SIEMENS

Audio Ringing Codec Filter PSB 2160
(ARCOFI)

Preliminary Data CMOS IC
Type Ordering Code Package

PSB 2160-N Q67100-H6031 PL-CC-28 (SMD

PSB 2160-P Q67100-H8503 P-DIP-24

The PSB 2160 ARCOFI® provides the subscriber with an optimized Audio, Ringing, Codec,
Filter processor solution for a digital telephone. The ARCOFI fulfils all necessary require-
ments for the completion of a low cost digital telephone. Full featured applications including
hands-free telephony are carried out by the addition of a voice switched speakerphone
circuit. The ARCOFI performs all coding, decoding and filtering functions according to
CCITT and AT&T norms.

The ARCOFI integrates a DTMF generator in the transmit direction and a tone generator
plus a ringing generator in the receive path. The interfacing to a handset mouth and earpiece
is facilitated by a flexible analog front end. A loudspeaker output has also been integrated
on chip as well as a secondary input for a handsfree microphone. The microphone anaiog
gains is user programmable under microprocessor control.

Features

@® Audio, ringing, codec, filter for digital telephone

® Programmable codec filter

@® Programmable DTMF, tone and ringing generators

® Programmable A- and p-law

@ Test and maintenance loopbacks in the analog front end and the digital processor

@ SLD or IOM®-2 serial interface bus

@ Flexible Peripheral Control Interface (PCI)

@ Separate output for piezo ringer

® Dual analog inputs for handset and "hands-free” microphones plus an auxiliary differential
analog input

® Two sets of differential outputs for a handset earpiece and a loudspeaker

® Low power CMOS technology

@ Power dissipation: active 150 mW, standby 10 mwW

@® Temperature range: —25to 70°C

Applications
Digital terminal equipment including a voice path.
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PSB 2160

Pin Configurations
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PSB 2160

Pin Definitions and Functions

Pin No.
P-DIP

Pin No.
PL-CC

Symbol

Function

1

8,17,19,23

VDD

+5 V; Positive power supply

24
25

SP2
SP1

Supplementary Function: Appropriate pin strapping
access supplementary functions including test modes.

HWON

26

RS

Reset Input: When pin RESET is forced high the ARCOFI
is placed in a power down mode. All configuration
registers are reset to default values. I/O pins SA-SD
and SIP/DU are programmed as inputs until the
ARCOFI is reconfigured.

28

FSC

Frame Sync: 8-kHz signal, phase lockes to CLK. When
high, SIP behaves as an input and the ARCOFI can
receive data through pin SIP. When low, SIP behaves
as an output and data can be transferred from the
ARCOF! to the system via pin SIP. When in IOM-2
mode FSC supplies to the ARCOFI a synchronization
signal according to the IOM-2 specification.

CLK/DCLK

CLK System Clock: 512 kHz supplied by the appli-
cation system clock when SLD mode is selected.
DCLK System Clock: 1.536 MHz supplied by the
application system clock when IOM-2 mode is selected.

O W o~

A pwWN

SD
SC
SB
SA

Programmable I/0 PCl Pins: With the appropriate bit
setting in configuration register CR2, each SA-SD pin
can be declared independently as input or as output.
The data are received from or forwarded to the signaling
channel according to the programming of the PCI pins.
When selected, the tone generator signals can be
directed to pins SA & SB. (SA & SB then in opposite
phase).

11

DD

DD; Data Downstream: Receive data from a layer-1
controlling device when IOM-2 made is selected.

12

SIP/DU

SIP; Serial Interface Port: This serial bidirectional port
is clocked by CLK when SLD mode is selected.

DU; Data Upstream: Transmit data to the layer-1 con-
trolling device when IOM-2 made is selected.

13
14

10

XINP
XINN

X Input: These auxiliary inputs provide a normalized
differential audio input for an additional analog device.

15
16

11
12

MIP
MIN

Hand-set Microphone Inputs: MIP & MIN provides highly
symmetrical differential inputs for commonly used
telephone microphones.

Siemens Components, Inc.
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PSB 2160

Pin Definitions and Functions (cont'd)

Pin No. Pin No. Symbol Function

P-DIP PL-CC

17 13 FHM Hands-Free Microphone: This single ended input can
be used to interface an electret microphone for
speakerphone applications.

18 14 HON Hand-set Earpiece Outputs: HOP & HON are differential

19 15 HOP output pins which can drive handset earpiece trans-
ducers directly.

20 16 LSN Loudspeaker Outputs: LSN and LSP are differential

21 18 LSP output pins which can drive a 50 Q loudspeaker
directly. A piezo transducer connected via SA and SB
can also be used for ringing signals instead of a
loudspeaker.

22 20 GNDA Analog Ground: Not internally connected to GNDD.
All analog signals are referred to this pin.

23 21 Vas —~5V; Negative power supply

24 22 GNDD Digital Ground: (0 V) not internally connected to GNDA.
All digital signals are referred to this pin.

Absolute Maximum Ratings

Limit Vatues

Parameter Symbol min. max. Unit
Vpp referred to GNDA Vs -0.3 5.5 "
Vss referred to GNDA Vs —55 0.3 V'
GNDA to GNDD Vs -0.3 0.3 A
Analog input and output voltages

referred to Vpp Vs —-10.3 0.3 \'

referred to Vg Vs -0.3 10.3 V'
All digital input and output voltages

referred to GNDD Vs -03 5.3 Vv

referred to Vpp —5.3 0.3 \
Power dissipation Py 1 w
Storage temperature Tag ~60 125 °C
Ambient temperature under bias Ta =30 80 °C

Siemens Components, Inc.
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PSB 2160

