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+ Define modulation? Explain different types of modulation.
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<+ Define standard form of amplitude modulation and explain the
time and frequency domain expression of AM wave
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+ Define amplitude modulation. Derive the expression on AM by both time
domain and frequency domain representation with necessary waveforms.
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<+ Obtain the expression for total transmitted power of AM wave.
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< Derive the followings:
i. Modulation index interms of Pyand Pc.
ii. Current relation of AM wave.
iii. Modulating index interms of lrand I,
iv. Voltage relation of AM wave.
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% A multitone modulating signal has the following time-domain form:

m(t)=Ecos2nft + E;cos21f,t + E;cos2nfst volts  where E,>E, 5E,

Footoop,
i. Give the time ~ domain expression for the conventional AM wave.

ii. Draw the amplitude spectrum for the AM wave obtained in part i.
Also find the minimum transmission bandwidth.

§L—|;\:. e - dornain - exphegion e, Gmserdiorol. i wosse: -4
SE) = A [1+Kem] ekt — O
Sbtishsbing -te Sobue § mla) in ty ©,9¢
SU) = Al 1+ Ko B, Catame, & + Ko By ity + KaBabaTt ] Ctamte

WHKT, W=KRaE, My=KeBy & 13:\(&53

S() = A [ 1+, Catame & + 34, Clamiyd + 3 Gy ] Cog gt

S = A TR MR CHTEE: G TR -+ Mgl ClaMbc ol
50 (AR AT

WKT

R B = TP+ (-9

19





[image: image19.png]S0 = AcCaarct -+ e caam (et + e Camn(hert)
+ )u:; [ sw(?-c—ﬁa)i + “lzt__ [SEUGCRINES

+ e cotar(fe -k x4+ 52#&&3? (retdx @

B Toking Fooden -t o bth Side o) eapotion @), e gat
sO= P -0k + 20 (e (rapy] b+e-e 3}
+ e (ot -G 0 {&1&):[} *5‘2—‘{3[?--(&"12 AL}

+ 2 B GR ko ]) + 2 (k- CorTalt 16 rJ}
+ 2 {0k Gerg] 2t 4t 3T}
TR anglifude SpeBwem Zy Shown balow

Carrier s a

TTRe ™Maximum Mu-ur\bpy 3 s

.. TR “thavimitgon borduwidh  [Br=3%5





[image: image20.png]<+ Derive an expression for multitone amplitude modulation, total
transmitted power and total modulation index.

WT an complifude wodulohid Wwane 5y ovoed 04:
58 = A [+ kem(a)] Campek,
™ (D2 Ama Warky, &
() = Prmg CofmMBmg k.

St = A [rrkalm ) +my() ] @ ok
= R[04 Ko C Py et 3+ g W )] Ctites.

= Al HKaAma WP & + Kafima (8 8TThg ] G BWRe .
A .

S) = A1 MaCeambmad + 35 Cofamitgy s | WMRE.
S = Ac TR B43uflc e . Cd My + 334 A Ch At ClTngh

WRT
(@A 4B = 4 8 (A-8) + - Ct (WD)

= Rccamter + A camlbe- P + e @ [Petbmg ] =
+i§kmm[&-h:_[&+ :“‘:ic o[ bettmg & = ©

From pustion (8) <& 3 UashHhat | Ghen W e, tom Teclating
g uanGag , we = Foon adamonal Praquencies, e Oppes -

Sidebardy (05 bt Fms | betPmg ond o dmoer Stdobandy LS8’

Fe-Pmas , Be-Pmg -

.*Rm _ 1





[image: image21.png]Ttk My midied powh i —

WWMMWWWM4MU¢
o Plsusg s

Pr= P+ Pusgs + Pusga + Pusea+ Pisea

a 3 2a . "
ﬂc‘ﬁ apt e "aﬂ g
=C ) gt " L.
SIS & ENiy + ¥ 0R
e el v Lo
- spe 20,
w T i
[ [H_ A 445 :|
T EY Y
= "
2 .
b= Pc‘:H- £ s
Whee, ’Lt_t N ,.;
He A
X raa
s = whvad
2=l





[image: image22.png]Generation of AM wave:-

There are two important methods of AM generation for low power
applications:

1.Square Law Modulator
2.Switching Modulator.

