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MKl PREFACE

The MKIIl is our 4" generation gold series analog to digital converter.

The first gold AD, model AD122 (developed under our old company fiasBeTechnologies)

was the first converter to reach 122dB dynamic range which is 20 bits of true performance.

Whil e most AD converters specify-adngtimodwhick r ang
reduces fAthe accountabi |l i tcigspModef AD128 pravidedand hi g
122dB with no A weighing.

The second generation converter, The AD®BZrovided was an extension from the standard

44148 KHz sampling rate to Adouble speedo (88. 2
range dynamic range wasver then the standard range, and it was upgraded to the AD122

MKII.

The MKII provides 127dB dynamic range (without A weighing), and a consisteant
performancever the frequency range. The much improved clock scheme provides extremely
low jitter with both internal and external lock. Achieving the state of the art performance
required increased usage of power, with much of it converted toBezause of the relatively
high heat dissipation, when mounted in a manner that does not provide adeqtikaioneor
operated in high ambient temperatures the MKII runs very hot, which can reduce its reliability

The MKIII is a redesign of the MKII, with a strong emphasis on heat redudtiennew
converter modules are housed in metal enclosures withvadssat sinksA new MKIII
motherboard incorporates all of the previous MKII revisions and is powered by a new power
supply, with better control over DC voltages and power dissipation. The clock circuitry is the
same as the MKII. The software is very seabhd left unchanged, therefore the features are all
identical to a MKII.The benefits ofeduced operating temperature aven lower distortions

over the whole frequency range as welirmseasedlexibility in mounting and range of ambient
operating tenpemltures.
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LIMITED WARRANTY

Subject to the conditions set forth below, for one year after the original purchase date of the
product, Lavry Engineering will pair the product free of charge in the United States in the event
of a defect in materials or workmanship.

Lavry Engineering may exchange new or rebuilt parts for defective parts. Please call the factory
for an RMA number prior to shipment. No produdli be accepted for warranty service without
a preissued RMA number.

This warranty is extended only to an original purchaser of the product from Lavry Engineering,
or an authorized reseller of Lavry Engineering. Products that are purchased from nireditho
resellers do not have any warranty coverage. A valid purchase receipt or other valid proof of
purchase will be required before warranty service is provided. This warranty only covers failures
due to defects in materials or workmanship and doesavet damages which occur in shipment

or failures resulting from accident, misuse, line power surges, mishandling, maintenance,
alterations and modifications of the product, or service by an unauthorized service center or
personnel. Lavry Engineering resesvthe right to deny warranty service to products that have
been used in rental, service bureau, or similar businesses.

This limited warranty gives you specific legal rights. You may have others which vary from
state/jurisdiction to state/jurisdiction.

LIMITS AND EXCLUSIONS
LAVRY ENGINEERING DOES NOT, BY VIRTUE OF THIS AGREEMENT, OR BY ANY
COURSE OF PERFORMANCE, COURSE OF DEALING, OR USAGE OF TRADE, MAKE
ANY OTHER WARRANTIES, EXPRESS OR IMPLIED, INCLUDING, WITHOUT
LIMITATION, ANY WARRANTY OF MERCHANTABIL ITY, FITNESS FOR A
PARTICULAR PURPOSE, TITLE OR NONINFRINGEMENT, AND ALL SUCH
WARRANTIES ARE HEREBY EXPRESSLY DISCLAIMED. LAVRY ENGINEERING
EXPRESSLY DISCLAIMS ANY IMPLIED INDEMNITIES. LAVRY ENGINEERING
SHALL NOT BE LIABLE FOR ANY INDIRECT, INCIDENTAL, CONSEQUENTIAL,
PUNITIVE, SPECIAL OR EXEMPLARY LOSSES OR DAMAGES, INCLUDING,
WITHOUT LIMITATION, DAMAGES TO RECORDINGS, TAPES OR DISKS, DAMAGES
FOR LOSS OF BUSINESS PROFITS, BUSINESS INTERRUPTION, LOSS OF BUSINESS
INFORMATION, LOSS OF GOODWILL, COVER, OR OTHERECUNIARY LOSS,
ARISING OUT OF OR RELATING TO THE USE OF THE PRODUCT, OR ARISING FROM
BREACH OF WARRANTY OR CONTRACT, NEGLIGENCE, OR ANY OTHER LEGAL
THEORY, EVEN IF LAVRY ENGINEERING HAS BEEN ADVISED OF THE POSSIBILITY
OF SUCH LOSSES OR DAMAGES. ANY DAMBES THAT LAVRY ENGINEERING IS
REQUIRED TO PAY FOR ANY PURPOSE WHATSOEVER SHALL NOT EXCEED THE
ORIGINAL COST PAID TO LAVRY ENGINEERING FOR THE APPLICABLE PRODUCT.
BECAUSE SOME STATES/JURISDICTIONS DO NOT ALLOW THE EXCLUSION OR
LIMITATION OF LIABILITY FOR CONSEQUENTIAL OR INCIDENTAL DAMAGES, THE
FOREGOING LIMITATION MAY NOT APPLY TO YOU.