DC Characteristics
Voo =5V £ 5%, Voo=—5V £5%,GNDD =0V, T,=—25t0 70°C
Limit Values
Parameter Symbol | min. typ. max. Unit Test Conditions
DIGITAL
Input leakage current I, t1 HA -03<=V<=Vpp
H-input level Vin 24 Vopt+0.3| V
L-input level ViL -0.3 0.8 \
H-output level Vor 24 v Io = 400 pA
L-output level VoL 0.45 v Io=-2mA
Voo supply current Inp
standby 2 mA Vegs=0V
VDD = 525 V
standby TBD mA + 5% supply
operating*) 11 15 mA + 5% supply
Vg Supply current Iss
standby TBD mA + 5% supply
operating*) -8 -13 mA + 5% supply
Standby power dissipation Poo TBD mw + 5% supply
Standby power dissipation Poo 10 mw Vss=0V, Vpp=5.25V
Clock = 512 kHz
Standby power dissipation Poo 5 mwW Vgs=0V; Vpp=5.25V
No clock
Operating power dissipation*) Pp4 100 150 mw + 5% supply
Input capacitance C 10 pF
Output capacitance Co 15 pF

TBD: To Be Determined

*) Operating power dissipation is measured with all analog outputs open.
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PSB 2160

DC Characteristics (cont'd)
SLD Bus Switching Characteristics

Limit Values
Parameter Symbol min. typ. max. Unit
CLK period tok 1.76 1.953 2.15 Ks
CLK duty cycle tg oLk 30 50 70 %
FSC Period tesc 125 us
FSC delay time torsc -20 80 ns
FSC high time t Fsc 05 62.5 us
SIP data in setup time taINS 50 ns
SIP data in hold time tyiNH 80 ns
SIP data out delay tq outr 200 ns
SIP data out tristate delay 50 ns

Note: SIP is an IO pin; SIP IN denotes timings for incoming data and SIP OUT denotes timings

relation with outgoing data.

SLD Bus Timing Diagram
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PSB 2160

PCI Switching Characteristics

Limit Vaiues
Parameter Symbol min. max. Unit
SIP iN to PC! OUT tq pcio 300 ns
PCI IN setup time toCiNg 50 ns
PCI IN hold time 1o GIINH 100 ns
Reset Timing

Limit Values
Parameter Symbol min. max. Unit
Vpp rise time thvpp 0 20 ms
Reset pulse width tas 1 us
Power stable to reset low tsms 1 us
Reset transition time e 1 ms

PCI Timing Diagram
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PSB 2160

IOM Bus Switching Characteristics

Limit Values
Parameter Symbol min. max. Unit
FSC setup time trg 60 ns
FSC hold time try 30 ns
Output data delay from DCLK tooo 60 ns
Input data set-up time tips 25 ns
Input data hold tion 20 ns
Output data delay from FSC tooF 30 ns

IOM-2 Bus Timing Diagram
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PSB 2160

Analog Front End Electrical Interface Inputs

Limit Values
Parameter Symbol | min. max. Unit Test Conditions
Hand-set microphone input Zum 150 kQ 300-3400 Hz
impedance
Hand-set microphone max. input Vim 7.58 mVpk
voltage swing*
Hand-set microphone amplifier Ganm+ar| 16 52.0 dB pin MIP, MIN
gain AHM + HR 386 mV 1 kHz
Hands-free microphone input Zeym 150 kQ 300-3400 Hz
impedance
Hands-free microphone max. Veum 127 mVpk
input voltage swing*
Hands-free microphone GAFHM 28.0 dB pin FHM
amplifier gain 19.5mV  1kHz
Auxiliary pin input impedance ZyiN 150 k2 300-3400 Hz
Auxiliary XIN max. input Viin 563 mVpk
voltage swing*
Auxiliary XIN ampilifier GaxiN 15.1 dB pin XINN & XINP
gain AX+AR 270 mV. 1 kHz

* A maximum swing signal corresponds to a 3.14 dBm0 signal at the A/D converter. This corresponds

also to a PCM code overload £127. (3.14 dBm0 =226 V,,, =32V, = 6.4 V).

Analog Front End Electrical interface Qutputs

Limit Values

Parameter Symbol | min. max. Unit Test Conditions
Hand-set earpiece output Zuo 1 Q 300-3400 Hz
impedance
Hand-set earpiece max. output Vho 457 mVpk | load measured
voltage swing* from HOP to HON
Hand-set earpiece output Vion 455 mVpk | input load
high voltage* —1mA HOP/HOP
Hand-set earpiece output VoL 455 mVpk | input load
low voltage* +1 mA HOP/HOP
Loudspeaker output impedance Zs 2 Q 300-3400 Hz
Loudspeaker max. output Vis 2.75 Vpk load measured
voltage swing* from LSN to LSP
Loudspeaker output VisoH 2.55 A input load
high voltage* —100 mA LSN/LSP
Loudspeaker output low voltage* VisoL 2.55 v input load

+100 mA  LSN/LSP

* The max. output voltage swing corresponds to a max. incoming PCM code (£ 127).

Siemens Components, Inc.
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PSB 2160

