the final system. The next layer s the Venex
operating system runaing on the KTH sauao This layer handles Ethernet eommunications,
booting, loading. i Lt in the nodes
Wertex is multi-tasking and featares o lﬂl—ﬂme elock, semaphores, mailboxes and quewes for
interprocess regulation. The lowest software level consists of the miving and processing code
and & custom operating system kernel of packet communication and topalogy switching
routines wsed in inter-node communications. In the case of the Sigma-DSP3, all code running
on the nodes s written in assembler for maximum speed.

111, Control

The intended control of the Sigma-DSP3 is the set of mixing faders and EQ and dynamics
knobs on a scanned anabog m]mswmle.uummzmemdam on a high resolution
Eraphics screen of i Th

ower 8 TOPIP Ethernet stream socket, The Sigma-DSP3 has an Excellan Ethernet \-"MEeunl
and an Ethernet transceiver. The physical connection to the system is a BNC “thinnet” cable
o the transceiver. The Sigma-DSP3 has a unique Internet address and creates the server side
of 8 TCP/IP socket during initialization after pwer-m Clients on Ethernet need only create
their end of the socket and o the already i DSP3 socket. Usually there
are local operating system functions 10 accomplish these actions. For example, in Unix the
functions are socket() which returns a socket descriptor, and connect() which estublishes the
software connection using supplied information shout the server Sigma-DSP3, Once the
socket i established the sending of control messages 1o the Sigma-DSP3 is exactly analogous
10 writing data 1o a file, The function call is identical but uses the sock iptor in place of

a file descriptor, Error checking, buffering and requests tor resend are nandied imvisingy as
part of TCP/TR. The Exbernet bandwidth is ten megﬂmx per second 5o is more than adequate
for f fader and knoh i The cpects four byle messages
which icate channel mumber, functi ke,

A process Tunning on the real-time bost reads incoming messages, tramslates them inta
Information for the Rodes and writes this information directly into the local memory of the
target node or group of nodes, An arbitrary namber of bytes can be written and, in some cases,
asemaphore is set in order (o prevent the node processor from reading part of o previous data
set and part of a new set,

¥ Determinism Via Serial Input Counter

Animp ique for making icatii fficient i !

Then there is no need for case testing and the use of a bus can be precisely planned for
maximum efficiency. For mixing in partioular, the send of each channel packet can be made
1o e se time when the b be g 1o be free, and the arrival of packer:
at @ mix node can be made 1o oceur in pre-determined arder s no checking of their source is
mecessary and mixing scalers can be read from a simple incrementing pointer.

Thcoadeuun@ 0 #chieve determinism is for all nodes to have an absobute time reference so

The D5F3 |
clock accessible by all nodes. Therefore, one clock lakl from the multi-track digital tape
machine & used 10 to control all audio input and output, and each node keeps a local
symchronized count based on the srrival ordcpanurenlum;ﬂs mlM serinl port. Nodes in

the system have two general functions. Channel nodes do ey l dy ics process.
ing, and mix nodes scale and accumulate mnplunml‘mmlh: channel nodes. The hasic
P ing and mix unit is the packet whi i.e., 1.5Bms duration.

‘Channel nodes count samples by counting serial intermupts. Channe] nodes abways have three
packets within thelr workspace. Packet -2 was received from the serial port two packet
“perinds” ago and was Joaded into the output FIFO in the previous packes period. In the
present packet period packet N-2 waits 1o be sent o the mix nodes, Packe N-1 is the packet
accumulated from serial interrupes during the presious packet segment and is now processed
during the non-interrupt periods of the present packet period. Packet N is being accumulated



trom the sersal interrupts durning the present packet penod. As each new sample arnyes at the
a='na| input buffer an interrupt is. urnrmbeﬂ and wulml the mlemlpl service routine a counter
ome, During each i from its imitinl

value of T0 down 1o zero, st which point the counter i reset 1o 70 sgain,

Associated with each channel i a unigue sample number used as a packet send “trigger™.
Within each jump to the serial interrupt service rowtine the sample counter is decremented
and tested to see if it equals the trigger number, If it does, the node first switches configuration
0 connect its output FIFO 1o the NPT bus. Then the node sends packet N-2, already loaded
in the ompn(HH) during th period, to the mix nodes which it In the

d:elrwr ge from 68 for channel one down to % for channel
fll, Channe] K sends its packet when the sample counter reaches 65-K. The amount of time
required to switch configuration and send a packet i significantly less than the 22.675ms
berween the arrival of the present sample and the next sample. Thus, no interrups are
undeteeted and hence each channel node sample counter is always accurate. Furthermore,
sitsce the samgles from all chansels arrive at the serinl ports of the respective channel nodes
at the same time, all channel nodes have identical counter states. Thus, since each channel
ool completes its packet send within one uniquely assigned packet period, no packet
collisions can ever occur and the channel sumbes order of the packets recedved at the mix
nodes is determined.

