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PMR Audio and Data Processor

Audio Processing, DTMF and FFSK/MSK Data Modem
with Auxiliary Functions for use in Analogue PMR Systems

Features
e Concurrent Audio/Signalling/Data Operations

o Complete Audio-band Processing:
Selectable Audio Processing Order
Pre and De-emphasis

Selectable 2.55/3.0 kHz Filtering
Selectable Audio HPF Cut-off
Compandor

Limiter

O O O O O O

¢ Programmable Voice Scrambler

¢ MSK/FFSK Data Modem with Packet or Free-
format Modes with FEC, CRC, Interleaving and
Scrambling

e DTMF and Audio Tone Encoder/Decoder
¢ Routing to Support Host pController Signalling

e Sub-Audio Signalling Filters for CTCSS and DCS

e Dual Auxiliary ADC, 4 Multiplexed Inputs
¢ 4 x Auxiliary DACs
e Dual Programmable System Clock Outputs

e Tx Outputs for Single, Two-Point or 1/Q
Modulation

e Microphone and Discriminator Analogue
Inputs

¢ Digital Gain Adjustment

¢ Default 3.6864MHz Xtal/Clock

e C-BUS Serial Interface to Host pController
» Flexible Powersave Modes

e Low-power 3.3V Operation

¢ Small VQFN and LQFP Packages
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1. Brief Description

The CMX148 is a half-duplex, audio, signalling and data processing IC for use in PMR systems that utilise
the host uC to perform signalling, including CTCSS/DCS encoding/decoding. The device is intended for
use in general leisure and professional PMR terminals.

Comprehensive audio processing facilities include complete audio processing, filtering, companding, pre-
or de-emphasis and frequency inversion scrambling. The CMX148 features an FFSK/MSK data modem
for packetised or free-format data operations. Signal routing and filtering is included to assist host uC
based signal encoding/decoding applications.

A DTMF encoder/decoder, a full complement of auxiliary ADCs and DACs and dual synthesised clock
outputs are included in this low power PMR processor. The device also has flexible powersaving modes
and is available in 48-pin VQFN and LQFP packages.
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It is always recommended that you check for the latest product datasheet version from the CML website:
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1.1. History
Version | Changes Date
6 e Removal of spurious notes 32 and 33, section 9.1.3 25 Nov 10
e Enhanced description of C-BUS latency time, just before Fig 4.
e Correction to Audio Tone ($CD) register, code 1100, section 8.1.29.
e Correction to Program Block 4, registers P4.7, P4.10, P4.11, section 8.2.5.
5 e First documentation release 09 Jul 09
2-4 e Internal documentation updates 11 Mar 09
1 e Initial document created — based on 7031/7041FI-1.3 documentation 02 Jul 08
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2. Block Diagram

Core Operations and Routing

MIC
voice L | compressor H Pre- H scrampler | Channel | | Soft | L
Filter P! Emphasis Filter Limiter
vV, . . (Sections can be de-selected and processing order is
Bias Tx Audio Processing programmable) L[~ AUDIO
Voice De- : Channel
Fiter || Scrambler || De-Emphasis — Expander = "o
v, N . (Sections can be de-selected and processing order is
Bias Rx Audio Processing programmable)
aPF FFSK/MSK Free Format Free Format FFSK/MSK
Demodulator | jeyipie packet Flexible Packet | Modulator

Data Modem  (Free format and flexible packet operation are selectable ) — MOD1

Programmable Tone Encoder */-—> Modulatian

3

Mode
LNl Hpr DTMF Decoder DTMF Encoder ] |, ——~ Mobz/
SIGOUT
. . (Programmable tone and DTMF operations are
In-Band Signalling selectable)
SIG
Filter —
CTCSS/DCS/Bypass
Veins Sub-Audio Signalling Support
Auxiliary Systems Control Systems
Pl S e ] o
ol -
Digital 10 RDATA
SYSCLKA1 ! Registers C-BUS Interface CSN
System Clocks . CDATA
'YSCLK2 Synthesised Clocks
SYSC! N Y| SCLK
[- DAC1 [«————{ Ramp Profile RAM
DAC DAC2 Main PLL and Dividers Crystal XTALN
Outputs DAC3 Oscillator XTAL/CLK
DAC 4 DACs
DVDD
[T ‘ ADC 1 Level Thresholds VDEC
> : ; DVSS
ADC MUX Averaging Power Control AVDD
Inputs ADC 2 Level Thresholds m VBIAS
| Averaging ADCs AVSS