Analog Front End Attenuation Plan

Transmit min. typ. 0dBmO | max. peak Unit Ref.
MIP/MIN 2.15E-04 | 1.21E-03 | 5.60E-03 | 6.81E-03 | 8.04E-03 | Vpk \
Microphone 1.52E-04 | 8.56E-04 | 3.96E-03 | 4.82E-03 | 5.68E-03 | Vrms \
input level at —80.3 —65.3 —52 -50.3 —48.86 dBmO 1.576V
Max gain —74.13 —59.13 —-45.83 —44.13 —42.69 dBm 0.775V
AHM+AR =52 dB') 52 52 52 52 52 dB gain
Xin 1.51E-02 | 8.48E-02 | 3.92E-01 | 4.77E-01 | 5.63E-01 | Vpk \
input level 1.07E-02 | 5.99E-02 | 2.77E-01 | 3.37E-01 | 3.98E-01 [ Vrms A
—43.4 —28.4 —-15.1 —13.4 —-11.96 dBmO 1.576V
-37.23 —22.23 —8.93 -7.23 —5.79 dBm 0.775V
AX—AR gain?) 15.1 15.1 151 15.1 151 dB gain
FHM 3.41E-03 | 1.92E-02 | 8.87E-02 | 1.08E-01 | 1.27E-01 | Vpk '
Input level 2.41E-03 | 1.36E-02 | 6.28E-02 | 7.63E-02 | 9.01E-02 | Vrms Vv
~56.3 —41.3 —28 -26.3 —24.86 dBmO 1576V
-50.13 -35.13 —21.83 —20.13 —18.69 dBm 0.775V
AFHM gain?) 28 28 28 28 28 dB gain
A/D 8.57E-02 | 4.82E-01 | 2.23E+00 | 2.71E+00 | 3.20E+00 | Vpk \"
Input level 6.06E-02 | 3.41E-01 | 1.58E+00 | 1.92E+00 | 2.26E+00 | Vrms v
ARCOFI —28.3 —13.3 0 1.7 3.14 dBmO 1.576V
(Bypass mode) —22.13 —7.13 6.17 7.87 9.31 dBm 0.775V
PCM value +43 +83 +118 +123 +127 PCM word
Receive min. typ. 0dBmO | max. Peak Unit Ref.
LSN/LSP 8.57E-02 | 4.82E-01 | 2.23E4+00 | 2.71E+00 | 3.20E+00 | Vpk \"
Output level 6.06E-02 | 3.41E-01 | 1.58E+00 | 1.92E+00 | 2.26E+00 | Vrms \"
Symmetric in —28.3 —13.3 0 1.7 3.14 dBmO 1.576V
a 50 Q load —22.13 —7.13 6.17 7.87 9.31 dBm 0.775V
ALS gain 0 0 0 0 0 dB attenuat.
HOP/HON?) 6.81E-02 | 3.83E-01 | 1.77E+00 | 2.15E+00 | 2.54E+00 | Vpk v
Output level 4.82E-02 | 2.71E-01 | 1.25E4+00 | 1.52E+00 | 1.80E+00 | Vrms Vv
Symmetric in -30.3 —15.3 -2 —0.3 1.14 dBmO 1.576V
a 200 Q load —24.13 -9.13 417 5.87 7.31 dBm 0.775V
AHO attenuation 2 2 2 2 2 dB attenuat.
D/A 8.57E-02 | 4.82E-01 | 2.23E+00 | 2.71E+00 | 3.20E+00 | Vpk \
Qutput level 6.06E-02 | 3.41E-01 | 1.58E+00 | 1.92E4+00 | 2.26E+00 | Vrms \
ARCOFI| —28.3 —13.3 0 1.7 3.14 dBmO 1576V
(Bypass mode) —22.13 —-7.13 6.17 7.87 9.31 dBm 0.775V

1) The HOP/HON attenuation values can be changed in future versions of ARCOFI

Siemens Components, Inc.
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PSB 2160

Attenuation Distortion in Transmit & Receive Direction

1.0
dB

-0125

-0450

MIN NN

T0300 1000 2000 3000 3600 4000 Hz 5000
200 3400

Group Delay Distortion in Transmit & Receive Direction (ref. 1500 Hz)

1000

ms

can
800 \

750

600

420

400 m
380

A\

150
130

0
0 500 600 1000 2000 2600 3000 Hz 4000
2800

Siemens Components, Inc. 567



PSB 2160

Gain Tracking in Transmit & Receive Direction (Method 1; Noise)
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PSB 2160

Total Harmonic Distortion in Receive and Transmit *) Direction (Method 1; Noise)
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PSB 2160

Out-of-Band Signals at Analog Inputs

When applying an out-of-band sine-wave signal with frequency f and level A to the analog
inputs, the level of any frequency component below 4 kHz at the digital output is attenuated
according to the following table.

The reference level used for this measurement is a 800 Hz, 0dBmO signal applied to the
FHM analog input in by-pass mode. The digital gain GX in configuration register CR1 has

to be set to a flat 0dB.
Out-of-Band Out-of-Band Attenuation at
Input Frequency f Input Level A Digital Output
OHz<=f<= 60Hz —45dBmO<=A<= 0 dBmO | 25dB
60 Hz<=f<= 100 Hz —45dBmO<=A<= 0 dBmO | 10dB
3400 Hz < =f <= 4000 Hz —-45dBmO<=A<= 0 dBmO | 0dB
4000 Hz < =f< = 4600 Hz —-45dBmO<=A<= 0 dBmO | 14dB
4600 Hz<=f<= 12kHz | —-45dBmO<=A<=-158dBmO | 35dB
12kHz<=f<= 20kHz | —45dBmO<=A<=-23.2dBmO | 35dB
20 kHz < =f —45dBmO<=A<=-25 dBmO | 35dB

Siemens Components, Inc.
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PSB 2160

Functional Description

The ARCOFI bridges the gap between the audio world of microphones, earphones, loud-
speakers and the PCM digital world by providing a full PCM CODEC (coder + decoder)
with all the necessary transmit and receive filters. A block diagram of the ARCOFI is shown

in figure

1.

The ARCOFI can be subdivided in three main blocks;

@ The ARCOFI Analog Front End (AFE)

® The ARCOFI Signal Processor (ASP)

@ The ARCOFI Digital Interface (ADI)

Figure 1

Block Diagram
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PSB 2160

Analog Front End

The Analog Front End section of the ARCOFI interfaces the analog transducers with the
subsequent signal processor. In the transmit direction the AFE function is to amplify the
transducer input signals (microphones) and convert them into digital signals. In the AFE
receive section, the incoming digital signals are converted to analog signals output to an
earpiece and a loudspeaker. The attenuation plan and electrical characteristics of the AFE
are adapted to meet commonly used voice transducers.

