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TEMIC U4082B

Low-Voltage Voice-Switched IC for Hands-Free Operation

Description

The low-voltage voice-switched speakerphone circuitletector and mute function. Due to low-voltage opera-
U4082B, incorporates the wide range of functions listetibn, it can be operated either by a low supply or via a
below. Versatility of the device is further enhanced byelephone line requiring 5.5 mA typically. Also featured
giving access to internal circuit points. The block diagrans stand-alone operation through a coupling transformer
(figure 1) shows amplifiers, level detectors, transmit an@ip and Ring) or in conjunction with a handset speech
receive attenuators operating in complementary funaetwork, as shown in figure 2

tions, background noise monitors, chip disable, dial tone

Features
® | ow-voltage operation: 3t0 6.5V ® Chip disable for active/standby operation
e Attenuator gain range between transmit and ® On-board filter

receive: 52 dB e Dial tone detector

® Four point signal sensing for improved sensitivity e Compatible with U4083B speaker amplifier

® Monitoring system for background-noise level Benefits
® Microphone amplifier gain adjustable e Fast channel switching allows quasi duplex operation
e Mute function ® Proper operation in noisy surrounding
MIC11 MICO10 17TLI2 9 Tl 8TO 7 HTI 6 HTO-
:
12} V8 Vs — HTO+
MUTE VB
AGC A==V
16 Background Background CPR
CPT noise monito noise monito| pod
R
18 Level Attenuator Level
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1 RLO1
19
RLO2 Dial tone 24
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Figure 1. Block diagram
Ordering Information
Extended Type Number Package Remarks
U4082B-A DIP28
U4082B-AFL S028
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Figure 2. Block diagram with external circuit
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TEMIC U4082B

Pin Description Pin | Symbol Function
9 T Transmit attenuator input. Maximum
signal level is 350 mVrms. Input im
FO (1] U 2§ GND pedance is approximately 1@k
10 MICO Microphone amplifier output.
Fi 2] 127 CPR Gain is set by external resistors.
11 MIC Microphone amplifier input. Bias
b 3] 29 RLIL voltage is approximately §/
Vs [4] 25 RLO1 12 MUTE | Mute input. A logic low (< 0.8 V)
sets normal operation.
HTO+ [5] 24 TLO1 A logic high (> 2 V) mutes the mi-
crophone amplifier without affecting
HTO- [6] 23 TLIL the rest of the circuit. Input impedance
HTI 7] 72 RECO is nominally 90 K2.
13 VClI Volume control input. When VCI =
TO (8 21 RI Vg, the receive attenuator is at maxi-
mum gain when in receive mode.
Tl El 124 RLI2 When VCI = 0.3 \4, the receive gain
is down 35 dB. It does not affect the
Mico  [10 19 RLO2 transmit mode.
mic  [1] 18 TLO2 14 Cr Response time.
An RC at this pin sets the response
MUTE [12 117 TLI2 time for the circuit to switch modes
15 Vg Output voltage= Vg It is a system
ver 13 16 CPT ac ground and biases the volume con-
cT 14 15 VB trol. A filter cap is required.

16 CPT An RC at this pin sets the time
constant for the transmit background
monitor.

Pin Symbol Function 17 TLI2 Trgnsmit level detector' input on the
- - - microphone/speaker side.
1 FO Filter output. Output impedance is 18 TLO2 |Transmit level detector output on the
Igss than 5. - - microphone/speaker side, and input to
2 Fl Filter input. Input impedance is the transmit background monitor.
grgater than 1 K. - 19 RLO2 Receive level detector output on the
3 CD Chip disable. A Iog_lc low (< Q.8 y) microphone/speaker side.
sets ”O”T“a' operation. A logic high 20 RLI2 Receive level detector input on the
(>2V) dlsabl_es the IC to_ conserve microphone/speaker side.
ngl\:g' Inputimpedance is nominally 21 RI Input receive attenuator and dial tope
2 v Suool m 281065V i detector. Maximum input Ievel_ls
s upply voltage 2.6 10 5.5V, approx 350 mVrms. Input impedance is
mately 5 mA. approximately 10 ®
AGC circuit reduces the receive atten- - -
uator gain @ 25 dB- Receive 22 RECO | Receive attenuator output.
mode at 2.8 V. DC level is approximately ¥.
5 HTO+ | Output of the second hybrid amplifier. 23 TLL 'I_'rans_mit level detector input on the
— Hybrid output. line side.
Gain is internally set at —1 to provide 24 TLO1 Transmit level detector output on the
a differential output, (in conjunction line side.
with HTO-) to the hybrid transformelr. 25 RLO1 |Receive level detector output on the
6 HTO— | Output of the first hybrid amplifier. line side and input to the receive
Hybrid output. Gain is set by exterr|al background monitor.
resistors. 26 RLI1 Receive level detector input on the
7 HTI Input and summing node for the first line side.
hybrid amplifier. 27 CPR An RC at this pin sets the time
DC level is approximately y. constant for the receive background
8 TO Transmit attenuator output. monitor.
DC level is approximately ¥ 28 GND Ground

Rev. A1, 29-Apr-98 3(22)



U4082B TEMIC

Introduction

General is ever fully on or off. The sum of their gains remains

) , constant (within a nominal error band #f0.1 dB) at a
The fundamental difference between the operation 0ft9pica| value of —40 dB (see figure 11). Their purpose is

speakerphone and a handset is that of half-duplex versyseontrol the transmit and receive paths to provide the
full duplex. The handset is full duplex since conversatIOHa|f_dup|eX operation required in a speakerphone.
can occur in both directions (transmit and receive)

simultaneously. A speakerphone has higher gain levelsifie attenuators are non-inverting, and have a —3.0 dB
both paths, and attempting to converse full duplex resuf§om max. gain) frequency of approximately 100 kHz.
in oscillatory problems due to the loop that exists withid he input impedance of each attenuator (Tl and RI) is
the system. The loop is formed by the receive and transfi@iminally 10 K2 (see figure 3), and to prevent distortion,

paths, the hybrid and the acoustic coupling (speaker 3¢ input signal should be limited to 350 mVrms.
microphone). Maximum recommended input signal is independent of

_ ) . the volume control setting. The diode clamp on the inputs
The only practical and economical solution used to dajgnits the input swing, and therefore the maximum
is to design _the speakerphone to function ina half dypl‘ﬁ’égative output swing. This is the reasopg¥o and
mode. That is, only one person speaks at a time, while {)e | specification are defined as they are in the electrical
other listens. To achieve this, a circuit is required which5racteristics. The output impedance is less tha@ 10

can det(_act who i_s talking, sw_itch on the appropriate pagyti| the output current limit (typically 2.5 mA) is
(transmit or receive), and switch off (attenuate) the othgg;ched.

path. In this way, the loop gain is maintained less than
unity. When the talkers exchange function, the circuit
must quickly detect this, and switch the circuitesz7a0e

appropriately. By providing speech level detectors, the 11 k2 Ve
circuit operates in a “hands-free” mode, eliminating the [ 1—o O
need for a “push-to-talk” switch.