Figure 1 Block Diagram
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3. Signal List
48-pin Signal T L.
e
Q3/L4 Name yp CMX148 Description
1 DVSS PWR [ Digital Ground
Internally generated 2.5V supply voltage. Must be decoupled
2 VDEC PWR to DVgs by ca_pamtors mounted close to the d_ewce pins. Nq
other connections allowed., except for the optional connection
to RFVDD.
3 XTAL/CLK P Input to the oscillator inverter from the Xtal circuit or external
clock source
4 XTALN OP [ The output of the on-chip Xtal oscillator inverter
The 3.3V positive supply rail for the digital on-chip circuits.
5 DVDD PWR [ This pin should be decoupled to DVss by capacitors mounted
close to the device pins.
6 CDATA IP C-BUS ‘Command Data’: Serial data input from the uC
C-BUS ‘Reply Data’: A 3-state C-BUS serial data output to
7 RDATA TS OP |the pC. This output is high impedance when not sending data
to the uC
8 - NC |Reserved — do not connect this pin
9 DVSS PWR [ Digital Ground
10 SCLK IP C-BUS ‘Serial Clock’ input from the uC
11 SYSCLK2 OP [ Synthesised Digital System Clock Output 2
C-BUS: The C-BUS chip select input from the uC - there is
12 CSN IP X "
no internal pull-up on this input
13 - NC |Reserved — leave unconnected
14 - NC |Reserved — leave unconnected
15 - NC |Reserved — leave unconnected
16 - NC |Reserved — leave unconnected
17 - NC |Reserved — leave unconnected
18 - NC |Reserved — leave unconnected
19 DVSS PWR | Digital Ground
C-BUS: A 'wire-ORable' output for connection to the Interrupt
Request input of the host. Pulled down to DVss when active
20 IRQN OoP P . )
and is high impedance when inactive. An external pull-up
resistor (R1) is required.
Internally generated 2.5V digital supply voltage. Must be
21 VDEC PWR dgcoupled to DVgs by qapamtors mounted close to.the device
pins. No other connections allowed, except for optional
connection to RFVpp.
22 RXENA OP | Rx Enable — active low when in Rx mode ($C1:b0 = 1)
23 - NC |Reserved — leave unconnected
24 - NC |Reserved — leave unconnected
25 SYSCLK1 OP | Synthesised Digital System Clock Output 1
© 2010 CML Microsystems Plc 7 D/148/6
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48-pin Signal Tvoe e
Q3/L4 Name yp CMX148 Description
26 DVSS PWR | Digital Ground
27 TXENA OP | Tx Enable — active low when in Tx mode ($C1:b1 = 1)
28 DISC IP Discriminator amplifier inverting input
29 DISCFB OP |Discriminator amplifier feedback
30 SIG IP Signal input amplifier inverting input
31 SIGFB OP Signal input amplifier feedback
32 MICFB OP [Microphone amplifier feedback
33 MIC P Microphone amplifier inverting input
34 AVSS PWR | Analogue Ground
35 MOD1 OP  [Modulator 1 output
36 MOD2/SIGOUT OP | Modulator 2 output (Tx) or External Sub-Audio output (Rx)
Internally generated bias voltage of about AVpp/2, except
when the device is in ‘Powersave’ mode when Vgjas Will
37 VBIAS OP |discharge to AVss. Must be decoupled to AVgg by a capacitor
mounted close to the device pins. No other connections
allowed.
38 AUDIO OP | Audio output
39 ADCT P Auxiliary ADC input (1) Each of the two ADC blocks can
40 ADC2 IP | Auxiliary ADC input (2) select its input signal from any
one of these input pins, or from
41 ADC3 IP- [Auxiliary ADC input (3) the MIC, SIG or DISC input pins.
42 ADCA P Auxiliary ADC input (4) See section 8.1.5 for details.
Positive 3.3V supply rail for the analogue on-chip circuits.
Levels and thresholds within the device are proportional to
43 AVDD PWR this voltage. This pin should be decoupled to AVss by
capacitors mounted close to the device pins.
44 DAC1 OP |Auxiliary DAC output 1/RAMDAC
45 DAC2 OP  [Auxiliary DAC output 2
46 AVSS PWR |Analogue Ground
47 DAC3 OP  |Auxiliary DAC output 3
48 DAC4 OP |Auxiliary DAC output 4
On this device, the central metal pad (which is exposed on
EXPOSED Q3 ;
- packages only) may be electrically unconnected or,
MeTaL Pap | SUBSTRATE alternatively, may be connected to Analogue Ground (AVss).
No other electrical connections are permitted.
Notes: IP = Input (+ PU/PD = internal pull-up/pull-down resistor)
OP Output
BI = Bidirectional
TSOP = 3-state Output
PWR = Power Connection
NC No Connection - should NOT be connected to any signal
© 2010 CML Microsystems Plc 8 D/148/6
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4. External Components
_4—, —~ N - Aux\}iary
DACs — & T ”—>—C5 Audio OP
c7 I
~ AVes SIGOUT
MOD 2
- bvss ——, MOD2/SIGOUT IC:V
C2 XTAL/C\:CD)EE :A\?s[: A\/: ;Jﬁciv e
DVss. DVop DVDD MICFB C16 C15 MICIN
CDATA CDATA 6 SIGFB c14 |—<—013 SIGIN
RDATA RDATA O-SIGIN “
DVss DS o>
SCLK SCLK TXENA »— TxEnable
SYSCLK2 SYSCLK2 DVSs over
CsN CsN SYSCLK1 »— Sys Clock 1
IRQN T
C24+ C23: C20+—|— 021—L C22—L CWLI— C18—I— C‘\Q—I—
T "
Figure 2 Recommended External Components
R1 100kQ C1 18pF C11 Seenote 5 C21 10nF
R2 100kQ C2 18pF C12 180pF C22 10nF
R3 100kQ C3 10nF C13 Seenote 5 C23 10nF
R4 100kQ C4 not used C14 180pF C24 10upF
R5 See note 2 C5 1nF C15 Seenote 5
R6 100kQ C6 100pF C16 180pF
R7 See note 3 C7 100nF C17 10pF
R8 100kQ C8 100pF C18 10nF X1 3.6864MHz
R9 See note 4 C9 100pF C19 10nF See note 1
R10 100kQ C10 not used C20 10uF
Resistors +5%, capacitors and inductors £20% unless otherwise stated.

