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Remarks: Record all your measurements and write all your answers in the boxes provided. J

Preliminary Work
1. Microphone Amplifier

1. Consider the TRC-11 microphone amplifier circuit shown in Fig. 1, making use of one of the two
OPAMPs in LM358 integrated circuit. Since the OPAMP operates with a single supply voltage, the
input DC voltages of the OPAMP should be shifted to a voltage somewhere between VCC=+12V
and GND. For this purpose, we use the regulated voltage, +6V. Therefore, +6V acts like a ground,
+12V acts like the positive supply, and GND acts like the negative supply of the OPAMP.
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Figure 1: Schematic of microphone amplifier
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Designment L&scnption

C10 100 pF ra‘-’Ctml)’ﬁc capacitor, polarized 16V
_—’,_/ .

cll 100 nF Capacitor, ceramic disc, 50V ,
——-/-_—-—/ &

C12 1 uF Electrolytic capacitor, polarized 16V

C13 1 nF Capacitor, ceramic disc, 50V

IC10 LM358 Dual OPAMP

MK10 Microphone | Microphone capsule

R12 22K Resistor, carbon film, axial leaded, 1/4W
R13 47K Resistor, carbon film, axial leaded, 1/4W
R14 270 Resistor, carbon film, axial leaded, 1/4W
R15 47K Resistor, carbon film, axial leaded, 1/4W
R16 1K Resistor, carbon film, axial leaded, 1/4W

Figure 2: Bill of materials for the microphone amplifier

2. We can find the output voltage, vo, of this OPAMP circuit using the superposition principle for
two sources: A DC source of V; and an AC source of vi, (with a source resistance of Ry3). First,
let us kill the AC source v;,, and find the output voltage, v,. Since the capacitor is open-circuit at
DC, we write the node equations at v2 and v; as

Vg — Vb V2 —v

°=0 and v =V,
Ry + Ry5 o) L

Assuming that the OPAMP is not saturated, we should have v; = vy, and hence we find v,=V,
(from the datasheet of the OPAMP, we determine that if 0 < v, < 12 -2 =10, the OPAMP is not
saturated. Since Vj, < 10 our assumption is correct).

Now, we kill the DC source V; (set V3=0) and assume that the input signal v;,(t) is sinusoidal:
vin = Vp cos(wt). For this case, we can use the phasors: We write vin = Vp. Since the relatively
large valued capacitor Cy2 can be assumed a short-circuit and the source resistance, Ri2 is much

smaller than R;3

L vt
Ryy Ry5
Again we assume the OPAMP is not saturated, hence v; = v2 = Vp. Now, we find

1y 0F o= (”%) ¥

~WemoteThat the OPAMP acts like a non-inverting amplifier of voltage gain

= A4 Gk
Av + r ol 17'5,0'% Av:H%I_i Avap = 20log, A,

A J |Usin superposition, the output voltage is
vdg= Al
82281657 ) = Lu36 vo= Vo + AVp
&e ut is equal to an amplified version of the input AC signal shifted by V4. Calculate the

Zya’lu f voltage gain, Ay, from the resistor values.

Because of C12 and R13, the gajp decreases at frequencies lower than the corner frequency of

s b hegmon F
AT, ((1.?5) < 1p P) "sﬁ’sl1 2mR13C12
2

v1 =Vp and =0
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I Because of C13 and R15, the gain decreaseg gt frequencies higher than the corner frequency of
1 _4___ =
2wRs0is . (WAL (AnF)

A= G 8698 1= 339002 =338 23HL

fa

[1.2. GRADE: |

The transfer function can be found using the nodal analysis with the inclusion of all capacitors.
We find it as

jwR3C12 1+ jw(Ria || Ri5)Cis
Y1+ jwRi3C12 1+ JwR15Ci3

3. This transfer function in decibels is plotted in Fig. 3.

TRC-11 Microphone Amplifier Frequency B'e'splqnse )
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Figure 3: Calculated Frequency Response of the Microphone Amplifier
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The MATLAB code to plot this function is o

% MATLAB code to plot the transfer function

% of the Microphone amplifier

clear all % clear all variables in MATLAB

close all 7% clear all plot windows

fmin=4; %minimum frequency in Hz

fmax=40e3; ’ maximum frequency in Hz

C12=1e-6; % C12 capacitor value in F

C13=1e-9; % C13 capacitor value in F

R13=4.7e3; % R13 resistance in Ohms

R15=47e3; % R15 resistance in Ohms

R14=270; % R14 resistance in Ohms

Av=1+R15/R14;

f=fmin:fmin/5:fmax; % Frequency vector

w=2*pix*f; % angular frequency vector

% below, 1i represents the unit imaginary number j
H=Avx(1i*w*R13%C12) ./ (1+1i*wxR13*C12) . x(1+1i*w*(R14*R15) ...
/(R14+R15)*C13) ./ (1+1i*w*R15%C13) ;