RI 2 to Attenuator
The handset has the same loop as the speakerphone. Input
Oscillations don't occur because the gains are O—¢
considerably lower and the coupling from the earpieceto  T19 5kQ 95 kQ

the mouthpiece is almost nonexistent (the receiver is

normally held against a person’s ear). Figure 3. Attenuator input stage

The U4082B provides the necessary level detectors,

attenuators, and switching control_ for a properl)1-he attenuators are controlled by the single output of the

operating speakerphone. The detection sensitivity a%ntrol block, which is measurable at then (Pin 14).
timing are externally controllable. Additionally, theWhen the G bin is at +240 mV w. . t. ¥, the circuit is
U40828 prqwdgs_ backgr.ound noise monitors (W.h'leh the receive mode (receive attenuator is at +6.0 dB).
make the circuit insensitive to room and line nmseXNhen the G pin is at —240 MV w.r.t. ¥, the circuit is in
hyb“d amphﬁers_l_‘or interfacing to tip and rng, thethe transmit mode (transmit attenuator is at +6.0 dB). The
microphone amplifier, and other associated functions. circuit is in an idle mode when ther @oltage is equal to
For further explanation which is given below, please reféfg causing the attenuators’ gain to be halfway between
to figure 1 their fully on and fully off positions (—20 dB each).

. . Monitoring the G voltage (w.r.t. \8) is the most direct
Transmit and Receive Attenuators Tl, TO method of monitoring the circuit's mode.

and RI, RECO The attenuator control has seven inputs: two from the
The attenuators are complementary in function, i.ecomparators operated by the level detectors, two from the
when one is at maximum gain (+6.0 dB), the other is &ackground noise monitors, volume control, dial-tone

maximum attenuation (—46 dB), and vice versa. Neith@etector, and AGC. They are described as follows:

4 (22) Rev. Al, 29-Apr-98



TEMIC U4082B

Level Detectors Likewise, outputs RLO2 and TLO2 feed a second
) . comparator which also goes to the attenuator control
There are four level detectors, two on the receive side agflck. The truth table for the effects of the level detectors

two on the transmit side. As shown in figure 4, the terms given below in the attenuator control block section.
in parentheses form one system, and the other terms form

the second system. Each level detector is a high-gd#ackground Noise Monitors

amplifier with back-to-back diodes in the feedback pathl’his circuit distinguishes speech (which consists of

resulting in nonlinear gain, which permits operation Overgursts) from background noise (a relatively constant

a wide dynamic range of speech levels. Refer to ths(le nal level). There are two background noise monitors —
graphs of figures 12, 13 and 14 for their DC and ang ) 9

transfer characteristics. The sensitivity of each Iev%ne for the receive path and the other for the transmit path.

detector is determined by the external resistor a%r' € receive background noise monitor is operated on by

capacitor at each input (TLIL, TLI2, RLI1, and RLi2). ¢ RLII-RLOL level detector, while the transmit
. "background noise monitor is operated on by the
Each output charges an external capacitor through a di 5 .
L i o . 2-TLOZ level detector (see figure 4).
and limiting resistor, thus providing a DC representation
of the input ac signal level. The outputs have a quick riShey monitor the background noise by storing a DC
time (determined by the capacitor and an internal @50-voltage representative of the respective noise levels in
resistor) and a slow decay time set by an internal currergpacitors at CPR and CPT. The voltages at these pins
source and the capacitor. The capacitors on the fooave slow rise times (determined by the external RC), but
outputs should have the same valdelp%) to prevent fast decay times. If the signal at RLI1 (or TLI2) changes
timing problems. slowly, the voltage at CPR (or CPT) will remain more
. ' . . &ositive than the voltage at the non-inverting input of the
Referring to figure 2, on the receive side, one lev o :
. o o monitor’s output comparator. When speech is present, the
detector (RLI1) is at the receive input receiving the same ; o .
Voltage on the non-inverting input of the comparator will

signal as at tip and ring, and the other (RLI2) is at the : . S
output of the speaker amplifier. On the transmit side, o rise quicker than the voltage at the inverting input (due to

n s 9
level detector (TLI2) is at the output of the microphonéﬁe burst characteristic of speech), causing its output to

amplifier, while the other (TLI1) is at the hybrid Ou,[pu,[_change. This output is sensed by the attenuator control

Outputs RLO1 and TLO1 feed a comparator. The outh{OCk'

of the comparator goes to the attenuator control block.

Level detector Background noise monitor |(CPT)

(TLI2) RLI1 | P

(17) 26 :[>_.
350Q
51k | %

1— 0.1uF (TLO2) RLO1 [(18)2 s 1|
Signal input I2 uF L_ _____

|_V T L_evel_d etao r_$—| |_ _____

B 4 uA

WT__. ! s U | o0 J
5.1 kQ TLO1 24 Comparator To attenuato
. |_—H— (RLO2)| (19) ‘_ control bl(ﬁl

T 0.1uF IZMF

Signal input

+ c2 (C1) ¢

937741 e

Figure 4. Level detectors
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U4082B TEMIC

The 36-mV offset at the comparator’s input keeps the
comparator from changing state unless the speech level To R attenuator
exceeds the background noise by approximately 4.0 di,
The time constant of the external RC (approximatel

4.7 seconds) determines the response time to backgroupgd
noise variations. +
— To attenuator

Volume Control C4 control
_m— 5 mV

The volume control input at VCI (Pin 13) is sensed as a _—
voltage w. r. t. \g. It affects the attenuators only in receive Vg
mode and has no effect in idle or transmit modes.