Mix nodes alse keep glohally synchronized sample count but in & different manner. The
DSPXIC features a simple serial DMA capability. With serial DMA enabled, two registers are.
dedicated to use a8 serial input pointer and serial output poimter, When a sample is either
taken from the putput pointer location and placed in the output buffer or arrives at the input
buffer and is baded into the input painter mﬂm the sppropriate pomlu wwu is
P | The range of
wvalises in the channel nodes. For ple counter Til, the printer i atsome
start address A, and when the sample counter decreases to zern ﬂ|= painter has advanced
daress A +70° {all i four byte floats), Thus, the location
of the pnmier can be used 1o determine what sample count is in the channel nodes. This
imter address allows the pointer register 1o be

tested ngainst specific addresses in order to trigger mix events which are synchronized with

channel node events. In particular, the final "barrier” address (A + 704) is used 10 test If 2
new packel period has begun and the pointer needs 1o be reset.

o " First, th e ¢
tion to ensare that all nodes, both channel and mix, receive the same first “wave” of samples
which trigger counter and pointer i A random ized star

might oceur just at the instant @ wive of samples arrived at the serial poris. Minor time skew
duse 1o path length differences might cause some nodes 1o sense 8 sample arrival while otbers
might not, Those nodes which did not detect o sample arrival will have missed one intermpt
or DMA trigger relative to those that did detect a sample arrival, and hence all bocal coanters
would not be d. The initial is achieved by the remote host
signalling mode number one by writing 10 a speclal memory location in node one's local
memory Afver node one is mlsﬂ it wails for a sample 10 arrive. After the sample arrives

nly packed to all ich
canses them 10 turn on serial interrupts in the case of channel nodes, or trn on serial DMA
in the case of mix nodes. After node one al e i ial interrupl These
sctions are achieved in well under the 22.675ms sample time, i.e., well before the next wave
of sumples, Thas, ull nodes are listening for the same approaching wave of samples so that
their lacal counters or pointers are globally smchronized. Finally,  point must be mode
concerning configuration (Figure 4). A node in the linear array can be configured elther with
input FIFO enabbed 1o allow packet reception or packet pass-through (configuration one) or
with output FIFD connected 1o allow par_m send {configuration fwo), An attempt to send a
packet 1o or through a node i ie ith autput FIFO
will result in failure. Thus care must be taken Lo ensure (M\hc path to the target mix nodes

coasists of nodes all in iom one. The b o

its packet only when all nodes between it and its target are in configuration one. First, upon
counter reset to 70, all nodes are In configuration one. The linear srray i implemented so that
the mix nodes are all *to the right” of all channel nodes, and charnel lmda one is furthest "
the left” in the array (Figare 5. At couner ti ‘
twin and sends its packet. Then at counter time &7, channel node two switches to configuration
two and sends its packet, and so on. In each case, all nodes “10 the right” of each sending
channel node are in configuration one, and all nades "o the lefi” are in configuration two,
“Thaus no blocking can occur so all packet sends are successful, Finally, ar sample counter 8, all




«channel nodes have sent their pack: it is safe th i i in

Omee again, refl allows.

safe, prediciable deterministic system bebavior.

¥ Mixing
Mixing is achieved by the scaling and ing of each ch | packet in the mix node to
form & mix packet. The realtime host keeps track of fader and pan positions and ‘oafoff
information, Whenever a dmlge o any of these pumnebem accuTs @ new mix scaber is

4 P Apacket
sent 1o & mix node is received in the input FIFD, and each of the 70 samples is multiplied by
the: current mix scaler for that channel and secumulated in a mix buffer.