Copyright © 2005 by Lavry Engineering, Inc. All rights reserved.

Lavry Engineering ® is a registered trademark of Lavry Engineering, Inc.
@bntrshb Ahs Bn steged Bradanmark gf Laviny Enginegrigd, Inc.
email: techsupport@lavryengineering.com

Internet: http://lavryengineering.com/
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PART I: Introduction

TheModel AD122-96 MKIII Mastering Quality Analog to Digital Converter receives analog input

signals at the left and right analog input channels. The converter can receive balanced or unbalanced
analog input signals. Individual left andht analoggain adjustment can be mada the front panel

adjustment pots. Fine tuning of reference levels can be achieved by setting the front panel bar graph

di splay (LED's) to AFineodo mode (r ef erthe AESEBUnet e
output.The AES/EBU XLR output is compatible with coaxial SPDIF using a simple adapter or adapter
cable.

Front panel selection enables setting word length between 16 and 24 bits (NI is a 20 bit setting as per
AES/EBU specifications). The reconended normal setting for word length is22bits (the audio

content utilizes 22 bits). Lower bit settings are aimed at redithering using the avadabgic ait

Co r r e c fedtucenRedithering to smaller words retains much of the acoustic information in the full
word width output.

The converter can operate with internal or external clock synchronization. Available internal crystal
frequencies are 48 kHz, 48 kHz, 88.2 kHz, or 96 kHz. For external synchronization, a signal is applied
to either the SYNC/WXLR input or the Word ClocBNC input. The external synchronization
parameters are programmed into the converter according to desired frequ&rmeyte and input type.

The input types are digital audio (AES/EBU) or word clock signals. The desired frequency lock range
settings are 44.1 kHz narrow lock range, 48 kHz narrow lock rangs) 4Biz wide lock range, 88.2 kHz
narrow lock range, 96 kHzarrow lock range, 88/44 kHz, or 96/48 kt¢pnversion rate 2X sync rate)

Vernier Transfer Function CorrectioneE:

The exceptional per f orAbDR22-26MKID fis dle dovdesign irbovationsia e r i I
both analog and digital sections. Therhhjgpwer consumption of the A/D modules, using high voltage

rails and high current, enables the use of discrete large geometry components. This provides advantages
from improved circuit architectureincluding class A amplifiers for fast settling and lowlestortions, and

the use of low value resistors for lower noise.

The performance of the lowoise highlinearity converter is optimized by a set of proprietary algorithms
utilizing a "digital vernier" technique which provides superior resolution arréaayn for changes in
circuit parameters, including component drift due to temperature and aging.

Additional features:
Test Tonesa fully programmable digital test tone generator for calibration.

Polarity Inversionchanges polarity of digitized awmsignal.

Soft Saturation:emulatesanalog tape saturatidar higher recording levels

UserDefined PowetUp Default Setting

Stereophonic Bar Graph Displajeatures wide dynamic range; the bar graph can be extended by 30, 60 or
90dB for viewing thenoise floor. The bar graph may also be altered for use as a reference meter bridge.