937743 e

. . o Figure 5. Dial tone detector
In receive mode, the attenuator receive gaig, 1S

+6.0 dB, and attenuator transmit gaifni&— 46 dB under AGC

the condition that VCI = . When VCI < \g, the N N . .
attenuator receive gain is reduced (figure 15), whereas t-ﬁp?g ?rﬁcwcr:recr?lt;iﬁsids |th50(|:t|;m2ti§gﬁ;ﬁﬁ;ﬁzvsvmgge\}
attenuator transmit gain is increased, their sum, however y pply 9 -

remains constant. Voltage deviation at VCI changes th<e3'5 V, the gain of the receive attenuator is reduced

voltage at @, which in turn controls the attenuators (se% ﬁ;(r)lrde"s]gsil(():hﬂ?#;te tﬁgszge Otfr a}[rr]lzmtlrtar?;t:it i[rtwe(jmrJ:(t:leoiCe
attenuator control block). 9

gains remains constant.

The volume control setting does not affect the maximumhe purpose of this feature is to reduce the power (and
attenuator input signal at which noticeable diStOI’tiOﬂurrent) used by the speaker when a line-powered
occurs. speakerphone is connected to a long line where the

available power is limited. By reducing the speaker

The bias current at VCl is typically —60 nA. It does nopower, the voltage sag atsMs controlled, preventing
vary significantly with the VCI voltage or supply voltagepossible erratic operation.
Vs

Attenuator Control Block

Dial Tone Detector The attenuator control block has seven inputs:

The dial tone detector is a comparator with one side The output of the comparator operated by RLO2 and
connected to the receive input (RI) and the othergo V  TLO2 (microphone/speaker side) — designated C1.
with a 15 mV off;et (sge flgyre 5)_. If the circuit is in |dIe. The output of the comparator operated by RLO1 and
mode, and the incoming signal is greater than 15 mV TLO1 (Tip/Ring side) — designated C2

(10 mVimg), the comparator’s output will change, '
disabling the receive idle mode. The receive attenuat®r The output of the transmit background noise monitor
will then be at a setting determined mainly by the volume - designated C3.

control. e The output of the receive background noise monitor

This circuit prevents the dial tone (which would be — designated C4.

considered as continuous noise) from fading away as tme The volume control.
circuit would have the tendency to switch to idle mode‘ The dial tone detector
By disabling receive idle mode, the dial tone remains at '

the normally expected full level. ® The AGC circuit.

6 (22) Rev. A1, 29-Apr-98



TEMIC

Semiconductors

U4082B

The single output of the control block controls the tw@.
attenuators. The effect of C1-C4 is as follows:

Inputs Output
C1l Cc2 C3 C4 Mode
T T 1 X Transmit
T R Y Y Fast Idle
R T Y Y Fast Idle
R R X 1 Receive
T T 0 X Slow Idle
T R 0 0 Slow Idle
R T 0 0 Slow Idle
R R X 0 Slow Idle
a)
X =Don't Care; Y = C3 and C4 are not both 0.
b)

Term definitions

1. “Transmit” means the transmit attenuator is fully on
(+6.0 dB), and the receive attenuator is at maximum
4

attenuation (-46 dB).

2. “Receive” means both attenuators are controlled I%
the volume control. At maximum volume, the

receive attenuator is fully on (+6.0 dB), and the)
transmit attenuator is at maximum attenuation

(~46 dB).

3. “Fast Idle” means both transmit and receive speech{fansmit, re ,
determined in part by the components at Pin 14. (See

| the section on switching times for a more complete
explanation of the switching time components.) A

are present in approximately equal levels. The
attenuators are quickly switched (30 ms) to idle unti
one speech level dominates the other.

The circuit will switch to fast idle mode if the level
detectors disagree on the relative strengths of the
signal levels, and at least one of the background noise
monitors indicates speech. For example, referring to
the block diagram (figure 2), if there is a sufficient
signal at the microphone amp output (TLI2) to
override the speaker signal (RLI2) and there is
sufficient signal at the receive input (RLI1) to
override the signal at the hybrid output (TLI1), and
either or both background monitors indicate speech,

then the circuit will be in fast idle mode.

Two conditions which can cause fast idle mode:

when both talkers are attempting to gain control of
the system by talking at the same time, and

when one talker is in a very noisy environment,

forcing the other talker to continually override that

noise level. In general, fast idle mode will occur
infrequently.

The circuit will switch to slow idle mode when
both talkers are quiet (no speech present), or

when one talker's speech level is continuously
overridden by noise at the other speaker’s location.

The time required to switch the circuit between

receive, fast idle and slow idle is

diagram of the € circuitry is shown in figure 6, and

4.
and receive paths. The attenuators are then slowly
switched (1 second) to idle mode.

5. Switching to full transmit or receive modes from any
other mode is at the fast rate 80 ms).

Summary of the truth table
1. The circuit will switch to transmit if

a) both transmit level detectors sense higher sig
levels relative to the respective receive lev
detectors (TLI1 versus RLI1, TLI2 versus RLI2), and

b) the transmit background noise monitor indicates the
presence of speech.

2. The circuit will switch to receive if 93

eIcT

“Slow Idle” means speech has ceased in both transmit gperates as follows:

Vs
15 L,
Rr 210 > :D | To attenuators
14 7
1 O 4

D Attenuator

e control <7~ Cl1..C4

2

60 UA | - Volume control
H Dial tone detecto
AGC

7744 e

a) both receive level detectors sense higher signal levels

relative to the respective transmit level detectors, and

b) the receive background noise monitor indicates the
presence of speech.

