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DESCRIPTION

The ASI5111 is a professional PCI audio adapter designed for use in .
radio broadcast production.

The adapter offers two stereo record stream from either a balanced
analog input or AES/EBU digital input and four stereo play streams .
mixed to both a balanced analog output and an AES/EBU digital output.

Also included is a microphone input, with low noise pre-amp and a 48V
phantom supply. .
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FEATURES

Four stereo streams of PCM plgglyac)

Two stereo streams of PC cord.

Balanced stereo analog @tput

AES/EBU or S/PDI {nput and output (software switchable).
Low noise micro h(@with 48V phantom supply and DSP

iterand 3 band equaliser.

ulti rate mixing technology supports digital mixing of
mple rates.

p to 8 cards in one system.

Windows 98/NT/2000/XP and Linux software drivers available.
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1 SPECIFICATIONS

BALANCED INPUT/OUTPUT
Connector

Input Level

Input Impedance

Output Level

Load Impedance

S/N Ratiof1]

THD+N[2]

Sample Precision

Frequency Response

MICROPHONE INPUT
Connector

Input Gain

Input Impedance
Phantom Power

S/N Ratiof1]

THD+N[2]

Frequency Response

DIGITAL INPUT/OUTPUT
Type

Connector
Sample Rates
Sample Precision

SAMPLE RATE CLOCK
Internal
AES/EBU In

SIGNAL PROCESSING
DSP

Memory

Audio Formats

BREAKOUT CABLES (INCLUDED)
Analog
Digital

GENERAL

Bus

Dimensions

W eight

Operating Temperature
Power Requirements
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DB-9 Female

-10 to +20dBu in 1dBu steps
20K ohms

-10 to +20dBu in 1dBu steps
6000hms or greater

> 100dB (record or play)

< 0.0025% (record or play)
24bit Oversampling

20Hz to 20kHz +/-0.25dB
20Hz to 40kHz +0.25/-5dBJ3]

Y4" TRS jack

20, 40 and 60dB software adjustable

11K ohms (+ or — to ground)

48V +/- 4V, software switchable on and off.
90dB @ 40dB gain

0.005% @ 40dB gain

20Hz to 20kHz +/-0.5dB

20Hz to 40kHz +0.5/-5dB [3]

AES/EBU (EIAJ CP-340 Typel / IEC-95 fe al)
S/PDIF (EIAJ CP-340 Typell / IEC-95 (software selectable)

DB-9 Male

32, 44.1, 48, 64, 88.2 and 96kHz
24bit

32,44.1, 48, 64, 88.2 a kHZ
32, 44.1, 48, 64, 88.2 an z

Texas Instruments T
8MB
8 bit unsigned IP(

0¢6711@135MHz

0 2inand 2 out XLR
B-9to 1in and 1 out XLR

A' al 32bit PCI (3.3V or 5V signaling)

R orm factor — 6.75" x 3.9" x 0.6" (172mm x 100mm x 15mm)
8 0z (227g) max

OC to 70C

45V @ 600mA, +12V @ 150mA, -12V @ 70mA

[1] - S/N Ratio is the difference between a 1kHz digital fullscale sinewave and digital zero using an A weighting filter
[2] - THD+N measured using a +20dBu 1kHz sinewave sampled at 48kHz and A weighting filter
[3] — Using a 96kHz sampling rate
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2 CONNECTORS
Analog DB9 (Female) Digital DB9 (Male)
- &

AESO+ &

LO-

Lo+ RO-

RO+
LI+
RI+

AESI -
GND

LI-
RI. AESO-

AGND

Microphone input jack — Tip=+, Ring=-, Shield=GND. @
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3 MIXER MAPS

3.1 HPI Mixer
The mixer layout for the ASI5111 as represented by the HPI is as follo details on each HPI control type, see
the HPI specification (SPCHPI.PDF).

* SRC = Sample Rate Converter, not visible as an HPI object

METER|CH MODE| MUX | | EOUALIZER{ \z{\NDER | | METER | | MUX | LEVEL '—'NElN [0]
% |:| VOLUME ” MICROPHONE | MICROPHONE [0]|