% MATLAB performs an array operation

% Note that we need a "." in front of operators

% to perform array operations

Hdb=20%1log10(abs(H)); % calculate the magnitude of

% the transfer function in dB
semilogx (f,Hdb, ’LineWidth’,2) % plot on a logarithmic x-axis
% with a linewidth of 2

grid on % to plot the grid linmes

xlabel(’f (Hz)’) % to place the x-label on the plot
ylabel(’ |[H(\omega) | _{dB}’) % to place the y-label
title(’TRC-11 Microphone Amplifier Frequency Response’)
% to place a title

axis([fmin fmax 20 50]); % define the axes limits

band gain of A,={10 dB.)Plot the corresponding frequency response using the modlﬁed MATLAB

Using this code iAB and by trial-and-error, find the value of the resistor R;5 to have a mid-
code and paste it imthe provided space.

Rys= (OS jo_(')..

Au: %ﬁ A =40
Y
S 2 = ) z 2
Sheid bt 29 X ')
‘O:@/ (1/ 9)

f
M. : 39 SRs = 108302
1ro N
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5'5RC-11 Microphone Amplifier Frequency Response // for R15 = 10530
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[1.3. GRADE: iid

\

23

4. From the datasheet of the OPAMP LM358 on page 369, the typical gain A of the OPAMP
is found as 110 dB. What.is this amplifier’s approximate supply current, from +12 V supply?

What is the ppen-loop voltade gain, Ao, at 10 kHz in dB (page 3?\) with Vee=12 V?

= QémA | 4= ¥354B

[1.4. GRADE: | 140
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2. Loudspeaker/Earphone Amplifier

1. A schematic diagram of the loudspeaker amplifier is given in Fig. 77.
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Figure 4: Schematic of the loudspeaker /earphone amplifier

2. IC20 is (LM386) a low-voltage audio amplifier integrated circuit. Examine the datasheet given on
p.ggg@ Which type of package is your integrated circuit? /What is the supply voltage range of
this IC? L v SRk %

Package type

DiP R'—

Min. Supply voltage

Y

Max. Supply voltage

2V

Dosclute rmax

| e vo\*jL

[2.2. GRADE:

\EV

Scanned with CamScanner



Designator | Comment | Description =
C20 AToF | Capacitor, ceramic disc, 50V

C23 100 nF Capacitor, ceramic disc, 50V

C24 100 pF Electrolytic capacitor, polarized, 16V
C25 47 nF Capacitor, ceramic disc, 50V

C26 220 pF Electrolytic capacitor, polarized, 16V
Cc27 470 nF Capacitor, ceramic disc, 50V

IC20 LM386 Low voltage audio amplifier

J20 Phonejack | Speaker/earphone jack, PCB mount

R20 50 K Potentiometer, stereo

R21 10 Resistor, carbon film, axial leaded, 1/4W
R22 82 Resistor, carbon film, axial leaded, 1 /4W

Figure 5: Bill of materials for the loudspeaker/earphone amplifier

Experimental Work

1. Microphone Amplifier

/{ The capacitor C11 is a bypass capacitor, to provide a cleaner supply voltage, +12 V to the OPAMP.
The bypass capacitors should always used at the supply terminals of integrated circuits. They
provide energy reserve to meet the demand by the IC when there are short duration high currents
needed by the IC. Bypass capacitors meet this current demand at the closest point to the IC,
instead of drawing that current all the way up from the supply circuit. They are particularly
important at the high-frequency part of the circuit. The capacitor C11 is marked 104, meaning

10x10*=100 nF. Mount and solder the capacitor C11.

/ an electrolytic capacitor to provide a clean bias voltage, V,=+6 V, to the OPAMP and the
microphone. Mount and solder it with the correct polarity. ‘

3. Mount and solder the resisto %W an\cﬂlm { Look at the color codes of the

resistors to identify them. R

Mount and solde@apacito@j 2, This is a polarized capacitor. The negative pin of the
apacitor should look toward R13.

/(Mount and solder 1 nF capacitof C13. The marking on the capacitors is 102.

i i
#Mount and solder MK10) Note the direction of microphone capsule when mounting. If you mount
it backwards, the capsule may be damaged.

> Solder loops of wires t@;PTl J;niiTPlg Make sure that the loops are small, so that they do not

touch any other conductor when bent: . - :
_~27Solder a piece of short wire between GND pins. [Do not connect e(i’umper JP12 yet, \
” Plade MO) on the component side of the PCB into its holes. Check the orientation of the
IC before soldering. Pin 1 of LM358 should enter the&ectang‘tﬂaf——sl_mpeg pad on the PCB, while-

he other pads are oval. Solder all eight-pins.
e et
10. Yleasure the DC voltage v, (between TP12 and GND). The output voltage, v,, should be within
V of V=6 V. Disconnect the power adapter.
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Vo= 62_9 \/

11.