“ Explain generation of AM wave using SQUARE- LAW modulator
helps to produce AM wave. Derive the related equations and draw

the waveforms July-05,8M

* Explain the generation of AM wave using SQUARE- LAW
modulator along with relevant diagram & analysis.
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explain generation of AM wave using SWITCHING MODULATOR
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*How a modulating signal can be detected using a AM detector?
Use a envelope detector and explain. July-05,8M
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UNIT-II
SSB MODULATION
Single-Sideband Modulation

Standard amplitude modulation and double-sideband suppressed-carrier modulation are wasteful of bandwidth because they both require a transmission bandwidth equal to twice the message bandwidth. In either case, one half the transmission bandwidth is occupied by the upper side-band of the modulated wave, whereas the other half is occupied by the lower sideband. However, the upper and lower sidebands are uniquely related to each other by virtue of their symmetry about the carrier frequency; that is, given the amplitude and phase spectra of either sideband, we can uniquely determine the other. This means that insofar as the transmission of information is concerned. Only one sideband is necessary, and if both the carrier and the other sideband are suppressed at the transmitter, no information is lost. Thus the channel needs to provide only the same bandwidth as the message signal, a conclusion that is intuitively satisfying. When only one sideband is transmitted, the modulation is referred to as single-sideband modulation.

In the standard AM and DSB-SC, the transmission bandwidth is equal to twice the message bandwidth, and hence there is a wastage.

_ Since the upper sideband or lower sideband contains the same information, the message signal can be recovered from any one sideband at the receiver without loss of generality.

_ In such case the channel needs to provide only the same bandwidth as the message signal.

_ Such a transmission, which uses a single sideband is referred to as Single Sideband Modulation.

Frequency Domain Description :

[image: image46.emf]
[image: image47.emf]
Spectral response of an SSB modulated wave depends on which sideband is transmitted.

_ Consider the message signal m(t) with a Spectrum M(t) limited to the band     -w ≤f ≤w.

_ The spectrums of message signal m(t), DSB-SC, SSB with upper sideband and lower sidebands are shown in fig a, b, c and d respectively.

Time - Domain Description:

_ Consider the SSB Modulated wave Su(t) in which only upper sideband is retained as shown below.

[image: image48.emf]
_ This is generated by passing a DSBSC modulated wave through a band pass-filter of transfer function Hu(f).

_ The DSBSC modulated wave is defined by 

[image: image49.png]S psusc (1) = Acm(t) cos 27f 1




Where m(t) - message signal and

[image: image50.png]A cos 27f.t



 - Carrier signal

_ This is a band pass signal with an in phase component only.

_ The low pass complex envelope of DSBSC modulated wave is given by

   [image: image51.png]S psusc () = Acm(r)




_ The SSB modulated wave Su(t) is also a band pass signal. But it has a Quadrature     as well as in-phase component.

_ Let the low pass signal [image: image52.png]5.0



  denote the complex conjugate of Su(t).

    [image: image53.png]=8, =R.[S, 0 explj27.0)]




Determination of [image: image54.png]


:
_ The band pass filter of transfer function Hu(f) is replaced by an equivalent low pass filter of transfer function Hu(f), as shown in figure above..

This can be expressed as

[image: image55.png]A (=12 [l+sgn(f)] 0<f<w

0 otherwise




Where sgn(f) is the signum function.

_ The DSBSC modulated wave is replaced by its complex envelope, as shown fig(c)

[image: image56.png]i Spusc(f)=AM(f)




_ The desired complex envelope [image: image57.png]S



  is determined by evaluating the inverse Fourier transform of the [image: image58.png]H,(H)Spsusc ().




_ As per the Fourier transform pair m(t) and M(f), the Hilbert transform of m(t) is mˆ(t)=j sgn( f )M( f ).