Notes:

1. X1 can be a crystal or an external clock generator; this will depend on the application. The tracks
between the crystal and the device pins should be as short as possible to achieve maximum stability
and best start up performance. By default, a 3.6864MHz clock is selected, other values could be
used if the various internal clock dividers are set to appropriate values.

2. R5 should be selected to provide the desired dc gain (assuming C11 is not present) of the DISC
input, as follows:

| GAINpsc | = 100kQ / R5
The gain should be such that the resultant output at the DISCFB pin is within the input signal range
specified in 7.14.2.
3. RY7 should be selected to provide the desired dc gain (assuming C13 is not present) of the SIG input

as follows:
| GAINg g | = 100kQ / R7

© 2010 CML Microsystems Plc 9 D/148/6
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The gain should be such that the resultant output at the SIGFB pin is within the input signal range
specified in 7.14.

4. R9 should be selected to provide the desired dc gain (assuming C15 is not present) of the MIC input
as follows:

| GAINpic | = 100kQ / R9

The gain should be such that the resultant output at the MICFB pin is within the input signal range
specified in 7.14.1. For optimum performance with low signal microphones, an additional external
gain stage may be required.

5. C11, C13 and C15 should be selected to maintain the lower frequency roll-off of the MIC, SIG and
DISC inputs as follows:

C11>1.0uF x | GAINpsc |
C13 > 1.0pF x | GAINgg |
C15> 30nF x |GAINpc|
6. SIG and SIGFB connections allow the user to have an additional signal input (usually assigned to

the External Signalling). Component connections and values are as for the respective DISC and
MIC networks. If this input is not required, the SIG pin should be connected to AVss.

7. C5 (AUDIO output) should be increased to 1.0uF if frequencies below 300Hz need to be used on
this pin.

8. A single 10uF electrolytic capacitor (C24, fitted as shown) may be used for smoothing the power
supply to both VDEC pins, providing they are connected together on the pcb with an adequate width
power supply trace. Alternatively, separate smoothing capacitors should be connected to each
VDEC pin. High frequency decoupling capacitors (C3 and C23) must always be fitted as close as
possible to both VDEC pins.