@ |AESEBU RECElVER|AESEBU_|N [0]
% » VOLUME
@ » VOLUME

VOLUME
* METER | | LEVEL |LINEOUT [0]
»| VOLUME L

» VOLUME
|AESEBU TRANSMITTER IAESEBU_OUT [0]|
» VOLUME

(N
M/@ERWME ”CH MODE|

OUTSTREAM [l]| @QCMF@KEWVOLUME ”CH MODE|_

1]
OUTSTREAM [21| SRC*\”\b@IER ” VOLUME ”CH MODE|

{
METER ” VOLUME ”CH MODE| SAMPLE CLOCK | CLOCK_SOURCE

A

INSTREAM [0]| —

INSTREAM [1]| SRC*

METER |CH MODE| MUX |

A

y

OUTSTREAM [0]| p—

OUTSTRE *

Q
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4 AUDIO FORMATS
The ASI5111 supports record and play of the following formats:
o
Format HPI format Windows format \ ))
8 it unsigned PCM HPI_FORMAT_PCM8 UNSIGNED WAVE_FORMAT_PCM, wBitsPerSample=8
16 bit signed PCM HPI_FORMAT_PCM16_SIGNED WAVE_FORMAT_PCM, wBitsPerSample=16 A
32 bit signed PCM HPI_FORMAT_PCM32_SIGNED WAVE_FORMAT_PCM, wBitsPerSaffplg32
32 bit floating point PCM (+/-1.0) | HPI FORMAT PCM32_FLOAT WAVE_FORMAT IEEE_FLOAT \\// ))

9

p and ring of ¥4" jack). Thisis
microphone, make sure that the

5 MICROPHONE INPUT
The ASI5111 has a balanced microphone input using a ¥4” stereo jack.

5.1 Phantom Power

When phantom power is enabled, +48V is present on both the + and — sign
used to drive professional condenser type microphones. If you are usin
phantom power is off as it may damage the mic.

User
Phantom power is turned on and off using the following co@ ASI Mixer on the Microphone panel:

| 5 ain Phantom Pwr ($%
- r 200 [~ On icliInl

i — & :

----------- Aa\g ey :‘\

Developer @

Windows — Phantom power is controlled using:
HPI — Phantom power is controlled usin@I_Microphone_SetPhantomPower() API

5.2 Programmable Gain
The microphone preamp has a softwar

User
Microphone gain is adjust

Phartarn Pwr
[T On Mic In 1
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6 BALANCED ANALOG I/O
The ASI5111 has a stereo balanced analog input and output on a DB-9 female connector. @

6.1 Analog I/O Level

The analog Level (or Trim) is software programmable independantly for the input and output. It can be set thom —10
to +20dBu in 1dB increments.

User <
Analog levels are adjusted using the Trim/Level controls located on the Lineln and Lin@nels in the ASI

Mixer:
Peak d& Muo—f  Trimdevel | 72
— i Linen 1 |14 ﬂv
) " Micln dEu

LineIn 1

Mk em Seial Peak. dB
FE 11652 — %%
128 1| w — -G
ETECTEPEPPPREPEPeEY Lin v
: Trimn/Lewvel : w
o &
1oL By AN
: i
Developer
Windows — Analog levels are controlled using...:
HPI — Analog levels controlled using the HPI_LeverSett)’API

7 AES/EBU I/O

The ASI5111 has an AES/EBU digital audio/ output on a DB-9 male connector. This maybe also operated as
S/PDIF. The AES/EBU 1/O operates at eith .1, 48, 64, 88.2 or 96kHz. The bitstream contains samples of
24bit precision. When a valid AES/EBU rc connected to the ASI5111, the card will automatically generate the
sample clock from that source (see Samfple Glock section)

7.1 Operating as S/PDIF

The AES/EBU 1/O can be operate DIF (IEC958). When this happens, the impedance of the I/O changes to
750hms and the signal level b s=0.5Vpp. As well as programming the correct settings in the card, the
AES/EBU signals must be co s follows. For S/PDIF output, connect the "-" side of the AES signal to the

S/PDIF shield. The "+" side-hec s the S/PDIF signal.

shielded cable RCA jack

S

For S/PDIF Y0put, €onnect the "-" side of the AES signal to the shield and ground. The "+" side becomes the signal.

shielded cable RCA jack
Input (\
AESI+
AESI- —|( ¥ ® ) <
GND

.audioscience.com 5 January 25, 2006

Q

This document was downloaded from www.broadcastwarehouse.com, the home of quality broadcast equipment



%Mm? ASI541

User @
Use the following controls in ASI Mixer to toggle between AES/EBU and S/PDIF @

| = AES/EBU
i " S/PDIF Digital In 1 &
| NO INPUT

" AES/EBU
" S/PDIF Digital Dut 1 @
‘~ ion” (SPCWAVX.PDF)

cifica
Nransmitter_SetFormat() API

Developer
Windows — Use Digital I/O controls — see the “AudioScience Wav

HPI — Use the HPI_AESEBU_Receiver_SetSource() and HPI_A B

7.2 Channel Status and User Data

The ASI Mixer does not setup the Channel Status and User Data ifCthe AES/EBU output. This must be done by the
application using the following APIs:

cieage WavX Specification” (SPCWAVX.PDF)
s{yand HPI_AESEBU_Transmitter_SetUserData()

Windows — Use Digital I/O controls — see the “Audi
HPI — Use HPI_AESEBU_Transmitter_SetChannelS
APls
Your application can also read the Channel Status User-Bata of the AES/EBU input using the following APIs:

Windows — Use Digital I/O controls — se&’t udioScience WavX Specification” (SPCWAVX.PDF)
HPI — Use HPI_AESEBU_Receiver_Get npelStatus() and HPI_AESEBU_Receiver_GetUserData() APIs

‘v

8 COMPANDER @
The ASI5111 contains a compress r (Compander), which is used to reduce or expand the dynamic range of

the signal it acts on. Itis located dn ieln input and maybe used on both the Line In and Microphone signals.