Analog Inputs

A high sensitive differential input MIP and MIN connects a handset microphone to a gain
programmable amplifier AHM. When selected, the differential X inputs can be activated
(amplifier AX) while deselecting the MIP/MIN inputs;

Coming from AHM or AX the signal is forwarded via a fixed amplification stage AR to the
input of the analog muitiplexer driving the oversampling A/D converter. A third analog input
source is provided through pin FHM. This "hands-free” microphone input connects the
multiplexer via amplifier AFHM. The programmable amplifier AHM provides a first gain
adjustment allowing a perfect adaptation to various types of microphone transducers.
This gain adjustment is then tuned in the digital domain via the programmable gain adjust-
ment filter GX (see ARCOFI signal processing section).

Analog Outputs

Fully differential outputs HOP and HON connect the amplifier AHO to the hand-set earpiece.
Differential outputs LSN & LSP are provided for use with a 50 Q loudspeaker. Up to 100 mW
of power can be deiivered to the loudspeaker via amplifier ALS. The power amplifier ALS
is short-circuit protected. All outputs are sourced by a digital-to-analog converter via an
output analog multiplexer. The selection of the output source is performed through the
configuration register CR3 via the SLD interface.

ARCOFI Signal Processor (ASP)

The ARCOFI Signal Processor (ASP) has been conceived to perform ail CCITT recommended
filtering in both the transmit and receive path and is therefore fully compatible to the
G.714 CCITT specification. The code processed by the ASP is provided in the transmit
direction by an oversampling A/D converter situated in the analog front end (AFE). Once
processed the speech signal is converted into an 8 bit A-law or p-law PCM format or
remains a 16-bit linear word according to the bit setting in the configuration register 3.

In the receive direction the incoming PCM-signal is expanded in a linear format and
subsequently processed until passed to the D/A converter.

The entire ARCOFI signal flow plan is shown in figure 2.
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PSB 2160

Figure 2

Signal Flow
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Transmit Path Signal Processing

In the transmit direction a series of decimation filters reduces the sampling rate down to
the 8-kHz PCM rate. These filters attenuate out-of-band noise by limiting the received signal
to the voiceband.

The decimation stages end with a low-pass filter which band limits the voice signal according
to the CCITT recommendation G.714. A high-pass filter is also provided to remove power
line frequencies. The ARCOF| meets or exceeds all CCITT, and North American recommen-
dation on attenuation distortion and group delay distortion.

The GX gain adjustment stage is digitally programmable allowing the gain to be programmed
from —45 to +12 dB within a £ 0.25 dB tolerance range. However the CCITT templates are
not guaranteed in the whole area.

The voice signal after being linearly processed can be output as an 8-bit PCM word
according to the CCITT G.711 A-Law or the North American p-Law format. If desired the
compression stage can be by-passed, a 16-bit linear word is then outputed to the ARCOF!
digital interface.

The transmit path contains a frequency correction filter FX allowing an optimum adaptation
to different type of microphones (dynamic, piezoelectric or electret).
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PSB 2160

Receive Path Signal Processing

In the receive path the incoming PCM signal is expanded into a linear code according
to the selected A or p-Law. If the linear mode is chosen, the PCM expander circuit is
by-passed and a 16-bit linear word has to be provided to the processor.

A programmable sidetone gain stage Z adds a sidetone signal to the incoming voice signal.
The sidetone gain can be programmed from —50 to —2.5 dB within a £ 1 dB tolerance
range (0 dB is also possible).

The FR frequency correction filter is similar to the FX filter allowing an optimum adaptation
to different type of loudspeakers and earpieces.

A low-pass EWDF filter limits the signal bandwidth in the receive direction according to
CCITT recommendations. The GR gain adjustment stage is digitally programmable from
—45 dB to +12 dB within a 0.25 dB toterance range. However the CCITT templates are not
guaranteed in the whole area.

A series of low-pass interpolation filters increase the sampling frequency up to 128 kHz.
The last interpolator feeds the D/A converter.

Tone Ring and Tone Generator

The ASP receive path contains two signal generators; a tone ring and a beat tone generator
(TG & BT). Those generators can be used for tone alerting; call progress tones or other
audible feedback tones. Ali generated tones can be provided at either the handset earpiece,
the loudspeaker output or the piezo ringer output (SA & SB).

Distinctive alerting signals allowing for example the use of different multitone ringing patterns,
are all programmable using the beat tone generator in conjucntion with the tone ringer.
In the case of a two or three tone ringing signal, the tone ring generator controls the output
frequency pitch whilst the beat tone generator controls the repetition rate.

ARCOFI Digital Interface (ADI)
The ADI features are:

@ A selectable SLD or IOM-2 serial bus interface through which the ARCOFI transfers
voice channels and communicates with the system microcontroller.

@® A programmable multipurpose interface PCl (Peripheral Control Interface) which pro-
vides 4 programmable 1/0 pins to control peripheral devices.
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PSB 2160

SLD Bus

The SLD serial interface consists of a bidirectional data line SIP, a synchronization clock
input CLK and a data direction input FSC. Data bits are loaded or read out of the serial
interface pin SIP under control of a direction signal FSC. Bits are clocked in or clocked out
on the rising edge of the slave clock pin CLK (512 kHz). FSC and CLK inputs must be
phase locked.

An SLD frame lasts 125 ps and consists of 32 bits transferred to the ARCOFI (FSC high)
followed by 32 bits transferred from the ARCOFI to the SLD bus (FSC low).

The SLD interface thus provides a full duplex 256 kbit/’s communication capacity. This
capacity is subdivided in two 64 kbit/s voice/data channels reserved for the ISDN B1
and B2 channels. The remaining bandwidth is used by a feature control channel (64 kbit/s)
and a signaling channel (64 kbit/s). Bytes in ali channels are serialized MSB first.

A command received over the SLD-bus can cause a response over the SLD-bus within
the same frame. This leaves the ARCOFI 31.25 us to interpret the command and generate
the appropriate answer in the following SLD half-frame.

All ARCOF! internal registers are accessible via the SLD-bus in the time slot allocated
to the command channel. The first byte transferred in the command channel specifies the
type of operation and the number of bytes allocated to the transfer set-up.

