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Volts

'-_"é far the more commonly units used to express the
_-_jf of the signal present in audio interfaces.

" Widely used are sub-multiples mV and uV

Vrms express the amplitude of a sinusoid which
~_measures the same as the signal being measured

—l'"_o—

_._:3‘**' i For a sinusoid is the same as a DC voltage producing
~ ~ the same heat over a given resistor
— Vpp is defined as the total peak to peak amplitude of the
signal
B For a sinewave, relation of VPP=2*sqrt( Vrms).
- For pink noise and music, this relationship considerably
Increases.
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alogue amplitude units
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+ Vavg (1/2 cycle)
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f_f__é_is a relative unit, so its use is only possible against a known
2nce. It is not by all means an absolute unit. In voltage or intensity

s .dB=20*Iog10(VmeasuredNref)

= 2 e
e —

: DI f-:po'wer terms
i dB=10%l0g, (Pmeasured/Pref)

- —

i

~  ~ Widely used in valve equipment times was the dBm. Definition of
0dBm is the voltage producing 1TmW over a known impedance, which used to
be 600Q. This explains that as P=V2/R and consequently V=VP*R, 1mW
over 600Q is 0.775V, or 775mV. This level is still widely used today, but more
referred to as dBu, because reference to a 600Q impedance has become
obsolete.
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RenabU, dBV, dBr, dBFS

Bu measures the signal against a reference of 775mV.

wi

;-.; Is 388mV, and +6dBu is 1.55V.

~ dBV measures the signal against a reference of 1V. So, -
' BV is 0.5V, and +6dBV is 2V (a widely used level in what CD
='= r ers are concerned for example)

a#—’ ; = 0dBV is +2.2dBu

_—

—
-

-

= - OdBFS is the maximum available level of a digital
-~ system, when all available bits have been used.
. When the reference is arbitrary, we use the term dBr
re=Vref
- Never forget that double voltage or current is +6dB, and

double power +3dB
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'nalogue system considerations

1f the reference level of an audio system is 0dBu and the
e floor is at -80dBu, signal-to-noise ratio for a signal of 0dBu

Y[ -p
OVUD.

g If the same system is able to allow without saturation a
.:_;_'_ - level of +22dBu, total dynamic range is 80+22=102dB. This is the
F - =’—--7f_0ta| possible excursion of the signal from the noise level to the

= - distortion one.
——— If the signal is too weak we will hear the noise, so we will
have to increase it, but if too strong, it will be distorted.
- To avoid both extremes, compression and limiting is

often used. As compression and limiting may exhibit side effects
as pumping, it must be used with care.
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Dise, saturationand
~ dynamic range

——

: Digital system considerations

jNhiIe saturation in an analogue system can be tolerated
a certain degree, in a digital system it must be avoided at all
OSt, because of its extremely annoying character (bit-reversal,

~ for example).

= =« Noise in a digital system has sometimes non-gaussian

e S

= contents, like embedded tones in early sigma-delta converters.

=1

= ._,_______.- The two previous considerations dictate that we must get
-~ away from both extremes.
. Processing, particularly in non-floating point DSP

systems may impair audio resolution by coefficient scaling,
degrading the noise floor and introducing artifacts as aliasing and
pre-echoes.
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Digital versus analogue

- A system with a -98dBu noise floor and a +22dBu
‘— ration point is a very good one in analogue terms (120dB
_ mlc range). It is relatively easy to obtain that performance
_ g current technology.

_..:--':
——

- - - F

~ = The basic dynamic range of a digital system, taking out
~ the uncertainty bit will be 20*log (2b-vidth-1),

__"_‘1~-- To duplicate an analogue system such as the one
described before we will need at least a 24-bit system.

- Dither, which is in fact an extraneous signal introduced to
spread the noise spectrum, can be used to improve the
performance at low levels .

=
e

e

| I.ITH
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Dise, saturation and
dynamic range

Bit-width Dynamic range(dB)
]
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dmmon levels In
sy"s‘!tems

] he most common.
n phone levels will typically range from -60dBu to -20dBu

No -that the reference level of a digital system is not 0dBFS,
_ﬁ_‘;;‘ 0 avoid that a recording signal hits the maximum bit- width
“and saturates, exhibiting gross distortion.

Ef:f+ ~Jf we choose to have a 18dB overload margin, setting the
~ = digital system level at -18dBFS we are loosing 3 bits there, and

=~  one more at the noise level, so calculate 4 bits less than the
= _-'_advertised bit-width

= |If you have a limited bit-with system, compress and raise the
level to escape from noise, using a good analogue/digital system
with a resolution greater than the advertised bit-with of the digital
system which is used as the final media.