User
The ASI5111’s Comp )5 accessed from the ASI Mixer by clicking on the “Compander” button on the

Lineln panel. Th ng’parameters can be set:
CompressionsT d —the input signal level at which the compression starts.

Compressi atio — The ratio of the input signal level to the output signal level
in ~additional gain applied the the compressed/expanded signal

ime of compander in milliseconds. Sets the time that the compressor takes to act.

ime of compander in milliseconds. Sets the time for the signal gain to return to normal after

s — Use the Compandor control — see the “AudioScience WavX Specification” (SPCWAVX.PDF)
Use the HPI_Compandor_XXXX APIs - see the “AudioScience HPI Specification” (SPCHPI.PDF)

Q
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| Makeup Gain (d] @
08

<
. @
O ukput j
ZI Corngressio i
0.45
-100 dB 1™
-100 dB
Attack 15 ms | 4 | |
9 PARAMETRIC EQUALIZER &ﬁ
The ASI5111 contains a 5 band parametric equ 7 Iy is located on the Lineln input and maybe used on both the
Line In and Microphone signals. Each of the, li 5 bands maybe be individualy programmed with filter type
(eq, low-pass, high-shelf etc), Q (sharpness ter frequency.

User
The ASI5111's Parametrie qu@ accessed from the ASI Mixer by clicking on the “EQ” button on the
Lineln panel. The EQ wingew sontains controls for setting the filter parameters of each of the 5 bands, with a

graph showing the combi :%- bency response of the 5 bands.

Each filter band has t'ng parameters:
Filter Type — The sha n @n‘ e filter. Can be Eq (default), Lowpass, Highpass, Bandpass, Lowshelf,
Highshelf.

Filter Freq — The @ frequency of the filter.
Filter Q — The'shatpress of the filter. The higher the Q, the more selective the filter is.
Filter Gain %ain of the filter at the center frequency.

se the equalizer mixer control — see the “AudioScience WavX Specification” (SPCWAVX.PDF)
HPIN\Use&he HPI_ParametricEQ_XXXX APIs — see the “AudioScience HPI Specification” (SPCHPI.PDF)

Q
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+10

0de

-10

Index Filter type Filter freq Filter 01 Filter gain

1 |Eqgard =| |500 [10 0.38 dB

¢ |EgBand +| 1000 |2 3.46 dB

3 |EqBand ~| |5000 |2 -2.31 dB

4 |EqBard >| [10000 |2 7.31 dB

9  |EqBard x| 15000 E FEIdB

@Q

10 SAMPLE RATE CLOCK and MRX %
The ASI5111 sample rate clock is used to drive digital mixer, Analog to Digital Converter (ADC), Digital to
Analog Converter (DAC) and AES/EBU outpyt~There-are two sources of sample rate clock — internal and the
AES/EBU input. (¢ @'

The internal adapter clock is generated(ffom a\low jitter frequency synthesizer and may be set to 32, 44.1, 48, 64,
88.2 and 96kHz. When a valid ARS/EBN bitstream is connected to the AES/EBU input, the ASI5111 will
automatically switch to using this gs :: sample rate clock. This is needed so that digital audio from the AES/EBU

input can be synchronised with the wdio streams present in the mixer. There is no way to overide this.

Note that the sample rate clo t determine the sample rates of the audio streams that may be played and
recorded. These are indepen et using the MRX multi rate mixer, so that, for instance, you can have the
adapter running at 96kH ,e aying files of 44.1 and 48kHz and recording files of 32 and 88.2khz.

User

present.

&
SampleRate SampleClk
44100 £ fdapter Clock Src 1
@ | AES3
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Developer
Windows —
HPI — Use the HPI_SampleClock_XXXX APIs. @

11 CABLES @

The ASI5111 comes with XLR breakout cables for both the analog and digital connectors.

@"
12 REFERENCES

Specifications §
SPCWAVX.PDF - WavX - AudioScience Windows Multimedia Extensions @

SPCHPI.PDF - Hardware Programming Interface (HPI) Specification
nfo section

All these documents are available from www.audioscience.com in the TeckN
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