Clip Indication:when di gi t al full scal e i ndi cemhhbesento holsl e r
until reset by the user.

Format Controlpro or consumedata format. When in consumer mode the user can choose category,
C and L bit settings.

3
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Operating Instructions

Operation of thévlodel AD122-96 MKIII Mastering Quality Analog to Digital Converter requires
the use ofive push button switches located on the front panel. The liquid crystal display is organized
for a quick and intuitive operator interface. The unit features six screen displays.

Push Button Switches

ENTER Introduces and moves the cursor through scpesitions that can be edited by the
operator.

CURSOR Push buttons allow the user to choose a screen and to select the cursor position. The
UP/DOWN cursor buttons are also utilized when changing digits of a selected entry.

GO Initiateschangesn Clock SourceFrequency selection, Test Tone, and Preset store.

EXIT Removes the cursor and allows selection of other screens witiPfBEOWN buttons.
Pressing=XIT again will cause the unit to go to the main screen.

To Scroll Through Screens:

If the screenuarsor is present, you need to remove it by predsKiJ . When the screen cursor is not
present, th&)P/DOWN buttons serve to move from screen to screen.

To Edit Screens:

Pres€ENTER to introduce the screen cursor at the first editable location. Eadfoadbpressing of
ENTER will move the cursor to the next editable location. The settings at an editable location may be
changed by the use of thl®/DOWN buttons.

Holding theUP or DOWN buttons will automatically advance the settings. This featurericparly
useful for increasing or decreasing numbers (such as test tone frequency and amplitude or word
length).

Most operations react to a change of settings immediately without having t@@esEhere are three
settings requiring the use of tO button:

A Starting the test tone generator.

A St or i ng-updefault settirgs. power

A n@img &ample Frequency Source.
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Main Screen
The main screen is used for selecting the A to D clock source and outpluewgth parameters.

The top line controls the A to D clock source:

44.1kHz INTERNAL CRYSTAL
24 BITS WL ABC:OFF NSOFF

When setting for internal clock operation, choose sample rate and internal crystal mode:

44.1kHz INTERNAL CRYSTAL
48kHz  INTERNAL CRYSTAL
88.2kHz INTERNAL CRYSTAL
96kHz  INTERNAL CRYSTAL

When setting for external synchronization, the selections include:

A Sync. input connectoSYNC/WC INPUT XLR connector or the WORD CLOCK INPUT BNC
connector.

A Digital audio or Word Clockthe XLR connector can accommodate both AES/EBU digital audio
data and Word Clock. The BNC connector is for Word Clock only, as part of 86 10
interface.

A Lock range narrow lock range utilizing VCXO (internal voltage cotiigd crystal oscillators or
wide lock range (internal low jitter VCO).

Possible choices for the SYNC/WC INPUT XLR connector are:

XLR AES LOCK 44.1 Phase synchronous

XLR AES LOCK 48.0 Phase synchronous

XLR AES WIDE LOCK Phase synchronous

XLR AE S LOCK 88.2 Phase synchronous

XLR AES LOCK 96.0 Phase synchronous

XLR AES LOCK 88/44 Phase synchronous to 44.1
XLR AES LOCK 96/48 Phase synchronous to 48

Possible choices for the WORD CLOCK INPUT BNC connector are:

BNC LOCK 44.1 Phase ynchronous

BNC LOCK 48.0 Phase synchronous

BNC WIDE LOCK Phase synchronous

BNC LOCK 88.2 Phase synchronous

BNC LOCK 96.0 Phase synchronous

BNC LOCK 88/44 Phase synchronous to 44.1
BNC LOCK 96/48 Phase synchronous to 48

The 88/44 and 96/48ettings are provide to synchronize high sample rate AD conversion (88.2 or 96
kHz) to haltspeed external sync sources (44.1 or 48 kHz).
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Word Length and Acousticdi t Correcti onkE
The bottom line camols word length andcoustic it Co r r pararhetes:n E

[44.1kHz INTERNAL CRYSTAL
20 BIT WL ABC: HPDF  NS2

Setting Word Length:

The selection of word length (16 to 24 bits) sets the digital output word lengtiNI&sdting (word
length not indicated} a 20 bits default setting as per AES/EBU specifications. Miduel AD122-96
MKIII utilizes 22 bits for data (bits 23 and 24 contain little sonic information). We recommend a
default word length setting of 224 bits. The front panel "20+" lamp indieatwhen the output
contains 20 or more bits.