© 2010 CML Microsystems Plc 10 D/148/6
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5. PCB Layout Guidelines and Power Supply Decoupling

AVoo

Analogue Ground Plane

mmmmmmmmmm

CMX 148 (Q3/L4)

fffff

Digital Ground Plane

Figure 3 Power Supply and Decoupling

Component Values as per Figure 2.
Notes:

It is important to protect the analogue pins from extraneous inband noise and to minimise the impedance
between the device and the supply and bias decoupling capacitors. The decoupling capacitors C3, C7,
C18, C19, C21, C22, C24 and C25 should be as close as possible to the device. It is therefore
recommended that the printed circuit board is laid out with separate ground planes for the AVgs and
DVss supplies in the area of the CMX148, with provision to make links between them, close to the device.
Use of a multi-layer printed circuit board will facilitate the provision of ground planes on separate layers.

Vgias is used as an internal reference for detecting and generating the various analogue signals. It must
be carefully decoupled, to ensure its integrity, so apart from the decoupling capacitor shown, no other
loads should be connected. If Vgas needs to be used to set the discriminator mid-point reference, it must
be buffered with a high input impedance buffer.

The single ended microphone input and audio output must be ac coupled (as shown), so that their return
paths can be connected to AVgg without introducing dc offsets. Further buffering of the audio output is
advised.

The crystal X1 may be replaced with an external clock source.

© 2010 CML Microsystems Plc 11 D/148/6
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6. General Description

The CMX148 is intended for use in half-duplex analogue two way mobile radio or family radio equipment
and is particularly suited to both the PMR markets and enhanced MURS/GMRS/FRS with GPS terminal
designs. The CMX148 provides radio signal filtering, encoder and decoder functions for: audio, inband
tones, DTMF, and MSK/FFSK data, permitting simple to sophisticated levels of tone control and data
transfer. A flexible power control facility allows the device to be placed in its optimum powersave mode
when not actively processing signals.

The CMX148 includes a crystal clock generator, with a buffered output, to provide a common system
clock if required. A block diagram of the CMX148 is shown in Figure 1.

The signal processing blocks can be individually assigned to either of two signal processing paths, which
in turn, can be routed from any of the three audio/discriminator input pins. This allows for a very flexible
routing architecture and allows the facility for different processing blocks to act on different analogue
inputs.

Additional filtering is included to support host-generation or detection of sub-audible CTCSS/DCS tones.

Tx Functions:
o Single/dual microphone or external signalling inputs with input amplifier and programmable
gain adjustment
Filtering selectable for 12.5kHz and 25kHz channels
Selectable pre-emphasis
Selectable compression
Selectable frequency inversion voice scrambling
Selectable audio processing order
2-point modulation outputs with programmable level adjustment
Filtering for external CTCSS or DCS signals
Programmable audio tone generator (for custom audio tones)
Programmable DTMF generator
1200/2400 baud MSK/FFSK modem and data packet encoder (suitable for text
messaging/paging, caller identification, caller location, digital poll of remote radio location,
GPS information in NMEA 0183 format, data transfer, MPT1327 etc.) incorporating
interleaving, FEC, CRC and data scrambling
o Tx Enable output

O 0O 0O 0O OO0 O0O OO0 O0

Rx Functions:
o Single/dual demodulator inputs with input amplifier and programmable gain adjustment
Audio-band and sub-audio rejection filtering
Selectable de-emphasis
Selectable expansion
Selectable frequency inversion voice de-scrambling
Selectable Audio Processing order
Software volume control
Filtering for external CTCSS or DCS signals
DTMF decoder
1200/2400 baud MSK/FFSK data packet decoder with automatic bit rate recognition, 16-bit
frame sync detection, error correction, data de-scrambler and packet disassembly
o Rx Enable output

O 0O 0O 0O OO0 0O 0 O

Auxiliary Functions:
o 2 programmable system clock outputs
o 2 auxiliary ADCs with selectable input paths
o 4 auxiliary DACs, one with built-in programmable RAMDAC

Interface:
o C-BUS, 4-wire high-speed synchronous serial command/data bus
o Opendrain IRQ to host
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7. Detailed Descriptions

7.1. Device Identification Code
Following a Power-on or Reset (see 8.1.1), the device will report the Device Identification Code in the
Tone Status register ($CC) to indicate that it is operational.