The mdes asalgnedlolim Ltk o i ixing the master ght autp

igh il o Th of nodes assigned
I.omndvq i based on umvaluum‘lhe time to send a packet on the bus to the time taken

from the FIFO, This ratio is approdmately 05 10 1, Le.,

the pucket sends are twice as fast a5 the FIFO undosds. This, in order to fully utilize the bus
time segment two mix nodes are used o perform each single channel mix. Odd numbered
ehannel Dodes send their packets to the "odd™ mix nodes, and even numbered channel nodes
send their packets to the “gven” mix nodes. in this manper, the bus is fully uilized. Channel
nade pack i 1 i TF
by one sample count, add mix node FIFC i d even mix
nude FIFD unloads starting on even sample counts. The: alhermtlon o[ FIFO unboads between
ndd and even mix nodes allows sufficient mix processing time since each FIFO unload, scaling
and accumulation of & packet requires slmost two sample counts 1o complete. Also, as
mentioned before, the order of the channel packets received is always 1, 3, 5, 7, ete. in the odd
mix nodes and 2, 4, 6, 8, ete. in the even mix nodes. Therefore, scalers for each distinet channel
packet can be read from an incrementing pointer.

O and even mix nodes are adjacent 1o one another, the even node one position further o
the right” in the linear array than the odd node. The mix nodes for a 60 channei gystem include
the following, in order left 1o right: suxiliary mix one odd, awdlary mix one even, suxiliary mic
twor o, snuiliary mix two even . ailinry mix six odd, suxiliary mix six even, monitor lefi

odd, manitor left even, monitor right odd, monilor Tght EVe, master MO KT oo, IESIET Hi
Left even, master miy right odd, master mix right even.

After all chanmel nodes have sent their packets, Le. I #, the odd mix
o configuration two, Le., connect thelr outpwt FIFOs, and send their accumulated “odd
channel mix” 1o the respective even mix node “mate” which is adjacent. No blncking resalis
sinee the send is 10 4 nearest right neighbor. The even mix nodes accumulate the full channel
mix, left, right or auxiliary & the case may be.udlemmnhl&nﬂhrumuuihy DMA

inth AR, T st L i
the odd mix node switches back 1o configuration one, lwelnotpnﬁ-ﬂuwghwbe ready for
the nexi i This gwitch renches

zer0 and hence, onee again, oo blocking ever occurs.

Eachodd or s abl old e i s b ch
nnd:hdlow:dmhauupm!hmlqgu]buuddm “uadlmdswnbemlywd
ordinal mumber in the linsar v all odd < by i ‘group ID" while

all even mix nisles can be assigned a second groap 1D, These ID numbers are written to a

specific location in the packet header when the packet is built. The ID is used by the
ications ASICs 1o &k i her a packet is to be londed, loaded and passed on,

o simply passed on.

A summary of the sequence of events within each packet period can now be specified for an

example &) channe] system. First, channel node one switches to configuration two and

broadeass jts par:kgl o all odd mix nodes &t sample counter ﬂs. Next, channel node two
o broadcasts |

&7, This procedure continues until finally, channel 60 switches 10 configuration two and
broadessts its ptc]:el 1o all even mix mdr.salsampkwumew Th:n:lsampl: counter B all
channel ack d all odd
i send their odd i ans 10 heir ponding right neighbor even
mix nades which accumulate the final mix packets to be sent by serial DMA during the next
packes period, Next, all odd mix podes switch back in configuration one. Finally, when the
pl the DMA pointer hes it i all node states
are incremented and all buffer pointers are set according to the new state, and the sample
counter is reset to N for the next packet period. The overall mix and monitor system delay is




three packet periods or appronimately Sms. The overall suxiliary mix system delay is about
twice that or approximately 10ms,

Additional features of the mix are cul and selo. Cut removes 8 specified channed from the
monitor mix and solo removes all channels except a specific channel from the monitor mix.
Cut and spdo are applied at the mix node so the application delay is equal 1o the console
scanming delay phus the EthornctDMA delay phus two packet periads, Le., loss than 10ms.

VI. Processing

Th onis [ Sach chaal Sk tr miodeied jomof the Neve
VR console. The only difference bs the addition of an adfustable delzy line i each channel 10
allow the sym:'ﬂ'oliu[luu of input transients. An example of s use is when differing

for when is recorded
in a hall using maltiple microphones. Following the delay line |I|= input has & trim mlml L]
nannel input. Neas, there i a pl b

of the input waud’nrm from zero 1o pl or vice versa, Next there are two frequency adjustable
cut filters, The Frequency range of the low cut filter is 31.5Hz to 315Hz The frequency range
of the high cut filter is T500Hz 10 18kHz. These filters have (dB gains in the pass band and
roll-off a1 & shope of -12dB per octave. MNext is the dynamics processing section, about which
moge will be sald lster. Finally, there is the equalization section. This is a stracture of four
Filsers, lorw, high, mid] and mid2, The low and high £l ither be set

having gains + 1848 ro -1848, or boost fikers having = 18dB gains and O values of I}.?} ori
“The frequency range of the low filter is 33Hz to 370Hz The frequency range of the high filter
s 1500Hz to 1 TkHz. The mid filters have 2 18dE gains and O values of 0.5 1o 9.0, The frequency
range of the mid1 filter is 190Hz to 2kHe, and that of the mid2 filter is 800Hz to 8. TkHz.