Acousticdi t Co r rigdedigned foffapplications requiring the use of fewer bits. Simple
truncation of lower order bits introduces sonic side effects (distortions and modulation of the noise
floor by the signal). Thécousticdi t C o r r featute jpovise£a selection of dither and noise
shaping algorithms. Dither overcomes distortions and noise modulation, but it also raises the noise
floor. The noise shaping algorithms provide an effective means of retaining higher bit content in a
lower bit format(it shifts the noise energy away from hearing sensitive frequency regions to less
sensitive ones). See Appendix | for a complete discussiBnafsticdi t Corr.ecti onkE

Dither choices are:

OFF no dither

HPDF high pass probability density function

FLAT recommended for data compression applications
Noise shaping choices are:

NSOFF no noise shaping

NS1 NS2 NS3or NS4 user sele@able noise shaping curves

Test Tone Screen

To generate a test tone, scroll to the test tone screen and set the frequency, amplitude and destination
(left, right or both). The frequency range is from 1Hz to 20kHz in $telgs. Amplitude range is 0dB

(full scale) to-99dB in 1 dB steps, with 8@FF setting for "digital black.” To change the frequency or
amplitude by large increments, hold down tHeéor DOWN cursor buttons. For small increments,

press th&JP or DOWN cursorbuttons repeatedly.

PressGO to start the tone (amplitude, frequency and destination settings may be changed during tone
generation). To stop the tone, pré&SdT twice (returning to the main screen).

Note that the internal tone generation consistsidfis of resolution. The word length at the output is
subject to truncation and dither settings.
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Audio Control Screen

SOFT SATURAIION OFF O
DC REMOVAL: ON +POLARITY

The user may activate the soft satunatieature by alterinthesetting afteiSOFT SATURATION on
t he t op OFFOn et+3dBofio aBdBOASOft Saturation settings are not stored in RAM preset.

When activated, the audio signal is amplifiedtfsy dB amount displayg@dB or6dB boost), ad
signal peaks are compressed gently to avoid digligbing. The feature emulates magnetic tape
saturationlt is still possible to clip the siwl if enough signal level igpalied to the analog inputs.

DC offset removal:
TheModel AD122-96 MKIIl converts signals down to DC (OHz). The total DC offset (due to DC
offset within the audio signal and the offset of the converter itself) can be removed.

DC REMOVAL should be activated prior to processing of audio, to allow for some settling time (less
then 3 seconds) and to avoid a "click” sound. The algorithm continues to monitor and correct for slow
varying offset variations.

PLEASE NOTE: Removing the offset is necessary for normal operation when recording audio
signals, so the lower line should alwaidisplayDC REMOVAL ON during audio recording.

Polarity:
+POLARITY corresponds to analog input sigegahnection with "pin Zorrinverting”.
- POLARITY corresponds to analog iapsignal connection with "pi3nontinverting'.

Note that polarity reversaorks for both balanced and unbalanced analog input signals. The analog
inputs (XLR connectors) are physically wired fon @inon-inverting polarity In the AD12296MkillI
polarity reversal is done digitally (after the conversion).

Data limiting settings:

ThesymboDi n t he ri ght c 8B8OFHT SATURATION OFF tOwmirmicates thae , A
full-scale valueareunchanged. The symbblindicates that fulscale values are limited to 1 least
significant bit less than full scale. In this mode doweestndevices will not showd i g i werad Thdi o
MAX lamp indicates fullscale in either mod&his bit is stored ilRAM presetDe f aul t i s fAO0.