Figure 6. G Attenuator control block circuit

Rev. Al, 29-Apr-98
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— Ryistypically 120 K2, and G is typically 5.0uF. The muting function (Pin 12), when activated, will reduce
. . . the gain of the amplifier to approximately —39dB (with
— To switch to receive mode, is turned on (s off), RMI = 5.1 KQ2) by shorting the output to the inverting

charging the external capacitor to +240 mv abov%put (see figure 7). The mute input has a threshold of

Ve. (An 'memal clamp prevents further charging 0]fapproximately 1.5V, and the voltage at this pin must be
the capacitor.)

kept within the range of ground and; {éee figure 17). If

— To switch to transmit mode; is turned on (l is off)  the mute function is not used, the pin should be grounded.
bringing down the voltage on the capacitor to
—240 mV with respect top/

— To switch to idle quickly (fast idle), the currentHybrld Amplifiers

sources are turned off, and the internak2+esistor The two hybrid amplifiers (at HTO+, HTO—, and HTI),

is switched on, discharging the capacitor g With  in conjunction with an external transformer, provide the

a time constant of 2 X Cr. two-to-four-wire converter for interfacing to the
telephone line. The gain of the first amplifier (HTI to
HTO-) is set by external resistors (gain =Ry in
figure 2), and its output drives the second amplifier, the
gain of which is internally set at —1.0. Unlike most op
amps, the amplifiers have an all-NPN output stage, which
maximizes phase margin and gain bandwidth. This
. - feature ensures stability at gains less than unity, as well as
Microphone Amplifier with a wide range of reactive loads. The open-loop gain

The microphone amplifier (Pins 10, 11) has th&f the _first amplifier is t_y_pically 80 dl_3, and the gain
non-inverting input internally connected tgMvhile the ~bandwidth of each amplifier is approximately 1.0 MHz
inverting input and the output are pinned out. (see figure 17). The maximum output swing (p-p) of each
) N amplifier is typically 1.2 V less thandMwith an output
Unlike most op amps, the amplifier has an all-NPN outpyhpedance of < 1® until current limiting is reached
stage which maximizes phase margin and gajypically 8.0 mA). The output current capability is

bandwidth. This feature ensures stability at gains less th@ﬂaranteed to be a minimum of 5.0 mA. The bias current
unity, as well with a wide range of reactive loads. at HTl is typically —30 nA.

The open loop gain is typically 80 dB (f < 100 Hz), andrhe connections to the coupling transformer are shown in
the gain-bandwidth is typically 1.0 MHz (see figure 17)figure 1. Balancing network is necessary to match the line
The maximum p-p output swing is typ.{¥ 1 V) withan  jmpedance.

output impedance of < 1@ until current limiting is

reached (typically 1.5 mA). Input bias current at MIC is

typically —40 nA. Filter

— To switch to idle slowly (slow idle), the current
sources are turned off, the switch at theC2+kesistor
is open, and the capacitor dischargesgahvough the
external resistor, Rwith a time constant of =R« Cr.

The operation of the filter circuit is determined by the
external components. The circuit within the U4082B
from pins Fl to FO is a buffer with a high input impedance

RmF Vs (> 1 MQ) and a low output impedance (< 8Y). The
R V|t 10[ _  configuration of the external components determines
o |11 = MicoO  Whether the circuit is a high-pass filter (as shown in
Frﬁm MIC figure 2), a low-pass filter, or a band-pass filter.
Mike V . ) . .
S As a high-pass filter, with the components shown in
75 kQ

%90 KO figure 8, the filter will keep out the 60-Hz (and 120-Hz)
12 — hum which can be picked up by the external telephone
MUTE lines.
As a low-pass filter (figure 9), it can be used to roll off the
937745 high-end frequencies in the receive circuit, which aids in
protecting against acoustic feedback problems.

Figure 7. Microphone amplifier and mute ) . . ) . )
With an appropriate choice of an input coupling capacitor

to the low-pass filter, a band-pass filter is formed.

8 (22) Rev. A1, 29-Apr-98
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Vg
Vs

o T
300 kK2 VB 220 kQ

220 Q|| R —_
? oY i 0.01pF [ ]
C1 | 4700 pF ) 1 Ry Ry FI 1
—I ——— —

4700pF ¢, M FO Vi 13kQ  13kQ

L 2 FO
ooowF ] 2| ]

Ril| 56 k@

260uA
50 305 Hz 4.0 20 kHz
0 0
-3.0 -3.0
1 1
fu = _ 1 / 1
‘ N 231: C2 Rl R2 fN - 23.5 Cl C2 R2 ‘
‘ for C, = C, for R, = R, ‘
-30 f 937747 ¢ -30 f‘
N N 937748 ¢
Figure 8. High-pass filter Figure 9. Low-pass filter

Power Supply, s, and Chip Disable

The power supply voltage at Pin 4 £Vis between The chip disable (Pin 3) permits powering down the IC to
3.5 and 6.5 V for normal operation, but reduced operatimonserve power and/or for muting purposes. With
is possible down to 2.8 V (see figure 16 and the AGCD < 0.8 volts, normal operation is in effect.

section). The power supply current is shown in figure 19

for both power-up and power-down mode. With CD > 2.0 volts and < ¥ the IC is powered down.
The output voltage atg/(Pin 15) is approx. (¥~ 0.7)/2, In powered-down mode, the microphone and the hybrid
and provides the ac ground for the system. The outpamnplifiers are disabled, and their outputs reach
impedance at ¥y is approximately 40@ (see figure 20), high-impedance state. Additionally, the bias is removed
and in conjunction with the external capacitor g, V from the level detectors.

forms a low-pass filter for power supply rejection.

Figure 21 gives an indication of the amount of rejectio
with different capacitors. The capacitor value depends
whether the circuit is powered by the telephone line o
power supply.

"he bias is not removed from the filter (Pins 1 and 2), the
r%\'?tenuators (Pins 8, 9, 21 and 22), or from Pins 13, 14, and
Vi (the attenuators are disabled, however, and will not
pass a signal). The input impedance at CD is typically
Since \§ biases the microphone and hybrid amplifiers90 k@, has a threshold of approximately 1.5 V, and the
the amount of supply rejection at their outputs is directlyoltage at this pin must be kept within the range of ground
related to the rejection atgy as well as their respective and Vs (see figure 18). If CD is not used, the pin should
gains. Figure 22 depicts this graphically. be grounded.

Rev. A1, 29-Apr-98 9 (22)
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Absolute Maximum Ratings
Reference point Pin 285%p= 25C, unless otherwise specified.