_ Hence inverse Fourier transform of [image: image59.png]-~ F1 F-1 A,
H()Ssase (1) 15 8,0 = =Cm(0) + it}



 

_ Now from [image: image60.png]S, (t)=R.|S, t)exp(j24f. (1))]



 

[image: image61.png]S, (1= %[m(z)ms 27t — () sin 2f. (1)]




_ The above equation represents the SSB modulated wave containing only upper sideband has an in-phase component equal to the message signal m(t) and quadrature component equal to mˆ (t).

Single-tone Modulation.

Consider again the sinusoidal modulating wave [image: image62.png]m(t)=A cos2af t




 _ The Hilbert transform of this signal is obtained by passing it through a - 900 phase shifter, i.e., [image: image63.png]m(t)= A, sin27f,t




_ Now the upper side frequency is defined by

   [image: image64.png]S, (= % [m(t)cos 27f.1 — n(r)sin 2f.1]
= % [A,, cos27f,t cos 277, — Amsin 27F ¢ sin 2 1]

=2 feon a7, + £.)]




Now the lower side frequency is defined by
[image: image65.png]S.(1) :%Ac[m(t)cos?.mt+r;l(1)5i" 277.1]

= %A( [A,, cos2af,t cos2af.t + Amsin 2af, 1 sin 27f 1]
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Phase Discrimination method for generating an SSB modulated wave:

[image: image66.emf]
_ Here two separate simultaneous modulation processes are involved and subsequently they are  

   combined in the adder circuit.

_ The system uses two product modulators, I and Q, supplied with Carrier Waves in phase  

    Quadrature to each other.

_ The incoming base band signal m(t) is applied to product modulator I, which produces    

    DSBSC modulated wave.

_ This wave contains reference phase sidebands symmetrically spaced about carrier frequency fc.

The Hilbert transform mˆ (t) of m(t) is applied to product modulator Q, produces another DSBSC modulated wave.

This produces sidebands with equal amplitudes as that of I channel.The phase terms of the Q-Channel ace in such a way the vector addition or subtraction of two modulator outputs results in cancellation of one set of sidebands.

The use of +sign at the summing junction produces are SSB wave with lower sideband

[image: image67.png]S, ()= % [m(t)cos 27,1 — () sin 27f, (1))




Whereas the –ve sign yields an SSB wave with upper sideband

[image: image68.png]ie., S,(1)= A—ZC [m(e)cos 27,1 —rin(r)sin 2, (1)




This can be also called as Hartley modulator.

Phase discrimination method: The phase discrimination method of generating an SSB modulated wave involves two separate simultaneous modulation processes and subsequent combination of the resulting modulation products, as shown in Fig.1.The system uses two product modulators, I and Q, supplied with carrier waves in phase quadrature to each other. The incoming base band signal m(t) is applied to product modulator I, producing a modulated DSBSC wave that contains reference phase sidebands symmetrically spaced about carrier frequency fc . The Hilbert transform m(t) of m(t) is applied to product modulator Q, producing a DSBSC modulated wave that contains sidebands having identical amplitude spectra to those of modulator I, but with phase spectra such that vector addition or subtraction of the two modulator outputs results in cancellation of one set of sidebands and reinforcement of the other set. The use of a plus sign at the summing junction yields an SSB wave with only the lower sideband, where as the use of a minus sign yields and SSB wave with only the upper sideband. In this way the desired SSB modulated wave is produced. The SSB modulator of Fig1 is also known as the Hartley modulator.

[image: image69.emf]
Fig 1 Block diagram of Phase Discrimination method for generating SSB modulated Waves
Frequency Discrimination Method for Generating and SSB Modulated Wave:
_ This method requires that the message signal must satisfy two conditions.

i. The message signal m(t) has little or no low-frequency content; that is the message spectrum M(f) has “holes” at zero frequency.

ii. The highest frequency w of the message signal m(t) is much less than the carrier frequency fc.

_ Under these conditions, the desired sideband will appear in a non-overlapping interval in the spectrum in such away that it may be selected by an appropriate filter.