7.2. Xtal Frequency

The CMX148 is designed to work with a Xtal of 3.6864MHz. If this default configuration is not used, then
Program Block 3 (see 8.2.4) should be loaded with the correct values to ensure that the device will work
to specification with the user specified clock frequency. A table of common values can be found in Table
1. Note the maximum Xtal frequency is 12.288MHz, although an external clock source of up to
24 .576MHz can be used.

The register values in Table 1 are shown in hex (however not all bits are relevant, see Program Block 3
for details), the default settings are shown in bold, and the settings which do not give an exact setting (but
are within acceptable limits) are in italics. The new P3.2-3 settings take effect following the write to P3.3
(the settings in P3.4-7 are implemented on a change to Rx or Tx mode).

Table 1 Xtal/clock Frequency Settings for Program Block 3

Program Block entry External Frequency Source (MHz)
3.6864 6.144 9.216 12.0 12.8 16.368 16.8 19.2
P3.2
GP Timer $01C $018 $018 $019 $019 3018 $019 $018
Qo
P33 | 2| vooouputand | goas | soss | sosc | s1oF | st10 | $095 | s115 | $099
AUX clk divide
P34
Ref clk divide $030 $040 $060 $07D $0c8 $155 $15E $ocs
P3.5
X PLL clk divide $280 $200 $200 $200 $300 $400 $400 $200
P3.6 S VCO output and
& | AUX clk divide $13C $140 $140 $140 $140 $140 $140 $140
P3.7 Internal
ADC/DAC clk $008 $008 $008 $008 $008 $008 $008 $008
divide

7.3. Host Interface

A serial data interface (C-BUS) is used for command, status and data transfers between the CMX148 and
the host uC; this interface is compatible with Microwire and SPI. Interrupt signals notify the host yC when
a change in status has occurred and the uC should read the Status register across the C-BUS and
respond accordingly. Interrupts only occur if the appropriate mask bit has been set. See section 8.1.3.

The CMX148 will monitor the state of the C-BUS registers that the host has written to every 250us (the C-
BUS latency period) hence it is not advisable for the host to make successive writes to the same C-BUS
register within this period.

To minimise activity on the C-BUS interface, optimise response times and ensure reliable data transfers, it
is advised that the IRQ facility be utilised (using the IRQ mask register, $CE). It is permissible for the host
to poll the IRQ pin if the host yC does not support a fully interrupt-driven architecture. This removes the
need to continually poll the C-BUS status register ($C6) for status changes.

The C-BUS block provides for the transfer of data and control or status information between the
CMX148'’s internal registers and the host uC over the C-BUS serial interface. Each transaction consists of
a single Address byte sent from the uC which may be followed by one or more Data byte(s) sent from the
MC to be written into one of the CMX148’s Write Only Registers, or one or more data byte(s) read out
from one of the CMX148’s Read Only Registers, as illustrated in Figure 4.
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Data sent from the uC on the CDATA line is clocked into the CMX148 on the rising edge of the SCLK
input. RDATA sent from the CMX148 to the uC is valid when SCLK is high. The CSN line must be held
low during a data transfer and kept high between transfers. The C-BUS interface is compatible with most
common PC serial interfaces and may also be easily implemented with general purpose pC /O pins
controlled by a simple software routine.

The number of data bytes following an Address byte is dependent on the value of the Address byte. The
most significant bit of the address or data are sent first. For detailed timings see section 9.2. Note that,
due to internal timing constraints, there may be a delay of up to 250us between the end of a C-BUS write
operation and the device reading the data from its internal register. Ensure that this C-BUS latency time
(up to 250us) is observed when writing multiple commands to the same C-BUS register.

C-BUS Write:
See Note 1 See Note 2
CSN | |
SCLK SN I N I 6 6 O N O O
CDATA [7]6]5]4[3]2]1]0] [7]6]...[o] J7]..[0]
MSB LSB MSB LSB MSB LSB
Address/Command byte Upper 8 bits Lower 8 bits
RDATA
High Z state
C-BUS Read:
See Note 2
CSN |
SCLK SN U O I N
CDATA [7]6]5]4[3]2]1]0]
MSB LSB
Address byte Upper 8 bits Lower 8 bits
RDATA l7]e6]...]0o] J7]..[0o] F——
High Z state MSB LSB MSB LSB

:| Data value unimportant

______

Repeated cycles

_______

. Either logic level valid (and may change)

Either logic level valid (but must not change from low to high)

Figure 4 C-BUS Transactions

1. For Command byte transfers only the first 8 bits are transferred ($01 = Reset).

2. For single byte data transfers only the first 8 bits of the data are transferred.

3. The CDATA and RDATA lines are never active at the same time. The Address byte determines
the data direction for each C-BUS transfer.

