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An Audio/Video Simulation Facility

David V. Jwm,es

Ampex Corp.

Redwood City, California

ABSTRACT

The digit, al audio/video simulat, ion facility was construct, ed Lo
aid in the development of new signal processing algorithms. A gen-

eral purpose PDP-11/55* computer is used to process data in non-
real-time, but real-time evaluation of the results is suI>por[ed.

Software development was minimized by using [he same signal pro-

eessing modules for 1 dimensional (audio) and 2 dimensional
(video) signal processing. Ali programs are written in a higher

level language ('C') and can be transporLed to oU'mr eornputers
using the UNIX? operating system.

The audio portion of Lhe facility supporls real lime

input/out, pul of stereo audio channels at a 50kHz sampling rate.
Interactive experiments involving A/B comparisons are available
for evaluation of new algorithms. A tape recording illustrates Elm

usefulness of the system.

1. Introduction

Commercial audio laser disk recordings should be available to the general

public within the next decade. The availabili/y o[ inexpensive high quality data
medium and the dramatic cost reductions in digital hardware have irritiaLed an

influx of digital signal processing technology int,o the audio marketplace. The

change from analog to digital design Leehnologies has created the need for a new

set of design tools to assist the audio product engineer.

Computer simulations have always been useful for analog design, and exten-

sive packages such as _SPICE 1 have been developed for this purpose. These sirnu-
Iai, ion tools have had limited success because of their eornplex human int, erfaec,

the size of computers required for them, and the expense irt CPU time to com-

pute the results.

Digital simulation of digital signal processing algorithms is simpler arrd

highly desirable. The equivalence between a hardware adder or register and
computer operations is easily specified. The time to develop and Lest aeomple×

signal processing algorithm in software is less Lhan [he lime required Lo order,

develop, and debug the hardware sirnulatkm. General purpose computers can
be used to simulate a signal processing algorithrns in non-real Lime; higher'
speed hardware can be built Lo shnulate the a{goriLhrns in reabth'ac.

The Audio/Video simulation facility at Ampex represents the fired, phase of
tool building for the evolving digital decade. The benefiLs derived from this

*I)_:C-and]J])I]]1l..... cgistcred t,rad ..... rks of Digital Equip .... l Corporat, ion
'[Ur,ix is a Trademark ofBe/1 Laboratories
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facility include: 1. Performance evaluation of digital signal processing algo-
rithms for products currently being designed. 2. Performance evaluation and

feasibility studies for future products. The technical feasibility and practical
value of noise reduction or sigrial modification algorithms developed by the

DAI{PA speech community can be tested and evaluated for possible use in future
product designs. 3. Software and hardware tools used in the development of the

facility may be spun-off to other research and product development projects.

The Audio/Video Simulation Facility provides the power to process audio or
video data. Most af the general purpose computational facilities (computer

hardware and software) are shared by both applications, but only the hardware
and software applicable for audio simulations are covered in this paper. More

detailed coverage of the video aspects of the system is available elsewhere. 2

g. Digital Audio Simulation Facilities

E.1. Data Acquisition Hardware

Peripheral equipment includes a high quality cassette and tuner to provide

flexible input data sources, an Ampex ATI_-102 audio tape recorder for high qual-
ity recording, an Apt-Hoitman pre-amp, Audio Technology level meter, Bryst,on

2B amplifier, Stax SR-3 headphones, and Rogers LS3/_SA speakers. 'Analog tapes
and speakers are used for simple demonstrations; digital recordings are use for

the most sensitive headphone based experiments.

A/D and D/A converters (CODECs) were obtained from the commercially
available Ampex ADD-1 digital audio delay unit. Ampex compatible converters

and backplane wiring minimized design time by maintaining compatibility with
internally available hardware.