Default Parameters Screen

TheModel AD122-96 MKIIl recalls its poweunp default settings from a nonvolatile memory (RAM).
To change the default settings scroll to the RAM PRESET screen:

STORE RAM PRESET:
PRESS GO/EXIT

Then press the GO button. The new default settings storage is done and the display changes to:

STORE RAM PRESET:
DONE...
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Bar-Graph & Display Screen
FINE: OFF 20 METER:00 O
PEAK/HOLD OFF DISPLAY:3
Bar-Graph settings:

FINE: OFF sets the bar graph display (LED's) for normal audioitodng. Setting td=INE: ON 20

activates the reference meter bridge function, fortiimeng of signal level te20dB reference point.

The reference point can be set to a level betwe@dB and20dBby changing the 20«
reference levelThe incoming signal is displayed in 0.2dB increments around the reference point. Fine
tuning of signal levels may be done via an external volume control or by tuning the GAIN adjustment
pots located othe front pane(the adjustment requires a small satlewer).

The nor maMETERe-000 i ing , udied f or s-told evels @ngipgefrankOt@a n d p €
55dB (from full scale). The display may be extended to indicate lower level activity such as noise and
DC offset.

Meter Setting Display range ReadBar-Graph
METER:-00 0dB to -55dB Read Bar Graph panel indicator
METER:-30 -30dB to -85dB Add -30dB to panel indicator
METER:-60 -60dB to-115dB Add -60dB to panel indicator
METER:-90 -90dB to-145dB Add -90dB to panel indicator

While this feature is useful for determining noise floor of the incoming signal, a few comments are in
order:

1. The Bar Graph displays a sum of AC signal "riding" on a DC offset. Monitorinddoeel signals
(such as noise floor) requires prior setting of DRa@eal at the audio control screB&
REMOVAL ON .

2. Viewing the noise floor takes some getting used to. The display shows a true picture of peak and
peakhold information; the blinking of LED's is due to low level quantizations. Peak readings are at
abou 11dB higher than the rms noise for flat noise spectrum.

3. Measurlng the converter noise floor is best done with speC|aI|zed equment (such as Lavry
Engi neer ilLEGIO®s). TMedethe proper converter noise floor via extended metering you
must activate the DC removddC REMOVAL ON ) and canect a low value resistor-k Ohm)

between pins 2 and 3 of the analog input XLR connector. Floating high impedance analog inputs are
susceptible to noise pickup.

Peak/Hold indication:

When sett®N,the peak | evel is held until a front pane
LED will turn on and stay on when output data hits thedadle value. The appropriate 0dB-gaaph
lamp (left or right) will s tgdamps maybe redetibypgessing h e i

any of the front panel switches. When PEAK/HOLIDBF, the MAX lamp will flicker when a single
full-scale sample is encountered.

Display contrast: The LCD display may be adjusted from 0 to 7.

The A00 i n ovrheeofthepspreen is moiogghlrusedfor setting a parameter in the Mill
model . It can be changed to a fAl, 0 but it shoul

8




AD122-96 MKIII Operations Manual

Warm-up and Calibration

The recommended warnptime is 15 minutesThe AD12296MKiIll feature self calibration for
consistent longerm accuracyA complete calibration cycle (about 5 seconds in duration) is activated
at power on. A calibration cycle may imgtiated by pressing both the EXland GO littons
simultaneously.

The final stag of calibration occurs wheaaudio signadintherangeof2 5 dB on t hae ADOSs
fed to the analog input$his signal can be music program that is consistent in level and varies just
above and below25, or atone at-25 dB.

This final calibration needs to occur:

1)After the wunit i isitialradibvaioneytle iffdished. and t he
2.) Any time the clock frequency or clock source of the AD9BR/AklIII is changed.
3.) Ifthe AD1229 6 Mk | I | has theemofwied!| d&® nwi tbhutt no si gne

inputs for more than one hour.

