CLASS 18
· Angle Modulation. Instantaneous Frequency. 
· Generalized Angle Modulation. 
· Power of an Angle Modulated Wave.
CHAPTER 5 ANGLE (EXPONENTIAL) MODULATION

HISTORICAL NOTE

5.1 CONCEPT OF INSTANTANEOUS FREQUENCY
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The frequency of 
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 is the slope of its angle over this small interval.

The instantaneous frequency 
[image: image5.wmf]i

w

at each instant is:

[image: image6.wmf]dt

d

t

i

q

w

=

)

(

 or 
[image: image7.wmf]ò

¥

-

=

t

i

dt

t

t

'

)

'

(

)

(

w

q


We can see the possibility of transmitting the information of 
[image: image8.wmf])

(

t

m

by modifying the angle 
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 of a carrier. Two possibilities, PM or Phase Modulation and FM or Frequency Modulation. In PM the angle is varied linearly with 
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 Assuming the initial phase to be zero
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The instantaneous frequency is now
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Therefore in PM the instantaneous frequency varies proportionally to the derivative of the modulating signals or to the variation of the modulating signal.
In FM we modify the instantaneous frequency directly with the amplitude of 
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Therefore the angle is:
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Generalized Concept of Angle Modulation
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In general we can use a function of 
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 can be used as our modulating signal as
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PM has 
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FM has 
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This is very useful to show convertibility. For example, we will see that the bandwidth of FM is 
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EXAMPLE 5.1 Sketch FM and PM waves for the modulating signal 
[image: image34.wmf])

(

t

m

 which is a triangular wave with amplitudes from -1 to 1 and period of 
[image: image35.wmf].

sec

10

2

4

-

×

 The constants 
[image: image36.wmf]5

10

2

p

=

f

k

 and 
[image: image37.wmf]p

10

=

p

k

 and the carrier frequency is 
[image: image38.wmf].

100

MHz

f

c

=


SOLUTION:

For FM:
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Therefore
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Giving the wave depicted in figure 5.4b of the book.

For PM:
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We need to calculate 
[image: image45.wmf])

(

t

m

&

. Because is a triangular wave, its slope is the derivative. For the positive ramp
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For the negative ramp is 
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Therefore
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EXAMPLE 5.2 as practice for the student.
Power of an Angle Modulated wave

Because the amplitude always remains constant, the power is always 
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CLASS 19
· Bandwidth of Angle Modulated Waves. 
· Narrow Band Angle Modulation. 
· Wide-Band Angle Modulation.

5.2 BANDWIDTH OF ANGLE MODULATED WAVES

Lets consider the following signal
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Lets consider the following complex signal
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Then we can say that the FM wave is nothing else but:
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Expanding the exponential in power series gives us:
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The modulated wave consists of a carrier plus various amplitude modulated terms. We have reduced FM to a series of AM terms.
If bandwidth of 
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 is limited to 2B etc etc. Clearly FM is not bandlimited. It has infinity bandwidth and is not related to the modulated signal B in any simple way.
Lets consider two possibilities.
Narrow Band Angle Modulation
Unlike AM FM is nonlinear. The principle of superposition does not apply. This may be verified by:
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However if kf is small or 
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 we can approximate the series by the first two terms as:
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This becomes a linear modulation. It is like a TCAM. Because the bandwidth of a(t) is B then The bandwidth of 
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 is 2B. This case is called Narrow Band FM NBFM or Narrow Band PM
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The comparison between NBFM and TCAM is the following:
1. Both cases have a carrier term and sideband centered at ωc.
2. The Bandwidth are identical 2B

3. The sideband of FM has a phase shift of 
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 with respect AM which is in phase with the carrier.
They have strong differences in waveform. One varies the amplitude and the other has a constant amplitude and the frequency varies with time. 
Equations above suggest a possible method of generating narrow band FM and PM signals using DSB-SC modulators. See figure.
Wide band FM (WBFM)
If 
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 is not true, the higher order terms are not negligible.

[image: image67.wmf])

(

t

m

 is band limited to B. We can approximate this signal as an staircase 
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. Each pulse we call a cell. Each cell is easy to calculate the FM because in a cell the amplitude is constant. To ensure that we do notlose information, the cell must be no greater than the Nyquist interval of 
[image: image69.wmf]B

2

1

seconds. Therefore 
[image: image70.wmf])

(

t

m

is approximated by constant amplitude cells of width 
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Consider a cell starting at 
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. The complete FM is a sequence of such sinusoidal pulses corresponding to each cell of 
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Because modulation is a product in time, the spectrum is the delta of the carrier convoluted with the sinc or FT of each cell. We have two situations here.
1. The variation of the carrier depends on the maximum values of 
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2. Each cell has a side Bandwidth of 
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Therefore the bandwidth of the FM signal is 
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Now we see the error of the pioneers, the max and minimum carrier frequencies are 
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We call the deviation of the carrier frequency as 
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This approximation is the worst case, in fact the actual 
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 is smoother so the real BW is smaller than this number.
Lets see if this equation is good for NBFM.