When in power down (PU=0 ;CMDR), the command channel remains active in both transmit

and receive direction providing that the address bit (AD ;CMDR) matches the address
strapped on SP1, SP2.

In power down however both data channels are disabled; SIP being tristated during data
channel transmit time slots.

Receive direction (RX) Transmit direction (TX)
SLD —= ARCOFI ARCOF| —=SLD
CLK
s l ]
B ‘ BHt ‘ FC ‘ SIG BH | Bt | FC | SIG
Receive Direction Transmit Direction

B# 1,2: Data Channel

FC : Feature Contrat Channel
SIG . Signaling Channel
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IOM-2 Interface

The IOM-2 interface consists of two data lines and two clock lines. DU: Data Upstream
carries data from the ARCOFI to the layer-1 device and DD: Data Down stream carries
data from the layer-1 device to the ARCOFI. A FSC Frame Synchronization Clock is supplied
to the ARCOFI as well as a DCLK 1.536-MHz data clock for bit clocking.

In terminal mode the IOM-2 frame consists of three IOM channels numbered respectively
0,1 and 2. The ARCOFI can receive and transmit voice data in the IOM B1 & B2 channels as
well as in the IC1 and IC2 intercommunication channels located in IOM channel 0 and 1
respectively.

The IC1 and IC2 intercommunication channels can be used in the terminal for local bearer
data communication. This makes post-processing of voice/data information possible.

FSEJ """"" i l—r—

ou | 81 | B2 [mono [ o Jatfmelmd 1c1 ez [Monofcrilmlvx] T T [mc]
oo | 81 [ B2 |mono oo imelmd ot Jic | moN o 1 [mR[mx [ | [
e 10M® Channel 0 ——smie— 10M® Channel 1 ——=1=— 10M® Channel 2 —e

IOM-2 Monitor Channel

All programming data required by the ARCOFI including coefficients are transmitted
exclusively in the monitor 1 time slot in the IOM channel 1. The MON1 monitor channel
allows a point to multi-point access where the layer-1 component acts as master to pro-
grammable devices like the ARCOFI. Each programmable device is accessed by sending
a specific address byte at the start of each command stream followed by an identification
byte. The programmable device compares the received address byte with its own internally
wired IOM address before executing a command.

All programmed coefficients can be read back when issuing an appropriate CMDR read.
The ARCOFI responds by sending two IOM-2 specific bytes unambiguously identifying the
chip type and version followed by the issued SOP or COP read sequence.
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Monitor Transfer Protocol

The transfer of a low of commands in the MON1 channel is regulated by a handshake
protocol mechanism implemented by two bits MX and MR in the fourth siot of the IOM
channel 1. The maximum effective transfer rate in the MON1 channel is 32 kbit/s. Thanks
to the implemented handshake mechanism a command sequence can be delayed at the
convenience of the transmitting IOM bus master device and resumed subsequently. An
abort mechanism allows the interruption of a command sequence. In that case the command
may be partially executed by the ARCOFI {i.e. coefficients partiaily modified in the ARCOFI
CRAM). If use of the abort mechanism is made, a new command has to be issued to
program the ARCOFI.

C/I Channel

The first four bits of the IOM Channel 1 C/I channel are transparently routed to the four
ARCOFI PCI pins SA-SD. SA & SB from the presently addressed ARCOFI are shown in
the 3rd and 4th C/I bit position. The SP1 and SP2 strapping as well as the AD-bit in the
CMDR register determine which ARCOFI| is adressed.

Pins SA-SD can be configured individually as input or output and wili appear respectively
in the DD or DU CH1-C/I channel.

Tihe mapping of the peripheral control interface (PCI) pins SA,SB,SC,SD into the six C/I
channel bits depends on the hardwired SP1 address as follows:

SP1=1

DD and DU - - SB | SA | 8D | SC - -

SP1=0 (AM = 0; two chip mode)

DDandDU | SD | SC - — - — — —

SP1=0 (AM = 1; one chip mode)

DDandDU | SD | SC | SB | SA - - - -

The ARCOFI with the address pin SP1 strapped to 0 transmits/receives the SD and SC
values on DU/DD

In case a reset has been asserted, the SA to SD pins are programmed as input, however
the SA to SD values are not switched to the C/I channel unless a CR1 to CR4 SOP_0 write
command is issued.
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Programmable Registers

The SLD or the IOM-2 bus mode is used to control and program the operations performed
by the ARCOFI. The following lists the ARCOFI internal registers.

ARCOFI Digital Interface (ADI)
® CMDR: 8-bit command register

® CR1-4: four 8-bits configuration registers

ARCOF! Signal Processor (ASP)

@ Two transmit gain registers (GX)
@ Two receive gain registers (GR)
@® 10 FX filter coefficient registers
® 10 FR filter coefficient registers

® One Z sidetone gain register

® Two DTMF frequency tone registers
® 6 Tone ring/tone generator frequency register
@ 3 Tone ring/tone generator amplitude register

@ 6 Beat tone generator timing register

To familiarize the user with ARCOFI, a program, named ARCOS, is available. (see description
of ARCOS page 602).

This software tool allows the user to program the different ARCOFI registers and to evaluate
the chip in a real environment.
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Filter Programming Ranges

Limit Values
Parameter Symbol min max. Unit Tolerance
GX-filter?) 0 6 ds 0.25dB
GR-filter -6 0 dB 0.25 dB
Z-filter —o0 0 dB +1dB
Tone generator gain Grone —o0 0 daB
Tone generator frequency frone 0 4000 Hz
Tone generator time trone 1 16384 ms
DTMF generator 380 1630 Hz + 1%

1) Remark: The programming of GX-filter depends on the programming of the half-channel (AFE).

A DTMF generator is also built into the ARCOFI transmit path.

A preemphasis of 2 dB is guaranteed between the high and the low DTMF frequency
groups. The total power level of all unwanted frequency components is at least 20 dB below
the level of the low frequency group component of the signal.