Parameters Symbol Value Unit
Supply voltage Pin 4 Vs -1.0to+7.0 V
\oltages Pin 3, 12 —-1.0to (\s+1.0)
Pin 13 —-1.0to (\+0.5) \%
Pin 2,9, 21 —0.5t0 (\s+0.5)
Storage temperature range Tstg —551t0 +150 °C
Junction temperature Tj 125 °C
Ambient temperature range Tamb —20to +60 °C
Power dissipation
Tamb= 60°C DIP28 Prot 1.3 w
S028 Ptot 520 mw
Maximum thermal resistance
Junction ambient DIP28 Rinha 50 K/W
S028 Rihia 120 K/W

Operation Recommendation

Parameters Test Conditions / Pins | Symbol Min. Typ. Max. Unit
Supply voltage Pin 4 Vs 3.5 - 6.5 V
CD input Pin 3 0 - Vs \%
MUTE input Pin 12
Output current Pin 15 Ig — — 500 uA
Volume control input Pin 13 VCI 0.3 % - Vg \%
Ve
Attenuator input signal Pins 9, 21 0 - 350 MVims
voltage
Microphone amplifier, 0 - 40 dB
hybrid amplifier gain
Load current @ RECO, TO 0 - +2.0
Pins 8, 22 0 - +1.0 mA
@ MICO Pin 10 0 - +5.0
@ HTO—, HTO +
Pins 6, 5
Ambient temperature range Tamb -20 - +60 °C

10 (22) Rev. A1, 29-Apr-98



TEMIC

Semiconductors

U4082B

Electrical Characteristics

Tamp= *+25C, Vs=5.0V, CD=< 0.8V, unless otherwise specified

Parameters | Test Conditions / Pins | Symbol Min. Typ. Max. Unit
Power supply
Supply current Vg=6.5V,CD=0.8V Is 55 8.0 mA
Vsg=65V,CD=2.0V 600.0 800.0 uA
CD input resistance Vs=Vcp=6.5V Rcp 50.0 90.0 kQ
CD input voltage — High VCcDH 2.0 Vg \%
— Low VoL 0.0 0.8
Output voltage Vg=35V Vg 1.3 \%
Vg=5.0V 1.8 2.1 2.4
Output resistance lyvg =1 mA Rovs 400.0 Q
Power supply rejection Cyg = 220uF, f=1 kHz PSRR 54.0 dB
ratio
Attenuators
Receive attenuator gain  |f = 1.0 kHz, \¢) = Vg
R mode, RI = 150 mVrms
(Vs=5.0V) Gr +4.0 +6.0 +8.0 dB
(Vs=3.5V)
Gain change Vs=3.5V versus AGR1 -0.5 0.0 +0.5
Vs=5.0V
AGC gain change —Vs= 2.8V versus AGR2 -25.0 -15.0
Vs=5.0V
Idle mode RI = 150 mVrms GRi -22.0 -20.0 -17.0 dB
Range R to T mode AGR3 49.0 52.0 54.0
Volume control range R Mode, VcR 27.0 35.0 dB
0.3Vs <V <Vp
RECO DC voltage R mode VRECO Vg \Y
RECO DC voltage R to T mode AVRECO +10 +150.0 mV
RECO high voltage lo=-1mA VRECOH 3.7 \%
RI=Vg+15V
RECO low voltage lo=1mA RI=\-1YV, VRECOL -15 -1.0 \%
output measured w. r. t.gV
RI input resistance Rl <350 mVrms RRi 7.0 10.0 14.0 ke
Transmit attenuator gain  |f =1 kHz
T mode, Tl = 150 mVrms Gt +4.0 +6.0 +8.0
Idle mode, Tl =150 mVrms| Gy -22.0 -20.0 -17.0 dB
Range T to R mode G 49.0 52.0 54.0
TO DC voltage T Mode V710 Vg \%
TO DC voltage T to R Mode V710 +100 | +£150.0 mV
TO high voltage lo=-1.0mA
TI=Vg+15V VT1oH 3.7 \
TO low voltage lo=+1.0mA V1oL -15 -1.0 \Y
TI=Vg-1.0V,
output measured w. r. t.gV
Tl input resistance Tl < 350 mVrms R 7.0 10.0 14.0 kQ
Gain tracking Gr+Gr, @T,Idle, R Gtr +0.1 dB
Rev. A1, 29-Apr-98 11 (22)
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Electrical Characteristics (continued)

Tamb= +25C, Vs=5.0V, CD=< 0.8V, unless otherwise specified

Parameters | Test Conditions / Pins | Symbol Min. Typ. Max. Unit
Attenuator control
Cr voltage Pin 14 —\g Ver
R mode, \¢ = Vg +240.0
Idle mode 0.0 mV
T mode —240.0
Ct source current R mode lcTR -85.0 -60.0 -40.0 uA
Cr sink current T mode leTT +40.0 +60.0 +85.0 uA
Crt slow idle current lcTs 0.0 uA
Cy fast idle internal Rr| 1.5 2.0 3.6 k<2
resistance
VCI input current lvel -60.0 nA
Dial tone detector threshold VpT 10.0 15.0 20.0 mV
Microphone amplifier V yute < 0.8V, GycL = 31dB
Output offset Vmico — VB, MICO -50.0 0.0 +50.0 mV
Feedback R = 180¢k Vos
Open loop gain f< 100 Hz GvoLm 70.0 80.0 dB
Gain bandwidth GBWy 1.0 MHz
Output high voltage lo=—1.0mA, \s=5.0V VMIcoH 3.7 \
Output low voltage lo=+1.0mA VMicoL 200.0 mV
Input bias current (MIC) Izm -40.0 nA
Muting (A gain) f=1kHz, \ute =20V G -55.0 dB
300 Hz < f < 10 kHz G -68.0 dB
MUTE input resistance Vs=Vmute=6.5V RmuTE 50.0 90.0 kQ
MUTE input high VMUTEH 2.0 Vg \%
MUTE input low VMUTEL 0.0 0.8 \%
Distortion 300 Hz < f< 10 kHz THDwm 0.15 %
Hybrid amplifiers
HTO-Offset VHT1O-VE, Hvos -20.0 0.0 +20.0 mV
Feedback R = 51k
HTO to HTO+ Offset Feedback R = 51k HBvos | —-30.0 0.0 +30.0 mV
Open loop gain HTI to HTO—, f < 100 Hz GvOoLH 60.0 80.0 dB
Gain bandwidth GB 1.0 MHz
Closed loop gain HTO-to HTO+ GvcLH -0.35 0.0 +0.35 dB
Input bias current @ HTI IBH -30.0 nA
HTO high voltage lo=-5.0mA VuTtH 3.7 \%
HTO low voltage lo=+5.0mA VuT L 250.0 mV
HTO+ high voltage lo=-5.0mA Vut H 3.7 \
HTO+ low voltage lo=+5.0mA VutL 450.0 mV
Distortion 300 Hz < f < 10 kHz, d 0.3 %
(see figure 10)
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Electrical Character