[1.10. GRADE: | Sm b 19m¢  0.040
Jd.oosg

pply a signal to the microphone amplifier. Set the output level of the
signal generator DS345 to {§ »and the frequency to 1 KHz. Connect the signal generator leads
between TP11 (red) and GI black). High-frequency signal generators assume that they have
a load of 50 Q. If the load value were much higher than 50 Q which is the case here, the actual
voltage would be about twice (20 mVp,) the value displayed on the signal—genera,to;./ Connect
CH 1 probe between TP12 and GND. Connect a BNC cable between SYNC output of the signal
generator and EXT TRIG input of the oscilloscope. Set the trigger input to Ext. This triggering
type should always be preferred, since the triggering is independent of the signal amplitude. You
should see green Trig’d on the screen when the triggering is done. Press the TRIG VIEW button
to see the triggering level and the SYNC signal. The triggering level should intersect the waveform
somewhere in the middle. If necessary change the coupling to AC in the Trig Menu for better
triggering. |

You should now see a 1 KHz sine wave. Use the MEASURE button of the oscilloscope to read the

peak-to-peak voltage, vopp, at the output of the OPAMP. If the input voltage is increased further,
the output sine wave is clipped.; Try it and see the clipped sine wave. Clipping is a sign of OPAMP

We use a signal generator to s

saturation. Under the cli/ ped p(?qditio , use the MEASURE bu&)‘n to read the Hlachmlﬂg K_QQ_TEI)
and minimum (Vemin) values of the output voltage. Make sure that the channel coupling is DC to
hd minimum ( rolt € SUFO that hannel coupling 15 L%

be able to measure the maximum and minimum values.

Vopp=  A1,2 v ' Vomaz= Q—t’é \/ Vomin = %40\/ J

it 48
g

17 o

pas——————r

2D

a3

/ | Measure the amplifier’s transfer function from TP11 to TP12 for the frequency range of 5 Hz to

/)

|1.11. GRADE: |

7. The transfer function in dB is given as

s sl L6Om
Vot Y@( @D ko sm 6OmyU
' 0

0,16 162

- . . . - : (On oL) 10
Make sure that the output sine wave signal is not clipped. 13 frequency poin ering the Qe—
quency range should be sufficient to show the variation:(bo not forget the fact that the signal
generator output is twice the voltage shown on its display with high impedance load. The fre-
quencies listed below are chosen exponentially, so that they map linearly on the logarithmic scale.
Measure the gain at the corner frequencies, f1 and fa, as you calculated in the preliminary work.

7 [ @ | 7 6 [ @B |7 [ @@ ]! 6o
oo g3 5 24,0%-48 160 |4uAL JR 5000 | 38 06dR

10| 2%04df 320 | GuALAB) 10000 | T3 Lo dRf
20 [ 32 8R4l 60 | Lya1dR [ 20000 | 30, 104R
90 | 42,4e4g) 1250 | 43,4048
80 | LG 7940 2500 | [,0,6688

fi (Hz) | |H(w)| (dB) || f2 (Hz) | |H(w)| (dB)
et 27,6 $%0m| I96udg

/4% c 8 2Lhfoo &7 336 ¢
g y

A EDr

9

20\oq (&.‘i |H(w)|ap = 20logyo

[a
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Vlot the transfer function on the log-dB grid below (transfer function on y-axis in dB and frequency
on x-axis in logarithmic scale). Do not forget to mark the vertical scale properly.

50 T T T T R o i e = TR 2 AT T gmy o T —T—T T
3
3 il i il ol Ry R RRe A
40 -
o
=)
§ 35 ]
L
30 - aed
25 - -
20 R ) S Leaigil B ’,té";_’...l....( P
10° B 102 0’5 104 10°
{°°Frequency (Hz) e 10007
o2 quen
E R
[1.13. GRADE: i Vo 1+ @
; P Veit Dor 7omv
14. Find the values of the corner frequencies experimentally by finding frequencies, f] and fJ,
where the gain is 3-dB less than (or 0.707 x) its mid-frequency(gain value) Compare your result:
with the calculated values above and the curve shown in Fig. 3. = LLA) oy R ‘( 3

Measured fi=AUZRH3  and fi= oV ‘2400“%

C ison: L - 11,96  There i a Jgtdiference
omparison f: 3,3 btk egp‘g: mdf\-\'a bikn W,
2 = 3336

[1.14. GRADE: %

6. Remove the signal generator cable. Solder a piece of wire to JP12. This jumper will connect
the microphone to the OPAMP input. Connect theﬂcfc*illoscopg_p_robe betx\;&fg;_’l‘@and GND.
Whistle into the microphone, you should be able to see a sine wave on the oscilloscope screen.