4. The SCLK input can be high or low at the start and end of each C-BUS transaction.

5. The gaps shown between each byte on the CDATA and RDATA lines in the above diagram are
optional, the host may insert gaps or concatenate the data as required.
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7.4. Device Control

The CMX148 can be set into many modes to suit the environment in which it is to be used. These modes
are described in the following sections and are programmed over the C-BUS: either directly to operational
registers or, for parameters that are not likely to change during operation, via the Programming register

($C8).
For basic operation:
1. enable the relevant hardware sections via the Power Down Control register
2. set the appropriate mode registers to the desired state (Audio, Inband, Sub-audio, Data, etc.)
3. select the required Signal Routing and Gain
4. use the Mode Control register to place the device into Rx or Tx mode

To conserve power when the device is not actively processing an analogue signal, place the device into
Idle mode. Additional powersaving can be achieved by disabling the unused hardware blocks, however,
care must be taken not to disturb any sections that are automatically controlled.

See:
o Powerdown Control - $CO write
o Mode Control — $C1 write

7.41. Signal Routing

The CMX148 offers a very flexible routing architecture, with three signal inputs, two separate signal
processing paths and a selection of two modulator outputs (to suit 2-point as well as 1/Q modulation
schemes) and a single audio output. Each of the signalling processing blocks can be independently
routed from either of the two input blocks (Input1 or Input2), which can be routed from any of the three
input signal amplifiers. The audio/voice processing blocks are always routed from Input1. The outputs
from signal processing blocks are determined by the settings of the AuxADC and TX MOD mode register
in Tx mode.

In Tx mode, an externally generated sub-audio or in-band signal may be routed via Input2. The signal can
be appropriately filtered and mixed with the in-band signalling and presented at the MOD1 and/or MOD2
outputs. In Rx mode, sub-audio signalling or in-band signalling can be recovered from the input signal,
routed via Input1 or Input2, and presented on the MOD2 output..

See:
o Input Gain and Output Signal Routing - $B1 write
o AuxADC and Tx MOD Mode - $A7 write
o Mode Control — $C1 write
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Figure 5 Signal Routing

The analogue gain/attenuation of each input and output can be set individually, with additional fine gain
control available via the Programming register.

See:
o Analogue Output Gain - $B0 write
o Input Gain and Output Signal Routing - $B1 write

7.4.2. Mode Control

The CMX148 operates in one of three modes:
o |IDLE
o Rx
o Tx

At power-on or following a Reset or General Reset, the device will automatically enter IDLE mode, which
allows for the maximum powersaving whilst still retaining the capability of monitoring the four ADC inputs
(if enabled). It is only possible to write to the Programming register whilst in IDLE mode.
See:

o Mode Control — $C1 write
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7.5. Audio Functions

The audio signal can be processed in several ways, depending on the implementation required, by
selecting the relevant bits in the Audio Control — $C2 write register. In both Rx and Tx modes, a
selectable channel filter to suit either the 12.5kHz or 25kHz TIA/JETSI channel mask can be selected. This
filter also incorporates a soft limiter to reduce the effects of over-modulation. Other features include
300Hz HPF, pre- and de-emphasis, companding and frequency inversion scrambling, all of which may be
individually enabled . The order in which these features are executed is selectable to ensure compatibility
with existing implementations and provide optimal performance (see section 8.2.5). The alternate settings
shown in section 8.2.5 may provide better performance than the default configuration

7.51. Audio Receive Mode

The CMX148 operates in half-duplex, so whilst in receive mode the transmit path (MIC input and MOD1/2
amplifiers) can be disabled and powered down if required. The AUDIO output signal level is equalised (to
Vgias) before switching between the audio port and the modulator ports, to minimise unwanted audible
transients. The Off/Powersave level at MOD1/2 outputs is the same as the Vgjag pin, so the audio output
level must also be at this level before switching.