_ Here in the generation of SSB modulated wave, in principle, balanced modulator and an appropriate band pass filter are used, based on the sideband requirement as in fig.

[image: image70.emf]
_ The band pass filter used above must have two basic requirements.

(i) the pass band of the filter occupies the same frequency range as the spectrum of the desired SSB modulated wave.

(ii) The width of the guard band of the filter (separating the pass band from the stop band where unwanted sideband of the filter input lies) is twice the lowest frequency component of the message signal.

_ This kind of frequency discrimination can be achieved by using highly selective filters like with 1000 or 2000.

_ When it is necessary to generate an SSB modulated wave occupying a frequency band that is much higher than that of the message signal, it becomes very difficult to design filter with sharp cut off frequencies.

_ This can be achieved by the multiple modulation process in the following arrangement shown.

[image: image71.emf]
_ Here two stages of modulation are involved.

_ The SSB modulated wave at the first filter output is used as the modulating wave for the second product modulator.

_ Now the DSB-SC modulated wave produced in the second stage is symmetrically spaced about the second carrier frequency f2.

_ The frequency Separation between the sidebands of this DSB-SC modulated wave is effectively twice the first carrier frequency f1,

_ Now the unwanted sideband can be removed by passing through the second filter.

Demodulation Of SSB waves

To recover the baseband signal m(t) from the SSB wave s(t), equal to Su(t) or S1(t), we have to shift the spectrum in Fig.1.a)or 1.b) by the amounts ± fc so as to convert the transmitted sideband back into the baseband signal. This can be accomplished using coherent detection, which involves applying the SSB wave s(t), together with a locally generated carrier cos(2pf ct) assumed to be of unit amplitude for convenience, to a product modulator and then low-pass filtering the /modulator output,

[image: image72.emf]
Fig.1a) Spectrum of SSB modulated wave with upper sideband transmitted 

[image: image73.emf]
Fig.1b) Spectrum of SSB modulated wave with lower sideband transmitted

[image: image74.emf]
Fig 2 Coherent detection of an SSB modulated wave

as in Fig 2. Thus using Eq (1) or (2)

[image: image75.png]Su(r) =1/ 2(A)[|m(t)cos(2af,1)] - [m' (¢ )sin (277,2)1] (1)




[image: image76.png]Su(t) = 1/ 2(A)[[m(e)cos(27f, 1))+ [m' (r)sin (27F,1 )11 (2




we find that the product modulator output is given by

[image: image77.png]v(r)=cos(271.1)s(t)

- %At cos(27 1 )im(e)eos(2 1)) m(t)sin (27 1)

= %Arm(r) + %A{ [m(r)cos(4f.1)] m(r)sin (4f.1)

(3)
Scaled
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The first term in Eq 3 is the desired message signal. The combination of the remaining terms represents an SSB modulated wave with a carrier frequency of 2fc; as such, it represents an unwanted component in the product modulator output that is removed by

low-pass filtering.

The detection of SSB modulated waves, just presented, assumes ideal conditions, namely, perfect synchronization between the local carrier and that in the transmitter both in frequency and phase. The effect of a phase error Φ in the local generated carrier wave is to modify the detector output as follows

[image: image78.png]v, (t)= %A[m(r)cosq) + i A.mlt)cosg (4)




Where the plus sign applies to an incoming SSB modulated wave containing only the upper sideband and the minus sign applies to one containing only the lower sideband.

Owing to the phase error Φ, the detector output Vo(t) contains not only the message signal m(t) but also its Hilbert transform m(t). Consequently, the detector output suffers from phase distortion. This phase distortion is usually not serious with voice communications because the human ear is relatively in sensitive to phase distortion. The presence of phase distortion gives rise to what is called the Donald Duck voice effect. In the transmission of music and video signals, on the other hand, phase distortion in the form of a constant phase difference in all components can be intolerable.