9
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The microphone amplifier circuit is now finisheq,

CHECK POINT:

10
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2. Loudspeaker/earphone amplifier

#'The input signal is connected to IC20 through a volume control potentiometer, ,mﬂthre‘&pin
potentiometer would have been sufficient, but a stereg_potentiometer with six pins is used here to
provide mechanical robustness. Mount and sol 3) Mount a long stripped wire through the
two side holes such that the metal case of the potentiometer is grounded. Tighten the wire before
soldering the wires. Grounding the case shields the.environmental noise.

7 Mofunt and sol ) thgle ghjing components in loudspeaker amplifier circuit: g @

, ©85, ?QO Pin 1 of LM386 should enter the rectangular-sh pad on tiie

PCB¢while the otfielypelds are oval. C23 and C24 are supply Bypass,capacitors. Watch the polarity

of C24 and C26. Mount and solder the speaker/earphone jack / Make sure that™ the-entry-hole

O) i of the jack is placed Q’utwards. /

j‘./Solder a piece of clipped resistance lead between the GND holes/Solder wires to %nd TR+

4. Connect the signal generator between nc@ Set the signal ger_ﬂgx:at
sine wave of approximately(100mV peak amplitude,_Cqnnect a probe to signab’ger output

and see the sine Wav_ggn’j_lm_qscumsgg&Adjusoﬁmid-range_ = -

Reduce the volume knob R20 all the way counterclockwise. Plug the earphones into the @rphone

jack. Adjust volume (R20) until you can hear a comfortable tone. While watching the signal on

the screen, listen to the sound as you increase the frequency to 20 kHz. Record the frequency above
which you cannot hear anything. This frequency is the cut-off frequéncy of your auditory system.

Upper cut-off frequency of auditory system= AJ 4 5.5t H%

[2.4. GRADE: |

Sfuart =S hzrmen

Decrease th r t¢'300 Hz? Change the signal type to square wave of the same amplitude.

@' to feel the differenciNbetween the sound produced by a square wave and a sine wave of the

same frequency and amplitude. Although both signals have the same period, the square wave has
_~additional :{fiarnion_ﬁ_ components. As the frequency is increased, the filters in your audio circuits

3 ; attenuate the harmonics of the square xva\%.\ﬁ‘l”é(fdj_t'_f_(’)ill",r‘lfqéffllollics frequencies eventually fall

beyond your hearing cut-off frequency.

5. Incfgaase the frequency while switching between sine and square waves until the difference in the
‘ sound_you hear from @ecomes insigniﬁcap_&r Record that frequency. Can you comment on
\ /@ (Hint: Cons the low-pass-filters along the way and your auditory system transfer
g respon.gsk._;

f= +kHa

. Comment: Whi'e (frt%#"% i/\a'tﬂﬂld’/ our audf“"“’a system Sv‘opf'ﬁd
idifperenciate  letueen simusoidaland fyuace waves becawe Tre e |
woinky focsesl on mid ranpe Fequonies. Low pass aba high edt, kind of cuts dhe
Wish frequancies because Wigh frequendies also pad ' Lo

] o\aﬂ\?& our °°d%’97é‘(5+3”" Aud systems based on
(0w Foss filte~ 4o prefect ourggals ém{my,

Connect the oscilloscope probe to TP21\Set the signal generator t& sweep mode, between 300 Hz
and 3 kHz. Set the sweep mode on by pressing [SWEEP-ON/OFF] button. A LED lights when it

is on. Choose LIN SWP or LOG SWP option using up/down arrow keys. Enter the sweep start
frequency by pressing [START FREQ). Enter the sweep end frequency by pressing [SHIFT|[STOP

[2.5. GRADE:

11
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F]. In sweep mode, the signal gener. at(fr ?UtDUt frequency is continuously varied linearly (or loga-
rithmically) between lower and upper limits and in a specified period. Set the sweep period to 1 Hz
by pressing [RATE] button. Listen to the sound produced through the earphones while watching
the waveform.

. Remove the signal generator. Solder a jumper at JP21. The microphone amplifier output is
connected to the loudspeaker amplifier input with this jumper. Whisper into the microphone. You
should hear your own sound plus any surrounding sound from the earphone. If you cannot hear
your own sound there is something wrong. o R BT QT

Whisper clearly audible from the ear phones"{/Y\es/ No

|2.6. GRADE: |

. Turn off the power. Disconnect the jumper wire at JP21, the audio loopback jumper. This way,
the microphone amplifier is disconnected from the earphone amplifier.

You are now ready to proceed with RF circuits :)
CHECK POINT:

12
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