In that case we saw that the BW is 2B. Therefore a better estimation is 
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This was the result obtained by Carson. Is called the Carson’s Rule. For a truly wide band case
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We define a deviation ratio 
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The deviation ratio is called modulation index for tone modulation.
Phase Modulation
All the results derived for FM can be applied to PM
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It is interesting to note that 
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depends on the peak values of the derivative, or its variation which is related with its spectrum.
Therefore WBFM is independent of the spectrum of 
[image: image101.wmf])

(

t

m

but WBPF it is.
Verification of FM bandwidth Relationship
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EXAMPLE 5.3: a) Estimate the Bandwidth of FM and PM for the signal in problem 5.1 with the same data. That is: modulating signal 
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 which is a triangular wave with amplitudes from -1 to 1 and period of 
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b) Repeat the problem if the amplitude of the signal doubles.

SOLUTION:
Lets consider the bandwidth of the modulating signal 
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 to be only its first three harmonics, that is 
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EXAMPLE 5.4 Repeat last problem if the signal is slowed by a factor of 2 (the period becomes doubled)
EXAMPLE 5.5 Exercise for the student
CLASS 20
· Inmunity of Angle Modulation to Non-Linearities. 
· Generation of FM waves. Indirect Method of Armstrong. 
· Direct Generation. 
· Demodulation of FM. Band pass Limiter.
Immunity of Angle modulation to Nonlinearities
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We see that both for FM or PM or whatever angle modulation we can find the modulated signal at 
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without distortion, even at its harmonics too.
See that the frequency is multiplied and it is also the modulated signal. These devices are called frequency multipliers. Can be used to increase the carrier frequency as well as the frequency deviation 
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5.3 GENERATION OF FM WAVES

Indirect Method of Armstrong

In this method NBFM is generated by integrating the modulating signal and using a phase modulator. The NBFM is converted in WBFM by using frequency multipliers.
Diagram in figure 5.10.

We begin with NBFM with a 
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 for the lowest audio frequency, that we suppose is 50Hz.
 We use a multiplier for 64 and we get

[image: image130.wmf]MHz

f

c

8

.

12

2

=
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We use a frequency converter with a local oscilator of 10.9MHz.
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We use a final multiplicator x48 to obtain
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Direct Generation
We will use a VCO. Giving
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We can use an operational amplifier and a hysteresis comparator like a Schmitt trigger circ.
Also we can use a reversed biased semiconductor as a capacitor and varying the capacitance with the bias voltage. (varicaps, varactors, voltacaps)
We can also generate direct FM using a saturable core reactor.

Direct FM generation requires no frequency multiplication. But this method has poor frequency stability. We can use a PLL to correct the frequency deviation.
5.4 DEMODULATION OF FM
The information in FM resides in the instantaneous frequency. 
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 Therefore a filter with next frequency response will work out.
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The simplest device is an ideal differentiator.
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This is an AM. We can extract the envelope 
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 using an envelope detector.
It is essential to maintain A constant. If for any reason (fading channels) A is not constant, we can not demodulate easily with an envelope detector.
Bandpass Limiter.

The amplitude variations in an FM receptor can be eliminated with a bandpass limiter. Which is a limiter followed by a BP filter.

[image: image143.wmf])

(

cos

)

(

)

(

t

t

A

t

v

i

q

=



[image: image144.wmf])

(

t

q
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The output of the limiter is 1 or -1 depending on the polarity of the input signal. Therefore the output is a periodic square wave with period 2pi and can be expanded as:
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If we band pass this with center frequency 
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and bandwidth 
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 The filter output is
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This way the amplitude is always constant.

CLASS 21
· Practical Frequency Demodulators. PLL. 
· Interference in Angle Modulated Systems. 
· Interference due to Channel Noise.
Practical Frequency Demodulators

A differentiator done with an Oamp can be used a an FM demodulator. Also a simple tuned circuit followed by an envelope detector can be used since the frequency response is linear with respect the center frequency. This method is called slope detection.
Zero crossing detectors are also used because of the advances in digital integrated circuits.