The interface hardware attached to the CODECs has programmable conver-

sion rates, and may be operatedin mono or stereo modes. The CODECs may be
used for input/output to the computer, or can be used for local monitoring (A/B

to D/A direct), placing no data transfer load on the host computer l a DEC
PDPll/5,5 16 bit, minicomputer). All modes are controlled by the host com-

puter.

Design flexibility required the use et general purpose ])MA interface
hardware. A general purpose interface was obtained by adapting an MDB sup-

plied DEC equivalent DI_llB DMA interface a to ¢n adapter card with control cir-
cuitry, 12g words of first in first mit (I;'IF0) data buffering, and line drivers and
receivers for 200 foot line driving capability. This hardware adequately supports

the current experiments being performed with stereo _50kHz signals.

g.2. Signal Processing Software

The cost of one byte of hardware is 1-5 cents, the east of the software to fill
it is about erie dollar, illustrating the importance of welt planned software

development. To minimize our internal software development costs, all digital
audio software has been written Lo be transportable to other processors (such as

the VAXll/7B0), is modular in design, and eon be used for multiple chanriel one

or two dimensional signals (audio and video).

'['he UNIX operating system 4 provided the desired tools for software develop-

ment. The language "C ''5 is well supported, allows bit-type manipulations for

detailed arithmetic simulations, arid thc compiler is supported on many proces-
sors. Modular programming styles are supported by I.he r)per'aLing system,

allowing a complex programming task to be broken down into a eoncaLenaLion of
several small simple programs.
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For signal processing applications, data is transferred between signal pro-
eessing tasks in signal segments consisting of a segment header followed by data

(Figure 1). The header specifies the length of the data segment, number o[
channels, one or two dimensions, data type (8, 16, or 32 bit fixed point, 32 or 84
bit floating point, real or complex), and digital sampling frequency. This infor-
mation allows modules such as the Fast Fourier Transform (FFT) to adapt to the
format of the input data. This concept has functioned well; a significant number
of modu[es have been produced for audio signal processing; many of these
modules can also be used for filter design and video applications (Figure 2).

3. Applications

3,1. Filter Design

The simulation facility provides the capability to design and evaluate digital
filter structures. The first application of this capability was provided by
engineering personnel investigating the effects of filter length and accuracy on
the performance of the desired Finite Impulse Response (FIR) filter response. A
proposed filter frequency response was as follows:

FilterLength 17
Filter Type Band-Pass
Pass-Band Region .16-.33 FS
Stop-Band Region 0.0-.1, .4-.5 FS
Error Weighting Equal in all bands

(FS is the digital sampling frequency)

Using one of the available text editors, these design parameters are encoded in
the specified ASCII data format and stored in the temporary file filspec.

The modules Seqfir and lpr are available to solve this design problem. The
module Seqfir uses the Parks and McClellan FIR filter design algorithm (_to cal-
culate the optimal filter parameters; the output ASCII text is normally directed
to the user's eomputer terminal. The module lpr transfers the ASCII data input
from the terminal to the line printer. By using the Unix "pipe" feature (the '1'
symbol, these two modules can be directly connected on the command line,
eliminating the intermediate terminal communication:

Seqfir fi[spec Ilpr

This concatenation of commands produces data for evaluation (Figure 3).

Other signal module programs can be used to compute and plot the fre-
quency response of the filter coefficients (Figure 4):

Seqfir -11024 -dl.0 fiispee ] Sift I Spproe -P -1-1o-40 [ Splot Imp

In this ease, the module Seqfir produces an output signal segment (1024 zero
filled data points and digital sampling frequency normalized to 1.0). This signal
segment is piped to Sift (Fast Fourier Transform), a point by point processor
$pproc (options specify power, logarithm, and a low limit of -40). The resultant
data is piped next to the plot program Splot to caleulate the graph coordinates
(minimum and maximum X and lr coordinates are derived from the data and
need not be specified) to produce a device independent graphic output
specification. This final graphic output may be piped to the hardcopy plotter
rttp (as shown) or the graphics Tektronix terminal tek,
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The effects of quantization of the filter parameters can be studied by round-
ing them before display(Figure5)',

Seqfir -11024 -dl.O filspee I Spproe -rndl5 I Sift ! Spproe -P -1 -lo-40 I Splot ]
mp

In this case, the first Spproc module option specifies that the input should be
rounded to the nearest 1/I6'th fraction.