To see the operation ofefinal calibrationafter changing the clock soureeith no signal present at
the analog inputs, switch on a tone2 dBFSfeeding the analog inpst For a few seconds after the
tone is switchedion 0 the level displayed on the meters will changghgly until finally settling on
ff25 dB. 0O

Factory Defaults

The AD12296MKIll can be reset to the factodgfaultsby holding down th&XIT button whie
turning AOno the AC power. Continue to hold do\
and the main screen appears:

44.1kHz INTERNAL CRYSTAL
24 BITS WL ABC:OFF  NSOFF

The factory settings will not be stored unless you go to #fault Parameters screen and store them in
the RAM Preset.

In some instances, when the AD12@MKIll is not operating in a consistent manner, resetting to the
factory presets may restore stable operation. It is advisable to go through the menus alodwyrite

your settings before resetting to the factory presets. After resetting, you can go back and change the
settings to the ones you wrote down, and store them in the RAM presets.

Please Note: Soft Saturatiorttggys are NOT stored in the RAptesets.
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Hardware Interconnections

Analog inputs are applied to the XLR connectors marked as LEFT ANALOG INPUT and RIGHT
ANALOG INPUT. The input signals can be balanced or unbalanced. The converter power line signal
rejecton is very high (120dB common mode rejection) but use of high quality shielded audio cables is
recommended.

The XLR pin polarity is: Pin 2 nemverting and Pin 3 invertingiith +POLARITY setting

The digital output AES/EBU connector (XLR) provides tfanser coupled output for both AES/EBU
and consumer formaté. simple XLR to RCA adapter or adapter cable can be used@dafeoaxial
SPDIF input.

SYNCWC INPUT (XLR connector) is used for external synchronization to digital audio or to a word
clock syrchronization source.

The four BNC connectors provide channel one and channel two data, word clock out, and word clock
in. They can be used for synchronizing additional converters to each other or an external TTL word
clock. The Word Clock Input is NOT ternally terminated.

Regarding Termination:

For simple systems where there is only one device feeding the AD®2Mk | | | 6s Word CIl o
with a short BNC cable, termination is probably not necessary. If you encounter problems getting the
AD122-96Mklllto | ock properly, or there are other dev
necessary.

If the AD12296MKklII is the only unit being fed the Word Clock signal, connect the cable using a BNC
"T" adapter plugged into thhe PWondheClidok Iphpute.

terminator connector. I f the Word Clock is chai
there is a 75 Ohm terminator on the ATO0O of the
devices have INTERNATERMINATION. Alternately, if there is only ONE device with internal

termination, it can be wired at the fAend of t he

that there is only ONE termination and it is located at the end of the chain.

The same approach may be used to chain the Word Clock output of the-88MIREI. In this case,
there is no ®bBMkoh It WorADLC22ck Output. As desc
should be placed on the Word Clock input of the devices the AR&RIXIII is feeding, with the

termination ONLY at the very end of the chain.

Maintenance

TheModel AD122-96 MKIIl is an auto calibrating converter requiring no periodic adjustments. The
unit's reliance on linear power supplies aigtrae class A analog circuitry generates significant
amount of heat (25 watts maximum). The temperature rise is no cause for concern, but allowing for
some airflow is always a benefit from a letggm reliability standpoint.

The front panel is dd plated (24 karat gold). Use a soft cloth (and plain water, if necessary) to clean
fingerprints.

10
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Part Il: Specifications

Analog Inputs:
The analog signal can be amplified byt2dB utilizing the front panel sew adjust trim pots. Full

scale signal with 0dB gain is 24dBu, (fsitale signal with 12dB gain is 12dBu).
Input impedance overD00 kHz: greater than 20k ohm (pin 2 to pin 3).

Noise Floor at 44-#8KHz sampling:
-130dB £1dB from full scale A wghted
-126dB £0.5dB from full scale unweighted
Noise Floor at 96KHz sampling:
-127dB £1dB from full scale A weighted
-123dB £1dB from full scale unweighted.

Notes:
1. Measuring noise floor with unconnected (opened) inputs may yield erronsaolis.re
Unconnected high impedance inputs may pick up unwanted signals.