The level of any unwanted frequency component does not exceed the following limits:

— In the frequency band 0-300 Hz: >-—33dB
— In the frequency band 300-3400 Hz: > 20dB
— In the frequency band 3400-4000 Hz: >-33 dB

All generated DTMF frequencies are guaranteed within a £ 1% deviation.

DTMF Frequency Programming

CCITT ARCOFI Relative Deviation Hex Coefficient
Q.23 Nominal from CCITT* H nibble/L nibble
Low Group

697 697.754 +1081 ppm F8

770 773.438 +4464 ppm A8

852 852.783 — 513 ppm F9

941 939.453 —1646 ppm BA

High Group

1209 1203.125 —4883 ppm 21

1336 1339.844 +2877 ppm 40

1477 1476.563 — 295 ppm 10

1633 1632.813 — 114 ppm 00

*. The deviations due to the inaccuracy of the incoming clock CLK, when added to the nominal
deviations tabulated above give the total absolute deviation from the CCITT recommended frequen-

cies.
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Command Register (CMDR)

Logical 1 Logical 2
BIT7 AD=1; if bit AD matches the AD=0; if address bit is not consistent
address convention strapped with the logical level strapped
on SP1; pin SIP is active as output on SP1; SIP is tristated
during SLD transmit time slots. during SLD transmit time slots.
BIT 6 R/W=1; reading from CR1, CR2, R/W=0; writing to CR1, CR2,
CR3, CR4 or CRAM. CR3, CR4 or CRAM.
BITS5 PU=1; The ARCOFl is in a normal PU=0; The ARCOFI is placed in
operating mode (powered up). stand by (powered down).
All register contents are saved.
BIT RCS=1; receive and transmit RCS=0; receive and transmit
in CH-B2. in CH-B1.
Note: RCS versus AM bit

Siemens Components, Inc.

a) In case of one chip mode (AM=1) RSC operates as described above.

b) In case of two chip mode (AM=0) and pin SP1 is strapped to 0 same as above.
If SP1 is strapped to 1, RCS operates in reverse order:

RCS=1 RXand TX in channel B1
RCS=0 RXand TXin channel B2

This provides a contention-free switching of the B1 & B2 channels while in two-

chip mode.
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A full sequence consists of a command byte followed by <..>n byte coefficients.

BIT 3210 CMD Status CMD CMD ; Comments
Name Mode Sequence Sequence
Length Description
0000 SOP_O0 RW 5 <CR4><CR3><CR2><CR1> ; ResetF flag
0001 COP_1 RMW 5 <ti><ti><f1><f1> : Beat tone time span
; T1 & tone generation
; frequency F1
001 COP_2 R/W 3 <gx1><gx2> ; GX gain
0011 COP_3 RW 5 <t2><t2><f2><f2> ; Beat tone time span
: T2 & tone generation
; frequency F2
0100 SOP_4 RW 2 <CR1> . Configuration reg. 1
0101 SOP_5 RW 2 <CR2> . Configuration reg. 2
0110 SOP_6 RW 2 <CR3> ; Configuration reg. 3
0111 SOP_7 R/W 2 <CR4> ; Configuration reg. 4
1000 COP_8 RW 3 <dtmf_high> <dtmf_low> ; DTMF frequencies
1001 COP_Q2 R/W 5 <gz><a3><a2><al> : GZ gain & tone
; generator amplitudes
A1, A2, A3
1010 COP_A R/W 9 <fx1><fx2> <fx3> <fx4> : FX frequency carrec-
<fx5> <fx6> <fx7> <fx8> . tion coefficient set 1
t011 COP_B RW 3 >gri><gr2> ; GR gain
1100 COP_C R/W 9 <fr1><fr2><fr3><fr4> : FR frequency correc-
<fr5><fré> <fr7><fr8> ; tion coefficient set 1
1101 COP_D R/W 5 <frg> <tr10> <fx9> <fx10> ; FX & FR coefficient
;set2
1110 COP_E RW 5 <t3><t3><f3><13> ; Beat tone time span
: T3 & tone generation
; frequency F3
1111 NOP R <hFF> ; No operation; CMDR
; bits 7,6,5,4
: are masked
W : No operation, CMDR
. bits 7,6,5,4 can be
; written
wW: ; write
R: ; read
<> : mandatory byte coefficient sequence
BITS 7 6 5 4 3 2 1 0
AD R/W PU RCS CMB3 cMB2 CMB1 CcMBO

Initial vaiue on RESET: OF, (NOP)
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Configuration Register 2 (CR2)

Logical 1 Logical 0
BIT7 SD=1; SD pin SD=0; SD pin
programmed as input. programmed as output.
BIT 6 SC=1; SC pin SC=0; SC pin
programmed as input. programmed as output.
BITS SB=1; SB pin SB=0; SB pin
programmed as input. programmed as output.
BIT 4 SA=1; SA pin SA=0; SA pin
pregrammed as input. programmed as output.
BIT 3 ELS=1; PCI pins SA-SD, ELS=0; pins SA-SD,
which are not programmed which are not TX-SIG inputs,
as TX-SIG transmit inputs, are sending zeros.
tristate SIP in TX direction.
BIT 2 AM=1; only one device is AM=0; two devices are
connected to the SLD bus, to the SLD bus,
send NOP'’s during TX-FC. tristate SIP during TX-FC.
BIT 1 TR=1; Three party conferencing TR=0; Three party conferencing
enabled CH-B1 is added to CH-B2 disabled.
in the RX direction.
BITO SLD Mode
EFC=1; Enable feature control. EFC=0; TX-FC channel disabled
TX-FC channel is enabled. (high Z).
IOM-2 Mode
SEL=1; Bearer channels SEL=0; B channels
transmit & receive in IOM channel 0. transmit & receive in IOM channel 1.
BITS 7 6 5 4 3 2 1 0
SD SC SB SA ELS AM TR EFC/SEL

Initial value on RESET: F9,,
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Configuration Register 1 (CR1)

Logical 1 Logical 0

BIT7 GR=1; GR gain GR=0; GR gain
loaded from CRAM setto 0 dB

BIT 6 GZ=1;Z gain GZ=0; Z gain
loaded from CRAM setto—18 dB

BIT5 FX=1; X filter FX=0; X filter
loaded from CRAM set to 0 dB flat

BIT 4 FR=1; R filter FR=0; R filter
loaded from CRAM set to 0 dB flat

BIT 3 GX=1; GX gain GX=0; GX gain
loaded from CRAM setto 0 dB

BIT 2 1 0 Test Mode Configuration Description

0 0 O NOT No test mode

0 0 1 ALS Analog loop back via converter registers.