Vestigial Sideband Modulation

Single-sideband modulation is well-suited for the transmission of voice because of the energy gap that exists in the spectrum of voice signals between zero and a few hundred hertz. When the message signal contains significant components at extremely low frequencies (as in the case of television signals and wideband data), the upper and lower sidebands meet at the carrier frequency. This means that the use of SSB modulation is inappropriate for the transmission of such message signals owing to the difficulty of isolating one sideband. This difficultly suggests another scheme known as ‘vestigial sideband modulation (VSB), which is a compromise between SSB and DSBSC modulation. In the modulation scheme, one sideband is passed almost completely whereas just a trace, or vestige, of the other sideband is retained.
TIME-DOMAIN DESCRIPTION

Let s(t) denote a VSB modulated wave containing a vestige of the lower sideband. This modulated wave may be viewed as the output of a sideband shaping filter produced in response to a DSBSC modulated wave defined in Eq.

SDSBSC (t) = Ac m(t) cos (2πfct) 





(1)

The filter has a transfer function H( f )as illustrated in Fig.1

[image: image79.emf]
Fig.1 Frequency response of sideband shaping filter for a VSB modulated wave containing a vestige of lower sideband; only the positive frequency portion is shown.

Using the band-pass to low-pass transformation technique replace the sideband shaping filter by an equivalent complex low-pass filter of transfer function.

H( f ), which is depicted in Fig 2a .

Clearly we may express H( f ) as the difference between two components Hv ( f ) and H v ( f ) as shown by

[image: image80.png]Hh=H (f)-H, (f)









(1)

These two components are described individually as follows

1. The transfer function H u ( f ) shown in Fig 2b pertains to a complex low-pass filter equivalent to a band-pass filter designed to reject the lower sideband completely; it is defined in Eq

[image: image81.png]%[l+sgn(f)l 0<few

0 otherwise

Hu(f) =



 

(2)

2. The transfer function H v( f ) shown in Fig 2.c, accounts for both the generation of a 

vestige of the lower side band and the removal of a corresponding portion from the upper side band.Thus, substituting Eq 2 in 1, the transfer function H( f ) is redefined as

[image: image82.png]%[Hsgn(f)fzy_,(f)l —f<few

0 otherwise

H(f) =






(3)

The signum function sgn (f) and the transfer function H v( f ) are both odd functions of the frequency f. Hence, they both have purely imaginary inverse Fourier transforms. According, we may introduce a new transfer function.

[image: image83.png]Holf)= f[w-(f 2H,(f))










(4)

That has a purely real inverse Fourier transform. Let h ( f ) Q denote the inverse Fourier

transform of H Q(f) ; that is 

[image: image84.png]hy(t)=H, (1)













(5)

Fig 1d shows a plot of as a function of frequency in accordance with both Eq 4 and Fig

1c. Eq 3 can be rewritten in terms of H Q(f) as

[image: image85.png]Sheim () —r<rew

0 otherwise

H(f) =






 
(6)

We are now ready to determine the VSB modulated wave s(t). First, we write

[image: image86.png]s(t)=Re[slt) exp(j2f.1)]









                
(7)

Where s(t) is the complex envelope of s(t), Since s(t) is the output of the complex low pass filter of transfer function H( f ) , which is produced in response to the complex envelope of the DSBSC modulated wave, we may express the spectrum of s(t) as

[image: image87.png]S(t)=H(f)S psusc (f)








              

         (8)

Where SDSBSC(f) is defined in Eq.3. Hence, substituting Eqs and 3 and 6 in 8, we get

[image: image88.png]()= o (I (1)










(9)

Taking the inverse Fourier transform of , we thus obtain

[image: image89.png]2 nle)+ jom, )]
S(t):7











(10)

Where mQ(t) is the response produced by passing the message signal m(t) through a low pass filter of impulse response hQ(t) . Finally, substituting Eq 10 in 7, we get

[image: image90.png]:(1):A{%m(})]cos(l?fct)—%&mg ()sin(27.1)







 (11)

This is the desired representation for a VSB modulated wave containing a vestige of the lower sideband. The component 1/2Acm(t ) constitutes the in-phase component of this VSB modulated wave, and constitutes the quadrature component and 1/2AcmQ(t) constitutes quadrature component.