See:
o Audio Control — $C2 write

Receiving Audio Band Signals
When a voice-based signal is being received, it is up to the host pC, in response to signal status
information provided by the CMX148, to control muting/enabling of the audio signal to the AUDIO output.

The discriminator path through the device has a programmable gain stage. Whilst in receive mode this
should normally be set to 0dB (the default) gain.

Receive Filtering

The incoming signal is filtered, as shown in Figure 7 (with the 300Hz HPF also active), to remove sub-
audio components and to minimise high frequency noise. When appropriate, the audio signal can then be
routed to the AUDIO output. Separate selectable filters are available for:

e 300Hz High Pass (to reject sub-audible signalling)
e 2.55kHz Low Pass (for 12.5kHz channel operation)
e 3.0kHz Low Pass (for 25kHz channel operation)

Note that with no filters selected, the low frequency response extends to below 5Hz at the low end but still
rolls off above 3.3kHz at the top end.

The cut-off point of the 300Hz HPF can be set to either 280Hz, 300Hz or 320Hz by setting the relevant
bits of Program Block P2.5, as shown in Figure 6.

T The typical responses shown in Figure 7, Figure 10, Figure 11 were recorded using the EV1480 Evkit,
DISC to AUDIO and MOD1.
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De-emphasis

Optional de-emphasis at -6dB per octave from 300Hz to 3000Hz (shown in Figure 9) can be selected, to
facilitate compliance with TIA/EIA-603, EN 300 086, EN 301 025 etc. The template shows the +1 and -
3dB limits.

Rx Companding (Expanding)

The CMX148 incorporates an optional syllabic compandor in both transmit and receive modes. This
expands received audio band signals that have been similarly compressed in the transmitter to enhance
dynamic range. See the next section and:

o Audio Control — $C2 write

Audio De-scrambling

The CMX148 incorporates an optional frequency inversion de-scrambler in receive mode. This de-
scrambles received audio band signals that have been scrambled in the transmitter. The inversion
frequency defaults to 3300Hz, but maybe modified by writing to P4.8.

See:
o Audio Control — $C2 write

7.5.2. Audio Transmit Mode
The device operates in half-duplex, so when the device is in transmit mode the receive path (discriminator
and audio output amplifiers) should be disabled, and can be powered down, by the host uC.

Two modulator outputs with independently programmable gains are provided to facilitate single or two-
point modulation, separate sub-audio and audio band outputs. If one of the modulator outputs is not used
it can be disabled to conserve power.

To avoid spurious transmissions when changing from Rx to Tx, the MOD1 and MOD2 outputs are ramped
to the quiescent modulator output level, Vgas before switching (if enabled by b7 of the Analogue Gain
register, $B0). Similarly, when starting a transmission, the transmitted signal is ramped up from the
quiescent Vg|as level and when ending a transmission the transmitted signal is ramped down to the
quiescent Vgias level. The ramp rates are set in the Program Block P4.6. When the modulator outputs
are disabled, their outputs will be set to Vgjas. When the modulator output drivers are powered down,
their outputs will be floating (high impedance), so the RF modulator will need to be turned off.

For all transmissions, the host yC must only enable signals after the appropriate data and settings for
those signals are loaded into the C-BUS registers. As soon as any signalling is enabled the CMX148 will
use the settings to control the way information is transmitted.

A programmable gain stage in the microphone input path facilitates a host controlled VOGAD capability,
or an internal AGC function may be used.

See:
o Audio Control — $C2 write

o AuxADC and Tx MOD Mode - $A7 write
o Input Gain and Output Signal Routing - $B1 write

Processing Audio Signals for Transmission over Analogue Channels

The microphone input(s), with programmable gain, can be selected as the audio input source. Pre-
emphasis is selectable with either of the two analogue Tx audio filters (for 12.5kHz and 25kHz channel
spacing). These are designed for use in EN 300 086, TIA/EIA-603 or EN 301 025 compliant applications.
When the 300Hz HPF is enabled, it will attenuate sub-audio frequencies below 250Hz by more than 33dB
with respect to the signal level at 1kHz.

These filters, together with a built in limiter, help ensure compliance with EN 300 086 and EN 301 025
(25kHz and 12.5kHz channel spacing) when levels and gain settings are set up correctly in the target
system.
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