0 1 0 ALM The MIC/XIN input is looped back to HON & HOP.
(AHO amplifier) the FHM input is looped back to
analog MUX. FHM input is looped back to LSN & LSP.
(ALS amplifier)

o 1 1 BYP By-pass: the analog front end is by-passed.

FHM serves as a direct single ended input to the
A/D-converter while HOP outputs the single ended
signal generated by the D/A converter.

1 0 0 IDR Data RAM initialisation, reset all data RAM locations
to hex 00.

1 0 1 DLS Digital loop back via converter registers.

i1 0 DLM The D/A output is looped back to the A/D input via
the analog 170 MUX.

1 1 1 DLP Digital loop back via PCM registers.

BITS 7 6 5 4 3 2 1 0
GR Gz FX FR GX T™MB2 | TMBH1 T™MBO

Initial value on RESET: 00y
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Configuration Register 3 (CR3)

BIT 7 6 5 Analog gain adjustment in transmit direction for the MIC input.
Gain factor tolerance range + 0.5 dB
C 0 O 52.0 dB default on RESET 0 1 1 34.0dB
0 0 1 46.0 dB 1 00 28.0dB
01 0 40.0 dB 1 0 1 22.0dB
1 1 1 X input enabled with a 1 10 17.0dB
15.1 dB amplification factor
MIC input disabled
BIT 4 3 2 Operating Configuration description
mode Analog Front End Control (AFEC)
Code State MIC/IN FHM HOUT L ouTt Comments
0 00 POR OFF OFF OFF OFF Power on reset
0 0 1 RDY ON OFF ON OFF Ready
010 LH1 OFF OFF OFF ON Loud hearing 1
0o 1 1 LH2 ON OFF OFF ON Loud hearing 2
1 00 LH3 ON OFF ON ON Loud hearing 3
1 0 1 HFS OFF ON OFF ON Hands-free
110 MUT OFF OFF ON OFF Mute
1 1 1 RES X X X X Reserved
BIT 1 0 Operating Linear Input/Output (LIO)
Mode
00 Lo B#1|B#2 | FC | SIG [B#1 |Bu2 | FC | siG |
Normal I/0 Mode
o 1 LIO 1;ELS =0 B#1 B#2 | FC | SIG |B#1 |B#2 |MSB | LSB
Mixed /0 Mode
1 0 Lo 2 MSB |LSB | FC | SIG {MSB | LSB | FC | SIG
Linear I/0 Mode
1 1 LIO 3 Reserved
BITS 7 6 4 3 2 1 0]
AGX AFEC Lo
Initial value on RESET: 004
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Configuration Register 4 (CR4)

Logical 1 Logical 0

BIT7 DHF=1; digital high-pass in TX DHF=0; digital high-pass in TX
direction enabled disabled

BIT 6 DTMF=1; DTMF DTMF=0; DTMF
generator enabled generator enabled

BIT5 TG=1; tone ring enabled TG=0; tone ring disabled

BIT 4 BT=1, beat tone BT=0; beat tone
generator enabled generator disabled

BIT 3 TM=1; tone mode bit set, TM=0; incoming voice
incoming voice is activated is blocked

BIT 2 BM=1; beat mode. 3 tone ring BM=0; 2 tone ring
activated when BT generator activated when BT generator
enabled. enabled.

BIT 1 PM=1; piezo mode bit set, PM=0; the tone generator
tone generator is outputed to the is directed to the loudspeaker
piezo ring pins SA & SB (D/A out)

BITO Alp=1; A/u=0;

u law enabled A law enabled
BITS 7 6 5 4 3 2 1 0
DHF DTMF TG BT ™ BM PM A/l
X: don’'t care
Initial value of RESET: 00,,
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ARCOFI Software Tool: ARCOS

The ARCOS program kit provides the means to exercise the PSB 2160 ARCOFI in a real
environment. The ARCOF! capabilities are made easily understandable thanks to a "DIA-
LOG MCDE” allowing direct programming of the component. Various operating conditions
can be programmed into the ARCOFI registers so as to evaluate ist performances. The
support software has also been designed to generate all the necessary coefficients to pro-
gram the Siemens PSB 2160 ARCOFI signal processor.

ARCOS supports:

@ Generation of coefficients for the three ARCOFI tone generator registers

@ Generation of coefficients for the ARCOFI DTMF tone generator registers

@ Generation of coefficients for the two ARCOFI programmable gain registers GX and GR.

® Generation of coefficients for the Z side tone gain register

® Generation of coefficients for the FX and FR correction filter registers. Adaptive software
calculates coefficients to fit a target amplitude frequency response. All these features
are provided under the "Search Coefficient” mode.

@ A user friendly dialogue mode allowing full programming of the ARCOFI configuration
registers and coefficient RAM.

@ Statistical information menus allowing users to explore the programming possibilities
of the ARCOFI

@® ARCOF! transmission measurements using the Wandel & Goitermann PCM-4.

Figure 3
ARCOS Main Menu
ARCOFI® COEFFICIENT SOFTWARE
ARCOS Version 3.0
Copyright 1988 Siemens AG Munich, West-Germany

Search Coefficient . ... ... .. . (S)
Statistical Information ........ ... ... ()]
Dialog-Mode . ... ... (D)
QUIL oot e e Q)
ARCOS>
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Search Coefficient Mode

With this mode the user can ask whether a specific value of a filter is available or not.
The answer is the closest values available, their corresponding coefficient as well as the
deviation from the desired value.