Tamp= *+25C, Vs=5.0V, CD=< 0.8V, unless otherwise specified

istics (continued)

Parameters | Test Conditions / Pins | Symbol |  Min. | Typ. \ Max. Unit

Level detectors and background noise monitors

Transmit receive switching| Current ratio from T to R ITH 0.8 1.0 1.2

threshold at RLI1 + RLI2 to 2QuA
at TLI1 + TLI2 to switch

Source current RLO1, RLO2, TLO1, TLO2 ILso -2.0 mA

Sink current RLO1, RLO2, TLO1, TLO2 ILsk 4.0 uA

CPR, CPT output resistandép = 1.2 mA Rcp 35 Q

CPR, CPT leakage current lcpLk -0.2 uA

Filter

\oltage offset at FO VEo- VB, FOyos | —200.0 -90 0.0 mV
220 K2 from Vg to FI

FO sink current IFo 150.0 260 400.0 uA

FI bias current = -50.0 nA

System distortion

R Mode from Fl to RECO, FO dr 0.5 3.0 %
connected to RI

T Mode from MIC to HTO—/HTO+, dr 0.8 3.0 %
includes T attenuator

v Amplifier

Analyzer
HTO+

937739 e

Figure 10. Hybrid amplifier distortion test
Temperature Characteristics

Parameter Typical Value @ 25C Typical Change —20 to +6G
Supply current, CD = 0.8 \gl 5.0 mA -0.3%fC
Supply current, CD = 2.0 \gl 400.0puA —-0.4%fC
Vg output voltage, ¥=5.0 V Vo 21V +0.8%FC
Attenuator gain (max. gain) +6.0 dB 0.0008 dBjC
Attenuator gain (max. attenuation) —-46.0 dB 0.004 dBfC
Attenuator input resistance (@ TI, RI) 10.0 KQ +0.6%/,C
Dial tone detector threshold 15.0 mV +20.0uVv/°C
CT source, sink current +60.0uA —0.15%7C
Microphone, hybrid amplifier offset 0.0 mV +4.0uV/°C
Transmit receive switching threshold 1.0 +0.02%fC
Sink current at RLO1, RLO2, TLO1, TLO2 4.0pA —10.0 nAfC
Closed loop gain (HTO-to HTO+) 0.0dB 0.001%?C
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Design Guidelines Switching time is determined by the internal current
source as described above.

Switching Time o
g The above switching times occur, however, after the level

The switching time of the U4082B circuit is determinedietectors have detected the appropriate signal levels,
by Cr (Pin 14, refer to figure 5), and secondarily by theince their outputs operate the attenuator control block.
capacitors at the level detector outputs (RLO1, RLOReferring to figure 4, the rise time of the level detectors’
TLO1, TLO2). See figure 2. outputs to new speech is quick by comparison

The time to switch from idle to receive or transmit modé2PProximately 1 ms), determined by the internal 850-

is determined by the capacitor af, Gogether with the '€SiStor and the external capacitor (typicaliyf). The
internal current sources. The switching time is: outputs decay time is determined by the external
capacitor and an internal A current source, giving a

AV X Gy decay rate of 60 ms for a 120-mV excursion at RLO or

AT = I TLO. Total response time of the circuit is not constant
240 x 5 sincel it depends on the relative strength of the sig_nals at
=60 = 20.0 ms the different level detectors and the timing of the signals
with respect to each other. The capacitors at the four

where outputs (RLO1, RLO2, TLO1, TLO2) must be equal of

0 s
AV = 240 mV \r/:SIue (£10%) to prevent problems in timing and level
ponse.
Cr = 5uF
| = 60uA The rise time of the level detector’s outputs is not

significant since it is so short. The decay time, however,
rovides a significant part of the “hold time” necessary to
old the circuit during the normal pauses in speech.

If the circuit switches directly from receive to transmi
mode (or vice versa), the total switching time would b

40 ms.
The components at the inputs of the level detectors (RLI1,

The switqhi_ng time depends.upon the mode selection_. LI2, TLI1, TLI2) do not affect the switching time but
the circuit is going to “fast idle”, the time constant 'Sather affect the relative signal levels required to switch

determined by the £capacitor, and the internal 22k he circuit he f fth
resistor. With G = 5 uF, the fime constant is appro-t e circuit and the frequency response of the detectors.

ximately 10 ms, giving a switching time to idle ofDesign Equations

gpproximately 30 ms (for 95% change). Fast idle is 4the following definitions are used at 1 kHz with
infrequent mode, however, occurring when both Speakerrecference to figure 2 and figure 24 where coupling

are tal_kmg_ and competing for co_ntrol of the circuit. T.h%apacitors are omitted for the sake of simplicity:
switching time from idle back to either transmit or receive

mode is described above. — Gma is the gain of the microphone amplifier

I u o . . measured from the microphone output to Tl (typically
By switching to “slow idle,” the time constant is 35 V/V, or 31 dB);

determined by the £ capacitor and R the external

resistor (see figure 6). WithyG=5.0uF and R =120, - Gr is the gain of the transmit attenuator, measured

the time constant is approximately 600 ms, giving a from Tlto TO;

switching time of approximately 1.8 seconds (for 95%

change). The switching period to slow idle begins when . . )

both speakers have stopped talking. The switching time L()) 2tci/t/r\1/e HTO_/HTC_)+ differential output (typically
- X . , or 20.1 dB);

back to the original mode will depend on how soon that

speaker begins speaking again. The sooner the speakingGyr is the gain from HTO-/HTO+ to Tip/Ring for

starts during the 1.8-s period, the quicker the switching transmit signals, and includes the balance network

time since a smaller voltage excursion is required. (measured at 0.4 V/V, or —8 dB);

Gua is the gain of hybrid amplifiers, measured from
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Figure 22. \4 power supply rejection of the microphone and

hybrid amplifiers
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Figure 24. Basic block diagram for design purposes

input of the filter to RI, typically O dB;

GsTis the sidetone gain, measured from HTO-/HTO+
to the filter input (measured at 0.18 V/V, or —15 dB);

GyR is the gain from Tip/Ring to the filter input for
receive signals (measured at 0.833 V/V or —1.6 dB);

Gro is the gain of the filter stage, measured from the

Gris the gain of the receive attenuator measured from
Rl to RECO;

Gsa is the gain of the speaker amplifier, measured
from RECO to the differential output of the U4083B
(typically 22 V/V or 26.8 dB);

Gac is the acoustic coupling, measured from the
speaker differential voltage to the microphone output
voltage.