2. Care must be exercised when measuring the noise floor. The signal applied to the converter
must be lower then the noise floor. Ordinary relays and switches may leak too mathasigrit
may be necessary to move a test tone signal to frequency above Nyquist (approx. 30KHz).

Output Bits:16 to 24 bits, user selectable.

Total Harmonic Distortion and Noise:
(Specified for 2224 Bits output, balanced inputs)

0.00005% for signal®wer than-40dBF
0.0004% for signals lower thaB0OdBF
0.0008% for signals lower thadBF
0.0012% for full scale signals

Channel Separation:
Greater than 120dB {POKHz)

Sync. Inputs:
XLR connector: AES/EBU levels into 110 Ohms for digital@oor TTL level into 110 Ohms

word clock

BNC connector: TTL level word clock

A.C. Power:

90-264 VAC @ 47-63Hz, Fuses 0.5A Slow 250\Fuse Size 0.25inch x 1.25 inch

The power supply automatically adjusts to AC inputs in the range of 90 to 264tafis frequencies
between 47 and 63 Hz. It is not necessary to change any settings. The voltage selector in the power

i nput modul e on the back panel I's wired to worl
i 230Vo candaveiblaanthe unit will work properly with any input in the rated operating
range (the | egend i s vi s iwhiteétteting onaued backgrousdina | | A\

11
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Appendix I: A & Gicousticdi t Correcti onE

High quality digital audio sound often incorporates long words (many bits). Bothrdsghution A/D
converters (22 bits or more) and signal processing equipment (digital mixers, equalizers, reverb and
more) generate longer words than those suppostesiandards (such as theldi6 CD format). A
straightforward word length reduction severely deteriorates the musical fine detail of low level signals
by introducing distortions and a noise floor that is modulated by the signal.

Proper dithering serves tliminate the distortions and noise modulation effects. The desirability of

such improvement is unquestionable but is coupled with increasing noise floor. Noise shaping is based
on shifting the noise from high sensitivity frequency regions to lessisensites. That process is

based on psychoacoustic research. A "stand alone" noise shaper does not improve distortions and noise
modul ation pr obl e msoustidda v r ¥ o E nigcorpoéatesnbiith gpréicepts to

reduce distortion and noise modulation and shape the noise psychoacoustically.

Customer feedback and further studies taught us two interesting facts:

a. Various data compression schemes require therdi have flat frequency response
characteristics.

b . Recording engineerso preference of dithert
often depends on characteristics of the music involved.

TheModel AD122-96 MKIII offers High Pass or Flatither type and four noisghaping curves.

Model AD122-96 MKIII allows the user to use dither with or without noise shaping. Operating noise
shapers without dither is undesirable so the unit automatically shuts the noise shaper off when dither is
off. Usingdither (with or without noise shaping) requires user discretion. Ideal data transfer and
processing should retain long word length. A single word length reduction (and therefore dithering and
noise shaping) should take place last.

Figure 1 shows &l00 dB 1 kHz 24 bit tone truncated to 16 bits. The distortion is severe. Figure 2
shows the same tone withhighass di t her onl y. The distortion
atrue-100 dB. Figure three shows the same tone Adthustic i t Co r r apmiedi NoticE

what the addition of noise shaping to the dithe
range area (approx. 2kHz to 8 kHz).

:—w — "y . ¢ - g . gy — O oy v gy | — -
- - . » - m
- - - -
- - m.amm -
- - { I

Fig. 1- truncation only Fig.-2high-pass ditler Fig. 3 Acoustic BitCorrection

High PassNS2

A number of mathematical and psychoacoustic researchers introduced two concapigfor
improvement: dithering and noise shaping. Credit is due to L. Fielder of Dolby Labs for providing the
basis for various noise shaping curves. The reasons for triangle PDF (probability density function)

12
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dither have been explained by S. P. Lipshitz andanderkooy of the University of Waterloo.

Additional publications by M. Gerzon, P. G. Craven, J. R. Stuart and J. R. Wilson (all from the United
Kingdom) and J. Goodwin (from the U.S.A.) shed light on this complex subject.