3.2. Analog Component Calibration

The initial CODECs were factory prototypes. Calibration of the hardware
was performed using the available signal module software. The test data used
for this measurement was a relatively pure digitally synthesized eosin-wave
(lkHz, .5 times full scale) generated by the Sees module:

Sees-LlgO00-116000-Ti 16384,1000,0 >d5-a

This generated a signal module header followed by 16000 samples of 16 bit
integer cosin-wave data. The amplitude was .5 of full scale (32768), the fre-
quency lkHz, and the initial phase angle is zero. Output of the module was
directed to the contiguous data file d5-¢.

The pure oosimwave can be used to calibrate the CODECs by connecting the
analog output of the D/A converter to the analog input of the A/D converter. 7
The digital data in the computer file d5-m is updated with the corrupted loop-
back data by typing the command line:

Seonvert -id d5-a

The option -¢o specifies that data is to be input and output simultaneously.

Conceptually, the data could be passed through the spectrum analysis pro-
grams discussed in the introduction. In practice, the convert module and the
hardware insert a delay in the returned data. An option for processing the input
data is: .

Shdin -s12000 -12048 -L2048 I Sfftl Spproe -P -1 -lo-160 I plot 'ql mp

The initial 5'hdin module seeks past the first unsettled data locations to produce
a signal segment of length 2048, The resulting plot (Figure 6) illustrates the
magnitude and location of the noise and harmonic distortion (about 60dB of Uae
experimental CODECs.

3.3. Algorithm Evaluation

The special hardware interfaces to the existing hardware were provided to
allow real-time evaluation of various signal processing algorithms. A simple
illustration of this capability is the audio demonstration comparing the percep-
tual errors introduced by three data compression algorithms.

To perform the demonstration, 20 seconds of audio data is converted and
stored on a contiguous data file d20-c_:

Seonvert -i20 d20-a
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This data is processed by three different, algorithms:

Spproc -md-256 da0-a > da0-b

Spproc -ran-256 -rnd-256 d20-a > d20-e

Spproe -Aout -Ain daO-a > d20-d

The first data file d20-_ is the original data. The second data file d20-b con-
tains t,he original data quantized to [,he 8 most significant hits by romlding. The

third data file ct20-c contains the original data dithered with additive white
noise and rounded to the B most significant bits. The fourth data file d20-g

contains I,he original data after' encoding and decoding using Lhe logarithmic
based B bit A-law data compression standard.

All of the above data files are evaluated in an interacf, ive fashiorl by I,yping
the command line:

Seonvert -o _c d20-a da0-b d20-c d20-d

The options for Seonvert specify dat,a output (-o), and continuous opcral, ion r-c),
The audio data will be continuously output, from thc file c120-cL repealing every

20 seconds. The source of the output data can be changed by typing one of t.he
four keys [0,1,2,311 for selection of one of the four data files specified on the com-

mand line (d20-a, d20-5, d20-c, or cl20-d). The data in thc file (Z20-b eon-
rains perceptual noise and distortion due to quanLization, d20-c has increased

noise levels but, no apparent distortion, r_20-d, ilhtstratcs the effectiveness of
logarithmic encoding for data quantization. All of t}lese evahmLions have been

performed elsewhere, but are included here for illustrative purposes.