Rev. Al, 29-Apr-98
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1) Transmit gain gain is unity, and the receive attenuator’s gain is 2.0 V/V
(+6.0 dB) at maximum volume. The speaker amplifier’'s

The transmit gain, from the microphone output )Mo o . .
Tip and Ring, is determined by the output characteristi an 1 seF at 22 V/V (26.8 dB) which puts the overall gain
at approximately 31.2 dB.

of the microphone, and the desired transmit level. For
example, a typical electret microphone will producdll) Loop gain
approximately 0.35 mVrms under normal speeca

he total loop gain (of figure 24) must add up to less than

conditions. To achieve 100 mVrms at Tip/Ring, an overa . AN .
p/Ring dB to obtain a stable circuit. This can be expressed as:

gain of 285 V/V is necessary. The gain of the transm

attenuator is fixed at 2.0 (+ 6.0 dB), and the gain througbys + Gr + Gya + GsT+ Geo+ Gr + Gsa + Gac <0

the hybrid of figure 2 (Gt) is nominally 0.4 (— 8.0 dB). (2)

Therefore, a gain of 357 V/V is required of the . .

microphone and hybrid amplifiers. It is desirable to hav¥Sing the typical numbers mentioned above, and
= — 40 dB, the required acoustic

the majority of that gain in the microphone amplifier fokNOWing that G + Gr

three reasons: coupling can be determined:
1. the low-level signals from the microphone should b&Ac <—[31 + 20.1 + (= 15) + 0 + (- 40) + 26.8] = - 22.9 dB.
amplified as soon as possible to minimize (3)
signal/noise problems; An acoustic loss of at least 23 dB is necessary to prevent
2. to provide a reasonable signal level to the TLI2 levépstability and oscillations, commonly referred to as
detector; and “singing”. However, the following equations show that

o ) ) . greater acoustic loss is necessary to obtain proper level
3. to minimize any gain applied to broadband noisgetection and switching.

generated within the attenuator. However, to cover

the normal voiceband, the microphone amplifier’s

gain .sh_ould. not exceed 48 dB (see figure ;7). For trpg) Switching thresholds

circuit in figure 24, the gain of the microphone

amplifier was set at 35 V/V (31 dB), and theTo switch comparator C1, currentsdnd k need to be

differential gain of the hybrid amplifiers was set adletermined. Referring to figure 24, with a receive signal
10.2 VIV (20.1 dB). V| applied to Tip/Ring, a curreng Will flow through R3

into RLI2 according to the following equation:

Vi
|3 = ﬁ
The overall receive gain depends on the incoming signal :
level and the desired output power at the speakgfnere the terms in the brackets are the V/V gain terms.
N.omllnal receive levels (independent of the peaks) gie speaker amplifier gain is divided by two sinaexG
Tip/Ring can be 35 mVrms (-27 dBm), although on long; ihe differential gain of the amplifier, and ié obtained
lines that level can be down to 8.0 mVrms (—40 dBm). Theom one side of that output. The curreptdoming from

1) Receive gain X [GHR X Gpo X Gg X GTSA] 4

speaker power is: the microphone circuit, is defined by:
Bm/10
Pgp = 1010 X 0.6 (1) | _VuX Gm c
RS 1 Rl ( )

where Ry is the speaker impedance, and the dBm term i
the incoming signal level increased by the gain of th
receive path. Experience has shown that approximaté
30 dB gain is a satisfactory amount for the majority of
applications. Using the above numbers and equation 1, it R, [Gir X Gro X Gg X Gl

would appear that the resulting power to the speaker Yav = Vi X R. X Gua X 2 (6
extremely low. However, equation 1 does not consider the '
peaks in normal speech which can be 10 to 15 times thbis is the general equation defining the microphone
rms value. Considering the peaks, the overall averageltage necessary to switch comparator C1 when a
power approaches 20 to 30 mW on long lines, and muogceive signal YV is present. The highes§Moccurs when
more on short lines. the receive attenuator is at maximum gain (+6.0 dB).

Referring to figure 2, the gain from Tip/Ring to the filterUSIng the typical numbers for equation 6 yields:

input was measured at 0.833 V/V (-1.6 dB), the filter'¥ = 0.52 \{ @)

S'here My is the microphone voltage. Since the switching
eshold occurs when E I3, combining the above two
guations yields:
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To switch comparator C2, currentsdnd |, need to be
determined. With sound applied to the microphone, a

voltage My is created by the microphone, resulting in a vV M
current b into TLI1: M
M
Y G
|2=ﬁ’: [GMA XGTX%] (8)

Mr

Since 4 is the differential gain of the hybrid amplifiers, //"
it is divided by two to obtain the voltage ¥pplied to R.