The DSBSC and SSB waves may be regarded as special cases of the VSB modulated wave defined by Eq 11. If the vestigial sideband is increased to the width of a full sideband, the resulting wave becomes a DSBSC wave with the result that mQ(t)   vanishes. If, on the other hand, the width of the vestigial sideband is reduced to zero, the resulting wave becomes an SSB wave containing the upper sideband, with the result that, mQ(t) = m(t), where m(t) is the Hilbert transform of m(t).

[image: image91.emf]
Fig2.a) Idealized frequency response H(f) of a LPF equivalent to the sideband shaping filter that passes the vestige of a lower sideband

[image: image92.emf]
Fig.2.b) first component of [image: image93.png]H(f)
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Fig.2.c) second component of [image: image95.png]H(f)




[image: image96.emf]
Fig.2 d)Frequency response of a filter with transfer function jHQ(f).

FREQUENCY-DOMAIN DESCRIPTION

Fig.1 illustrates the spectrum of a vestigial sideband (VSB) modulated wave s(t) in relation to that of the message signal m(t), assuming that the lower sideband is modified into the vestigial sideband. Specifically, the transmitted vestige of the lower sideband compensates for the amount removed from the upper sideband. The transmission bandwidth required by the VSB modulated wave is therefore given by

B = W + fc

Where W is the message bandwidth and fc is the width of the vestigial sideband Vestigial sideband modulation has the virtue of conserving bandwidth almost as efficiently as single-band modulation, while retaining the excellent low-frequency base band characteristics of double-sideband modulation. The VSB modulation has become standard for the transmission of television and similar signals where good phase characteristics and transmission of low-frequency components are important, but the Band width required for double-sideband transmission is unavailable or uneconomical.

[image: image97.emf]
Fig1 a)spectrum of message signal

b)Spectrum of VSB modulated wave containing a vestige of lower side band

or

_ Single sideband modulation is well-suited for the transmission of voice when there is an energy  

gap in the spectrum of voice (message) signal between zero and low frequency content (component).

_ When the message signal contains significant components at extremely low frequencies, the upper and lower sidebands meet at the carrier frequencies.

_ In such case there is an isolation problem between the sidebands and hence SSB modulation is inappropriate.

_ To avoid the above situation, a modulation technique is used in which just a trace     or vestige of one sideband is passed along with other sideband. This is called Vestigial Sideband modulation.

Frequency-Domain Description (VSB):

[image: image98.emf]
_ Consider the message signal m(t) and VSB modulated wave S(t) whose spectrums are shown above.

_ Here lower sideband is assumed to be modified into the vestigial sideband.

_ The transmitted Vestige of the lower sideband compensates for the amount removed form the upper sideband.

_ Now the transmission bandwidth of the VSB modulated wave is given by B= W+ f v Where W is the message bandwidth and fv is the width of the vestigial sideband.

_ Thus the bandwidth is conserved in VSB modulation as efficiently as SSB modulation,   retaining the low frequency base band characteristics of DSBSC.

GENERATION OF VSB MODULATED WAVE

To generate a VSB modulated wave, we pass a DSBSC modulated wave through a sideband shaping filter, as in Fig 1a. The exact design of this filter depends on the desired spectrum of the VSB modulated wave. The relation between the transfer function H( f )of the filter and the spectrum S(f) of the VSB modulated wave s(t)

is defined by
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(1)

Where M( f ) is the message spectrum. We wish to determine the specification of the filter transfer functionH( f ), so that S( f ) defines the spectrum of the desired VSB wave s(t). This can be established by passing s(t) through a coherent detector and then determining the necessary condition for the detector output to provide an undistorted version of the original message single m(t). Thus, multiplying s(t) by a locally generated sine wave  cos(2pfct) , which is synchronous with the carrier wave A c  cos( 2pf c t) in both frequency and phase, as in Fig 1b, we get.