Phase Locked Loop PLL (Explained already in AM chapter)
PLL is the most widely used method today.
The output of the loop filter is the input of the VCO. The free running frequency of the VCO is set at the carrier frequency. 
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 The output of the VCO is then
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If the VCO output is 
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Therefore 
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 where c B are constants of the PLL.
Let be the incoming signal 
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 it also can be expressed as 
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The multiplier output is
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The filter is a LPF therefore the effective input of the loop filter is:
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if 
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 is the impulse response of the loop filter, then the output is
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If the FM carrier is 
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Therefore 
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 assuming a small error
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Therefore the PLL acts as an FM demodulator. If PM then
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 and we need to integrate to get 
[image: image175.wmf])

(

t

m


5.5 INTERFERENCE IN ANGLE-MODULATED SYSTEMS
Lets consider an unmodulated carrier and a sinusoid interference


[image: image176.wmf]t

I

t

A

t

r

c

c

]

cos[

cos

)

(

w

w

w

+

+

=



[image: image177.wmf](

)

t

t

I

t

t

I

A

c

c

w

w

w

w

sin

sin

cos

cos

-

+

=



[image: image178.wmf][

]

)

(

cos

)

(

t

t

t

E

d

c

r

y

w

+

=



[image: image179.wmf]t
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When the interference signal is small in comparison to the carrier 
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The phase of 
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 and its instantaneous frequency is
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If the signal applied to an ideal phase demodulator. The output would be 
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 For PM. The interference is constant with respect the frequency.
If the signal is applied to an ideal FM The output would be 
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[image: image188.wmf]t
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 For FM. The interference increases with the frequency.
Notice that the interference output is inversely proportional to the carrier amplitude. Therefore the larger the amplitude the smaller the interference. This does not happen in AM so to avoid interference in FM we can do it increasing the amplitude of the carrier.
This effect is called the capture effect.  For two transmitter with small carrier separations, instead of getting interference, the stronger carrier eliminates (captures) the weaker carrier.
Notice too that the interference is constant with the frequency only in PM.
Interference Due to Channel Noise

The channel noise acts as interference in FM. The most common noise is the white noise. With constant PSD. Such noise may considered as a sum of sinusoids of all frequencies. Therefore I is constant for all frequencies. The amplitude spectrum of the interference is constant for PM and increases linearly with FM.
CLASS 22
· Preemphasis and Deemphasis in FM Broadcasting. 
· Dolby Noise Reduction. 
· The FM Receiver. 
· Performance in Analog Communicatio Systems in the presence of Noise.
Preemphasis and Deemphasis in FM Broadcasting. 

In FM the interference or noise increases linearly with frequency.  Meaning the noise is concentrated in the high frequencies.
The PSD of an audio signal is concentrated at low frequencies. This is like a disaster because we will get more noise where the signal is weaker. Meaning the noise will be comparable to the weaker signal.
We can use this fact to reduce the noise as follows: at the transmitter the weaker high frequencies of the signal are amplified before modulation by a preemphasis filter. 
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The audio is untouched by this operation. However the interference that is added after the preemphasis filter will be attenuated by the deemphasis filter.
The price to pay is not too much. Boosting the higher frequencies increases the peak value 
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 But the increase is not too much because the real peaks of the signal are due to the low frequencies. Therefore the increase is negligible.
Preemphasis and Deemphasis Filters
Usually it is used 
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These filters are realized by simple RC first order filters. 
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 This is like a differentiatior, therefore is like doing a PM to the signal over 
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1

2

1

1

2

)

(

w

w

w

w

w

w

w

w

w

+

=

+

÷

÷

ø

ö

ç

ç

è

æ

=

j

j

H

p

for 
[image: image204.wmf]2

w

w

<<


The deemphasis filter is:
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Dolby Noise Reduction
The preemphasis and Deemphasis is also used in Dolby Noise Reductions. The band are divided at 3kHz in this case.
5.6 FM RECEIVER
FCC has assigned a frequency range of 88 to 108 MHz for FM broadcasting. With a separation of 200kHz between stations and a peak frequency deviation of 
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A monophonic FM receiver is a superheterodyne AM receiver where the intermediate frequency is 10.7MHz and the envelope detector is replace by a PLL or a frequency discriminator followed by a deemphasizer.

Stereophonic FM has to be compatible with monophonic
Therefore the stereophonic transmitter is as follows:

Create L+R signal limited in band to 15kHz. and L-R limited to 15kHz as well. 
The L-R is modulated by 38kHz and a pilot of 19kHz (half of 38kHz is sent along). 
Both L+R and L-R are preemphasized.

The signal to modulate is then 
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At the receiver, after the demodulator, we LPF and deempasize getting the L+R signal. A monophonic receiver do just this. At the stereo receiver we Notch Band Filter to get the pilot and by doubling its frequency  is used to demodulate the L-R signal that is obtained.
The L-R signal is obtained after a band pass filter is demodulated by the pilot doubled.
Then we add both signals to get L and substract to get R.
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