Comparator C2 switches whepd Io. 14 is defined by:

937750 e VI_ —

Figure 25. Switching thresholds
L = Yt (G X Go] ) -
4T R, MR FO. Some comments on the graph (figure 25):
® Acoustic coupling and sidetone coupling were not
included in equations 7 and 12. Those couplings will
Setting k = I, and combining the above equations results affect the —actual performance of the final
in: speakerphone due to their interaction with speech at
the microphone and the receive signal coming in at
Tip/Ring. The effects of those couplings are difficult
to predict due to their associated phase shifts and
frequency response. In some cases the coupling signal
will add, and other times subtract from the incoming
signal. The physical design of the speakerphone
enclosure, as well as the specific phone line to which

R, % [Gua X Gy X Gyl

Vi=Vu R, " [Gur X Gro X 2

(10)

This equation defines the line voltage at Tip/Ring .. . . . .
necessary to switch comparator C2 in the presence of aIt IS c.onnected, W'.” affect the acoustic and sidetone
microphone voltage. The highesi \bccurs when the couplings, respectively.

circuit is in transmit mode (= +6.0 dB). Using the ® The Mg line helps define the maximum acoustic

typical numbers for equation 10 yields: coupling allowed in a system, which can be found
from the following equation:
VL =840 MUy (or Vjy =0.0019 Y) (12) _ R,
GAC(MAX) 2 X R3 X GMA (13)

At idle, where the gain of the two attenuators is —20 dBquation 13 is independent of the volume control setting.

(0.1 V/V), equations 6 and 10 yield the same result: ~ Conversely, the acoustic coupling of a designed system
helps determine the minimum slope of that line. Using the

component values of figure 2 in equation 13 yields a
Gac(max) of — 37 dB. Experience has shown, however,
that an acoustic coupling loss of 40 dB is desirable.

Equations 7, 11, and 12 define the thresholds fg Tphe Mr line helps define the maximum sidetone

Vi = 0.024 \( (12)

switching, and are represented in figure 25 coupling (Gs7) allowed in the system. & can be
found using the following equation:

The “M” terms are the slopes of the lines (0.52, 0.024, and R,

0.0019) which are the coefficients of the three equatior§st = 2X R, X Grg (14)

The MR line represents the receive to transmit threshold, ) . .
in that it defines the microphone signal level necessary Wsing the component values of figure 2 in equation 14

switch to transmit in the presence of a given receive signAfldS @ maximum sidetone of 0 dB. Experience has
level. The M line represents the transmit to receiveéOWn, however, that a minimum of 6.0 dB loss is
threshold. The Mline represents the idle condition, and’referable.

defines the threshold level on one side (transmit drhe above equations can be used to determine the resistor
receive) necessary to overcome noise on the other.  values for the level detector inputs. Equation 6 can be
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used to determine the Rz ratio, and equation 10 can bemonitor, thereby indicating the “presence of speech” to
used to determine the;fR, ratio. In figure 24, R-R4  the attenuator control block. Grounding CPT does the
each represent the combined impedance of the resissame for the transmit path.

and coupling capacitor at each level detector input. Tf)f:

magnitude of each RC's impedance should be kept Withlnddmonally, the receive background noise monitor is

the range of 2.0 to 15 K2 in the voiceband (due to the automatically disabled by the dial tone detector whenever

typical signal levels present) to obtain the besfpe receive signal exceeds the detector’s threshold.

performance from the level detectors. The specific R anttansmit/Receive Detection Priority
C at each location will determine the frequency response

of that level detector. Although the U4082B was designed to have idle mode

o ) such that the attenuators are halfway between their full on

Application Information and full off positions, idle mode can be biased towards the
. transmit or the receive side. With this done, gaining
Dial Tone Detector control of the circuit from idle will be easier for that side

The threshold for the dial tone detector is internally set ngards_which_ it is biased since that path will have less
15mV (10 mVims) below ¥ (see figure 5). That atenuationatidle.
threshold can be reduced by connecting a resistor from By connecting a resistor fromy@Pin 14) to ground, the

to ground. The resistor value is calculated from: circuit will be biased towards the transmit side. The
Vv resistor value is calculated from:
_ B
R =10 k [AV 1]

S .
where \f is the voltage at Pin 15, ard/ is the amount

of threshold reduction. By connecting a resistor frogm Viwhere

to RI, the threshold can be increased. The resistor value

is calculated from: Rr =120 K2 (typ.) connected between Pin 14 and 15.
AV= Vg — V14 (see figure 11).
R=10k [M - 1] By connecting a resistor fromtQPin 14) to \4, the
AV circuit will be biased towards the receive side. The

whereAV is the amount of the threshold increase. resistor value is calculated from:

Background Noise Monitors R=R, [% _ 1]

For testing or circuit analysis purposes, the transmit or

receive attenuators can be set to “on” position b8witching time will be somewhat affected in each case
disabling the background noise monitors and applyingdue to the different voltage excursions required to get to
signal so as to activate the level detectors. Grounding ttransmit and receive from idle. For practical
CPR pin will disable the receive background noiseonsiderations, thAV shift should not exceed 100 mV.
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Ozone Depleting Substances Policy Statement

It is the policy of TEMIC Semiconductor GmbH to
1. Meet all present and future national and international statutory requirements.

2. Regularly and continuously improve the performance of our products, processes, distribution and operating systems
with respect to their impact on the health and safety of our employees and the public, as well as their impact on
the environment.

It is particular concern to control or eliminate releases of those substances into the atmosphere which are known as
ozone depleting substances (ODSs).

The Montreal Protocol (1987) and its London Amendments (1990) intend to severely restrict the use of ODSs and
forbid their use within the next ten years. Various national and international initiatives are pressing for an earlier ban
on these substances.

TEMIC Semiconductor GmbH has been able to use its policy of continuous improvements to eliminate the use of
ODSs listed in the following documents.

1. Annex A, B and list of transitional substances of the Montreal Protocol and the London Amendments respectively

2. Class | and Il ozone depleting substances in the Clean Air Act Amendments of 1990 by the Environmental
Protection Agency (EPA) in the USA

3. Council Decision 88/540/EEC and 91/690/EEC Annex A, B and C (transitional substances) respectively.

TEMIC Semiconductor GmbH can certify that our semiconductors are not manufactured with ozone depleting
substances and do not contain such substances.

We reserve the right to make changes to improve technical design and may do so without further notice
Parameters can vary in different applications. All operating parameters must be validated for each customer
application by the customer. Should the buyer use TEMIC products for any unintended or unauthorized
application, the buyer shall indemnify TEMIC against all claims, costs, damages, and expenses, arising out of,
directly or indirectly, any claim of personal damage, injury or death associated with such unintended or

unauthorized use.

TEMIC Semiconductor GmbH, P.O.B. 3535, D-74025 Heilbronn, Germany
Telephone: 49 (0)7131 67 2831, Fax number: 49 (0)7131 67 2423
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