Figure 4
Search Coefficient Mode

Search Coefficient
Syntax Unit Example Range

D[TMF] {Frequency| [Hz] D 660 1200 380.. 1650 Hz
Flreq)S {Frequency| [Hz] FS 500 600.5 0.. 8000Hz
Flreq] {Frequency! [Hz] FT 500 600.5 0.. 4000Hz
Tlime]  {Time| [ms] T 1000 20 333 1..16400 ms
- .. odB
GZ or G[ain] ! Gain| [dB] GZ 8 -0 .. 14 dB
GX or GR {Gain| [dB] GX 122 -4 0.. 1
GZ>or G> {Value| [—-1 GZ> 0.34 0..
GX> or GR> |Value! [—] GX> 2.34 0.54

FX or FR Again Fb freqFcfreq {[A gain Fb freq Fc freq]
FX or FR Filename [Fast | Middle | Best]
FX or FR ? [Filename | =]

S[ound] - Sounds last specified
Square-Frequencies and Times

O[utput] —_ Output to PRN, Harddisk, Screen

Qluit] - Quit

<CR> - This Picture

ARCOS>
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Statistical Information Mode

The “Statistical Information” mode permits the generation of tables showing the coefficients
of different filters or generators and makes analysis of accuracy possible.

Figure 5

Statistical Information Menu
L Statistical Information
Frequency DTMF-Tone Generator ................couruuuueeuuiiiannn i, (D)
Frequency Tone Generator (Trapezoid) .................cooviueiienoi. ... (F)
Frequency Tone Generator (SQuare) .............. ..o ouiiiuniannoi... (S)
Time Tone Generator ............. ..ot i ()
Gain Tone Generator and GZ-Filter ................................... (G, Z)
GainGX-and GR-Filter . ... ... ... ... . (X, R}
Outputto PRN, Harddisk, Screen .................. ... ... ... . i .. Q)
QUIt Q)
ARCOS >T
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Dialog Mode
With the dialog mode the user becomes familiar with the ARCOFI chip in a real environment.
The configuration registers as well as coefficients in CRAM can be read and written.

Any change of register content is instantanecusly carried out and the new status of ARCOFI
is displayed on the screen.

Figure 6
Dialog Mode

?? Hz PCM-Output: GR GZ FX FR GX Test-Mode
??Hz PCM - Input: IOIUIOIOIOI NoT JCR‘I
e m ot out S E g SA ELS AM TR EFC

7748 [6z | -18 0B [1N||N]|NJ|N]TR|H]o[oﬂCRz

MIC-Gain Analog
AGX AFEC LIO

| s2e8 | por | Norm |cr3

|F1|G1ln]Fz[ﬁlezﬂFa|G3]T§|»/Tﬂ DHF MF TG BT TM BM PM Law

PM

27Hz ?7Hz 77 Hz Ulo]o]o]oTo]o[chm

7?7 d8 ?7dB ?7?7dB
7?7 ms 7?7 ms 77 ms Piezo

dg?? 77

77 dB ?7

M

AD PU RCS

[o[rw]o[81] command |cMOR

ARCOS DIALOG ~ WINDOW

ARCOS> Command Line

The program ARCOS runs on IBM- and IBM-compatible PC when the last is equipped with
a Siemens ISDN User Board SIPB 5000.

Nevertheless a shrinked version of ARCOS, named ARCOSD (ARCCS-DEMO), works without
user board and provides the user with the modes "Search Coefficient” and "Statistical Infor-
mation”.
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e’
Application Suggestions

The ARCOFI forms, together with a PEB 2070 ICC and a PEB 2080 SBC (resp. a PEB 2085
ISAC-S) a soiution for a complete digital telephone as specified in the CCITT I-series
recommendation at the "S"” reference point.

The digital telephone can be expanded for hands-free applications by adding the voice
switched speakerphone circuit PSB 45030.

Application Circuit

aux? ISAC™-S PEB 2085
fmF——— - ————————— js-lnrlerface

Handset XINN_ XINP J |
| nop ARCOFI® 5 1CC 5 SBC :'3;
A Hox PSB 2160 PEB 2070 PEB 2080 E:
|
' : ISDN Plug

MIN SB_SC SO !

RxI Tx0

HMIt

2 SPeakerphone MPU R
PSB 45030 SAB 8051 o

K )? FMI Hook
FHM 5p1 sp2 }_Swh:h

LSD:'— 11232
s s5|[s]|m

189 |e

* 10| # |
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The term%al mode IOM-2 frames consist of three IOM channels numbered respectively 0,1

and 2. The ARCOFI can receive and transmit voice data in the IOM B1 & B2 channels as well

as in the IC1 and IC2 intercommunication channels located in IOM channels 0 and 1 respec-
tively.

The IC1 and IC2 intercommunication channels can be used in the terminal for local data
communication. This makes postprocessing of voice/data information possible (see figure 7).

Figure 7
Post Processing the ARCOFI Voice Channels

ou | 81 | B2 lMONOIDIC/I[MRlMXI 01 | 12 |M0N1[c/1|MR[Mx| [ | fric )
o) | B ] B2 |M0N0]D]C/IIMR]MX] 01 | 12 |MON1|C/IIMR|MX| | ] [mic |
] S — T s ——
LAYER1 _>___45__D_D____B_1___ ) _MQ"lL_____j,__, |r__ I/ b
DoUTI = TH—# ;
1T a/ce | . N |
® HER RX Signal : TX Signal o ® :
IOM<~2 MASTER : |L Processor | Processor I [ ! ARCOFL |
| = . - | e -]

L=—10 o 1o | [l=={om dour

RX TX
SIGNAL SIGNAL ARCOF®)
SLAVE SLAVE SLAVE
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