-

abu 10 Jdbu, +4dBu
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practical example

ophone preamplifier followed by an output stage, splitting

+20dBu  +20dBU  pynamics
‘ =85dB

Clipping level

0dBu

S/N
ratio=65dB

b b

gain 20dB 20dB
-110dBu -100dBu

Input-referred
noise

1° -stage noise -90dBu -70dBu
-80dBu

2"-stage noise
@ -65dBu

Output noise
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practical example

|crophone preampllfler followed by an output stage,
ne gain where dyn greater,

Clipping level +20dBu +20dBu Dynamics

N

0dBu

S/N
gain 40dB 0dB ratio=70
dB

Input-referred -110dBu -100dB
noise

1°' -stage noise -70dBu -70dBu

2"-stage noise -100dBu
Output noise @ -70dBu
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balanced analogue ..

Interfaces

faces use one signal wire and

If noise is picked up by the signal wire, it will appear at the
Jutput, amplified by the circuit gain.

en (noise)

Gain=g

— :"'__h---—_ ) :
= = 1 / ,A\\\/,/

/7

Unbalanced stage
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balanced analogue ..
Interfaces

Bad practice, system grounded at both ends
Gain=g

~, S g*(es+en)

es (signal) +in (noise) N
—

/\
AVARRY
77 +en(noise) -

Unbalanced stage
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balanced analogue ..
Interfaces

e ends, ground

Good practice, system grounded at one end

Gain=g

/A\\_,/ ——— \\\\\ g * e S

es (signal) in (noise)=0 > U

-

AWA
VoV

en (noise) =0 " ynpalanced stage
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S3alanced anal .;-'

- Inﬁ’i‘faces =

Ced analogue interfaces use two out-of phase signal

T S

noise is equally picked up by the two signal wires, it will
tically be ruled out.

'hat does not happen, common-mode signals are always
_,.—i-g-n Ilfled because cables and amplifiers are not perfect. The

~— relation of the differential (useful) signal to the common-mode
- *-'-r_ ~_(noise) signal is called the Common Mode Rejection Ratio
~ (CMRR) and the higher the better.

= CMRR tends to vary with frequency, degrading at extremes.
Because of ground problems, it is important to ensure that at low
frequencies CMRR is high (>60dB)

a & .1- 0O
\J7 | W

il
e —

Al
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e balanced interface

en (noise)

Gain=g

+es/2+en —- g*(es/2+en-(-es/2+en))

/ N/

g

/o

Balanced stage
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Wiring a balanced signal to an unbalanced stage

/’“\\/

Unbalanced stage
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"'::5:9 you have an amplifier to which you want to connect a
U signal. That amplifier has two switchable fixed-gain

=

. _I_rﬁicrophone input (-50dBu, overload at -30dBu)

= _A line input (-10dBu, overload at +20dBu)

_-;Amplifier input impedance is 100kOhm

~ = |fyou feed the signal to the microphone input, it will overload it,
-~ and the only thing you will be able to extract even with the
volume down is distortion. If fed to the line input, our signal won't

drive the amplifier properly to full power...
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swer, a 20dB.att_e'nUater

/7

20dB unbalanced attenuator
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Jigital Interface formats

PDIF are the most common digital interfaces.

83 is electrically a balanced interface and S/PDIF is an
alanced interface. All the preceding remarks about analogue
e acmg are applicable to digital interfaces. Noise can impair
¢ -_ mission of digital signals and cause jitter.

£/PDIF signals can be wired straight into an AES3, reverse
—needs an attenuator.

- CJ '

AES3 S/PDIF

— itertace
o = Connector RIS IEEEN TN

= impedance

== Output Level PRV SMCIY

Max Output

Max Current
i

100 m 10m
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qital format conversion

\ transformer adapter is always the best match. But if you
on't have one around...

S/PDIF

Should be used with
care, impedances
and levels not
matched...
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's inside AES3 frames

pass though isolation

nsformers)
A preamble (unique transmission) is used to identify frame

27 28 29 30 31

it'o 3 4 78
- usa [ u[c]e]

Validity _4
User Data
Channel Status Data

Parity Bit
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hat's inside AES3 frames

mitted sequentially

21t ana rigi -
* Different preambles are used for the decoder to locate the

TAnciIIary data which is transmitted 4 bits at a time will be

= recovered each 192 frames

Start of Channel Status Block
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’rofessional versus consumer block

e

block

0i1i2'3' 'lsllsITI'i" e o 14 12 1 s
PRO=1 | Audio Emphasis “Lock Fs 7

Channel Mode | User Bit Management 15 PRO=0 | Audio | Copy |

AUX Use [ Word Length | Reserved |23 : Colepory Cods

Reserved LT * Source Num.