Dithered noise shaping teatingy has been incorporated into a handful of hardware devices. While all
are based on the same concepts, some perform better than others. After simulating and listening to all
available public domain algorithmisavry Engineering came to some conclusionforming a basis

for Acousticai t Co r r. €he principal €onclusions are:

a. The practice of greatly amplifying low level signals to determine triangular flat PDF (probability

density function) dither reveals the effectiveness of distortion and nwslulation elimination. This

practice yields misleading results when testing unflattened dithers and/or noise shapers. It conflicts
directly with L. Fielderdos findings showing col
and loud levelsNoise shaping listening tests must be done at "reasonable" volume levels.

b. Given the above requirement, our listening tests concluded a strong preference for "triangle high
pass" dither (this dither is produced by simultaneously adding a new randdremamad subtracting

the previous value). Such dither is frequesbgped to carry more high frequency energy (the energy
content at low frequencies is minimal).

c. Listening tests revealed a preference for smoothly varying-sbegeng curves. Peaks amokches

seem to irritate the listener (admittedly while turning the volume up). In addition, despite the
temptation to optimize the noise shaping curve
significant variation from listener to listeneqreres reasonable compromises in tailoring such a curve.

In other words, smooth the curve.

The improvements offered by dither and noise shaping vary with source material and final word length.
An A/B/X test at 16bit level, requires a quiet environment dod level (loudness) audio. The listener

must resist the temptation to turn the volume up to unreasonable levels. The practice of truncating to
short word length (@2 bits) should be avoided. The ideal nesbaping curve may be irritating at

loud levels

Lavry Engineeringés |istening tests were based
various material (mostly classical music) with flat amplifier response. Listening to test tones was
straightforward: we used tidodel AD122-96 MKIII test tone generator mode switching the

Acousticdi t Co r r omand dffo Thé&frequency and amplitude programmability was very useful.
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Fig. 4- Acousticdi t Cor r &ig. 6-iABG HP-NS2 Fig. 6- dither only

16 (top), 18, 20, and 22 bits 16 (top), 18, 20, and 22 bit 16 (top), 18, 20and 22 bits
no input signal -120 dB 1 kHz sine tone -120 dB 1 kHz sine tone

Acoustic i t Cor rmaxhe usednwith words of lengths wider than 16 bits. Figure 4 shows the
noise floor ofAcousticai t C o r r (BlightPass, N&2) without a sigl at 16, 18, 20, and 22 bit
wordlengths. Note the curved nolsd oor wi th | owest | everdange n t he e
region.
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Figure 5 shows#\cousticdi t Co r r (elightPase, N&2) applied to a 24 bit input, reducing to 16,
18, 20, and 22 bitwput widths. Notice that there is no noise modulation present.

Figure 6 shows the effect of higiass triangular dither only. The more coherent data in the dithered
bits, the better the dithering process works. Note that dithering from 24 bits ts P2® lower noise

floor but more visible distortion components than dithering to a shorter word length, due to fewer bits

in the portion of the word being truncated.
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Fig. 7- 16 bit input signal -100 dB Fig. 8 16 bit input signal-100dB
truncation by previous processing additional processing and truncation

Should dither be applied to input signals of 16 bit word length? Figure 7 sh@@@ dB tone of 16

bit word width with no dither or noise shaping. Note the presehat of the odd harmonics, created
when the truncation process turned the tone into a 1 Isb square wave. Figure 8 shows the result of
applying additional processing to this signal, and truncating the result, thereby creating additional
distortion componets.

Fig. &
16 bit input signal -100 dB Fig. 10 16 bit input signal-100 dB
high pass dither applied Acoustic Bit Correction applied

Figure 9 shows the original 16 bit input signal processed withags dither only. Notice that the
additional distortion is gone. Figure 10 shodeousticai t  Co r r (ditber and noigshaping)
applied to the same signal with an increase in the effective noise foousticai t Cor r ect i

on

cannot remove truncation distortion in an incoming 16 bit signal, but it can avoid additional truncation

distortion if additional processing, such as sample rate conversion, has been applied.

14