4, Summary

The facility described ia this paper' emphasized the dcveloprnent of tools for

digital audio product development. The general nature of the design tools has
resulted in a wide range of applicable uses including audio and video signal pro-
cessing, algorithnl development, and digital filler desigrL

The facility is adequate for preliminary investigations; the addition of a

higher performance signalproeessor is planned. Based on our past, experiences.
the ideal real-Lime processor will have the computational bandwidth and data

accuracy of the Systems Concepts processor '0 while maintaining t,he generalized
architecture philosophy of the DVT9 or i.I)SP 1° signal proces_;ors.
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General Purpose Signal Moduies (Audio/Video)

Satosig Convert ASCII data to signal module format
Sift One/Two dimensional Discrete Fourier Transform
Sframe Zero fill or data crop
Shdin Insert header on raw data
Shdrem Remove header from raw data

Spproe Point by point processor
Sprint Print signal module data
mp Versatek hardeopy output
tek Tektronix terminal graphical output

One Dimensional Signal Modules (Audio)

Seonver[ A/D and D/A conversion of audio data (hardware dependent)
Sdrbtest Test DMAinterface (hardware dependent)
Seqfir Parks and McClellan FIR filter design
Stilt IIR or FIR filter

Sharm Harmonic distortion (sin-wave removal)
Snorm Normalize signal data
Splot Plot signal data
Swind Window data (Hamming, Hanning, Blackman, ere)

Two Dimensional Signal Modules (Video)

Sunlaee Separates an interlaced frame into fields
Slate Interlaces 2 fields into a frame

Sht Computes Hadamard transform on arbitrary subpietures
Siht Computes inverse Hadamard transforms
Scl Computes Cos[ne transforms on arbitrary subpietures
Siet Computes inverse Cosine transforms
Sdpcmeod Performs DPCM encoding with specified linear predictor and

quan/lzer
Sdpemdee Performs DPCM decoding with specified linear predictor
Scode Performs specified quanLization scheme for each channel
Sdeeode Inverse of Scode

Sbse Simulates binary symmetric channel with given error rate
Shalftone Display image on dot ma[rix plotter
Sty Display image on TVmonitor
Smse Computes NMSE between two images
Shist Computes estimate of probability density function (histogram)
Splt Make vector plot with axes
Slaplaee Laplacian edge enhancement
Sgamma Alter gamma
Sinterp Zooms a decimate image with 2-D interpolation and filtering
Strans Transpose large arrays
Smix Mixes signal streams

Figure 2: Signal Modules for Signal Processing
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deviation : -.001709139

deviation : -.042'537073

deviation = -.060050058

deviation = -.065490057

deviation = -,866195274

deviation = -,066229255

deviation : -.066232961

FINITE IMPULSE RESPONSE (FIR)

Linear Phase DiQital Filter Design

Remez Exchange Algorithm

Bandpass Filter

Filter Length = 17

·_ Impulse Response _$_

H(B) : -1,60175208e-02 = H(15)

H(1) = 6,2239261Be-05 = H(15)

H(2) = 8.971S8640e-02 = H(14)

H(S) : 1.44461245e-05 = H(13)

H(4) = 2.3478BB59e-02 = H(12)

H(5) : -1,5_493512e-05 = H(11)

Iq(6) = -3.068459Bge-O1 = H(IO)

H(7) = 3,S6045581e-05 = H(9)

H(B) = 4.649BOO_Ge-01 = H(8)

BAND 0 BAND I BAND 2

Lower Band Edge 0,0000000 0.1666700 0.4000000

Upper Band Edge O.1000008 8.3333000 9.5000000
Desired Value 0.0000000 1.0000000 0,0000000

Welght_n_ 1.0000000 1.0000000 1,0000000
Deviation 0.0662330 0.0662330 0,0662330
Deviation in dB -2_,5785142 0.5570422 -23,5785142

EXTREMAL FREOUENCIFS--Ma×ima of the Error Curve

0.0000000 0.06944_5 0.1000000 0,]666700 0.1944478

0.2500054 0.S0555B7 0._333000 0,4000000 0.4312499

Figure 3: Printout Produced by Filter Design Module Seqfir
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