Reference | Reserved 39 - Fs

Reserved 47

:

55
Alphanumeric channel origin data

Alphanumeric channel destination d ata

Local sample address code
(32-bit binary)

Time of day code
(32-bit binary)

| Reliability flags | 183
Cyclic redundancy check character | 191

—
—
—_—
e
—
—
—
e
—
R
—
—
e
—
—_—
—
—_—
—
e
—

VY YYYY YVYV YYVY YYVY YYYVYY
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s inside the professional block

PRO =0 (consumer)
ofessional use of channel status block

bt 1 Audo 00|
0 e

Non-Audio
_ Copy inhibited / copyright asserted

Copy permitted / copyright not asserted

] None - 2 channel audio

? 50/15 ps - 2 channel audio
1
X
4

5
0
0
0 |Reserved -2 channel audio
0 |Reserved -2 channel audio
1
5

bits if bit 1 is 1 (non-audio]

All other states of bits 3-5 are reserved

m Mode 0 (defines bytes 1-3)
All other states of bits 6-7 are reserved

Electronic software delivery
All other states are reserved

CD -not comp. with IEC-908
{magneto-optical)
All other states are reserved

XX X
AJD converters wio copyright
AID converters w/ copyright
(using Copy and L bits)

usical Instruments, mics, etc.
agnetic tape or disk
Reserved |

eserved
L: Generation Status.

The subgroups under the category code groups listed above
are described in tables below. Those not listed are reserved.

The Copy and L bits form a copy protection scheme for
original werks. Further explanations can be found in the
proposed amendment (TC84) to IEC-958.

Copyright © 2007-2009 by A. J. de Oliveira v1.01-en
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BYTE 6-8
“Hpnanament chawnel ongin dala

Tl 150 645 (ASCIT) daia vath 0ad parity DL Firs( charader
inmessage is byle 6. LSB's ane ranamitied first.
| BYmE43 00000

Tl 150 645 (ASCIT) data vith 0ad parfly DL Firsi characler
in message ks byl 10. LSB4 are ansmitied first.

Local sample address code (32-bit binary)

‘blue is of finstsample of cument block.
LSEs are wansmitted first
| BvEwn |

me-ol-ds 2 (20K bina
‘sl is of first sample of cument block

LSBs are ransmitied first
Channel status bytes 0 to §
Reliable

Unrefiabie
Bt & Channel status bytes & to 13
Feliable

Ht 4

CRCC for channel stafus data block that uses bytes 0 to22
indushe. Generaling polynomial is

[ LA S S G|
with an infial state of all ones



—

BYTE 1 - Category Code 101 BYTE 1 - Category Code 110
i 6 Magnetic tape or disk

et

sslonal use of channel stabus block 0
ot 1 Awdo 000000 ] X

Digital Audio

Non-Audio
Copy  Copyright
Copy inhibited /copyright asserted AD converters wio copyright
Copy permitted / copyright not asserted AID converters w/ copyright
Pre-emphasis - if bit 1 is 0 (dig. audio] {using Copy and L bits)
None - 2 channel audio
50M5 ps - 2 channel audio
Reserved - 2 channel audio
Reserved - 2 channel audio
Reserved - 4 channel audio
if bit 1 is 1 (non-audio

Digital data Only cat codes:001XXXX,
- All other states of bits 3-5 are reserved Y o ;319 )g& 100XXXX '

OriginaliCommercially pre-recorded data
Mode O (defines bytes 1-3) No indication or 1st generation or higher
All other states of bits 6-7 are reserved All other category codes

No indication or 1st generation or higher
Original/Commercially pre-recorded data

PRO = 0 (consumer)

)
L]

rate converter

2@
o |3
g ¥
=4
=
13
14
@
2
4
3
(=3

alxX - oo

o
g
Q
g
o
2

evel Il, 1000 ppm (default)
el ll, variable pitch

WK o= o

o
F4 1
oYX o
o< olalx s aco
X Olals 0o oo oo
3
g
4
-] R = =]
= 2 2 olalx - o 4 a4
a o ] Wl gl
@
HHH
4
k=]
=]
3
=
-
=2
g
2

eserved

The subgroups under the category code groups listed above
are described in tables below. Those not listed are reserved.
The Copy and L bits form a copy protection scheme for
original works. Further explanations can be found in the

Electronic software delivery proposed amendment (TC84) to IEC-958.
All other states are reserved

BYTE 1 - Category Code 010
T =

0 |CD - compatible with IEC-908
* 1 0 0 0|CD -notcomp. with IEC-908
(magneto-optical)
X X X X
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