All the filter coefficiens are stored as sets of five floating point numbers in the 3Mb of wser
memory an the RTH board. When a console filter knob is moved a new pointer into the filter
coefficient table is computed. Then a block of data Is sent via DMA to the Jocal memory of
the approgriate channel node. The five coefficients are writted to the new coefficient bulfer
and & semaphore B w2 o indicate thay o change has occurred.

The dynamics processing section i berween the two ct filters and the four equalizing flvers.
The section consists of . imiter and a The advantage of working
9

in the digital domain is that present dynamics decisions can be made
upon the future states of the signal because an entire packet of “future™ samples is abways
i il <4 e i P

amplitude threshold for 8 specified bength of time. When the compression ratho is sed at K:1,
the purtion of the signal to be compressed is decreased in amplitude 5o that its peak B level
above threshold is K times lower than its original value. For example, if the ratio is 2:1, a signal
with pesk at 6B shove threshold s reduced to a signal with peak 3dB above threshold.
Limiting Is compression with a ratio of infinity 1o one, Le., clipping. Expansion is the inverse
ufo'mml-eaawn] with amplitade bdw-wﬁedll!mlhnldlsnmmed wﬂml
p alue is K times

Gating decreases any portion of & signal below & specified threshold level to & new level &
specified dB “depth” below the threshold, A second “unmute” level above the threshold can
‘be specified which is the level a signal must atiain again before gating is halted,

VIL. Analysis

Ins order 10 aid the audio engineer in the
the steren output of the monitor mix is sent as a digital stream wanwalamwbmhem The
monitar mix és identical o the master mix unfess 4 solo button is pushed in which case the
monitor mix is simply the solo channel (izseful for the BQ of a particular channel). The analysis
system consists of a PC with VGA monitor and a card containing a DSPI2C, 256Kbytes of
RAM and a digital interface.

fzation and signal p ing n general,

The spectral analysis consists of the following, The left channel, right channel or channel sum
Bwi and an BK FFT is p times per second and displayed in either 2 ar
3D graphical form abong with the presem SMPTE timecode. The linear resofution of the FFT

5Hz and there are three selectab l‘reqnenq seales: MHz 1o 20kHz, 2Hz 10
2kHz and {).2Hz 1o 200Hz. There are also th bl 1o (dB,
0B to B and -180d8 1o (4B, In addition to the graphical display, audio segments con be
analyzed and that information captured to hard disk. When a capture is made, the spectral
amplitede at each of 512 log frequencies is recorded for each 100ms frame. If the cussor ls
mawed 10 any log frequency, the SMFTE time corresponding to the ooourrence of the
amplinde peak in that hand is displayed. Then the captured graphics information can be
replayed on the sereen and halied at the oceurrence of the selected peak in order 1o sheerve

L]
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eaptured to disk file A and me Same segment procedsed can be captured 1o disk file B, Then
each can be averaged and a difference displayed in order 1o show the frequency response of
the processing. Thus the spectral analysis subsystem can be used 25 a graphical aid o EQ
procedsing and ax a test system for revealing the frequency respanse of exterior processing

h a5 de-essers, and other effecss modules.
VI, Conclusion
The GOTHAM Signal Arts Sigma-DSP3 is a high fidelity digital mumg, EQ and dynamics
for s i post-p ios. It can aceom-

modiw np o B ﬂupml awdio channels and is designed 10 I.|||eﬂ‘we w Mllngzd 32 and 48

consale or computer virtual console via a simple Ethernet connection and message protocol,
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Fiqure 1: DSP3 Architecture
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Figure 2: Sigma-DSP3 Architecture




Figure 3: Sigma-DSP3 Software Environment
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Figure 4: Sigma-DSP3 Single Processor Board
Linear Array Configuration
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Figure 5: Nodes in Linear Aray Topology