[image: image100.png]v(t) = cos(2f.1)s(r)











(2)

Transforming this relation into the frequency domain gives the Fourier transform of v(t)

As
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(3)

Therefore, substituting of Eq 1 in 3 yields
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The spectrum V(f) is illustrated in Fig 1c. The second term in Eq 4 represents a VSB wave corresponding to carrier frequency 2fc. This term is removed by the low-pass filter in Fig 1b to producer an output Vo(t), the spectrum of which is given by 

V0(f)=(Ac/4) M(f) [H(f-fc)+H(f+fc)] 






(5)

[image: image103.emf]
Fig.1a.Block diagram of VSB modulator

[image: image104.emf]
Fig.1b.Block diagram of VSB demodulator

[image: image105.emf]
Fig.1c) spectrum of product modulator output V(t) in the demodulation scheme

[image: image106.emf]
.Fig1d)spectrum of modulator outputV0(t)

[image: image107.emf]
Fig 2 Frequency response of sideband shaping filter for a VSB modulated wave containing a vestige of lower sideband; only the positive frequency portion is shown.

The spectrum is V0(f) illustrated in Fig 1d. For a distortion less reproduction of the original baseband signal m(t) at the coherent detector output, we require to be a scaled version of M(f). This means, therefore, that the transfer function H(f) must satisfy the condition

[H(f-fc)+H(f+fc)]=2H(fc)







 (6)

Where H(fc) is a constant, with the message spectrum M(f) assumed to be essentially zero outside the interval -W≤f≤W , we need to satisfy Eq 6 only for values of f in this

interval.

The requirement of Eq 6 is satisfied by using a filter with a frequency response H(f) such as that shown in Fig 2 for positive frequency. This response is normalized so that H(f) falls to one half at the carrier frequency fc. The cutoff portion of this response around fc exhibits odd symmetry in the sense that inside the transition interval defined by (fc -fv) ≤lfl ≤(fc +fv), the sum of the values of H(f) at any tow frequencies equally displaced above and below fc is unity. Such a filter is much less elaborate than that

required if one sideband is to be completely suppressed.

In general, to preserve the baseband spectrum, the phase response of the sideband shaping filter in Fig 1a must exhibit odd symmetry about the carrier frequency fc. Specifically, it must be linear over the frequency intervals (fc -fv) ≤lfl ≤(fc +W),and its value at the frequency fc has to equal zero or an integer multiple of 2 radians. The effect of this linear of the message signal m(t) at the receiver output.

The frequency response of Fig 2 pertains to a VSB modulated wave containing a vestige of the lower sideband. In the situation depicted here, control over the frequency response of the sideband shaping filter need only be exercised over the band (fc -fv)≤lfl≤(fc +W). This is the reason for showing the frequency response of the sideband shaping filter in Fig 2 for f>fc +W as a dashed line.

Generation of VSB modulated wave :

_ VSB modulated wave can be generated by passing a DSBSC modulated wave through a sideband filter as shown in fig. below.

[image: image108.emf]
_ The exact design of this sideband shaping filter depends on the desired spectrum of the VSB modulated wave.

_ The relation among the filter, VSB modulated wave and message signal is given By
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When S(f) is the Spectrum of the VSB modulated wave S(t)

H(f) is the Transfer function of the shaping filter and

M(f) is the message spectrum of the signal m(t).

_ Here, first of all the filter transfer function H(f) should be determined to define S(f) of 

   the VSB wave S(t).

_ This can be established by passing S(t) through a coherent detector and then determining the necessary condition for the detector output to provide an undistorted version of the original message signal m(t).

_ Multiplying S(t) by a locally generated sine wave cos2pfct which synchronous with in the carrier wave ACcos2pfct in both phase and frequency as shown in the diagram below.[image: image110.emf]
_ Transforming this into frequency domain by using Fourier transform.
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Substituting (1) and (3) we have [image: image112.emf]
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_ The second harmonic carrier frequency 2fc can be removed by the low-pass filter as shown in fig c to produce an output V0(t).

_ The spectrum of V0(t) is given by
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_ If the V0(f) is a scaled version of M(f), then the output of the coherent detector is a distortion less original base band signal m(t).

_ Therefore the transfer function H(f) must satisfy the condition [image: image115.png]H(f-f)+H(f+f)=2H(f) —






      (6)

    where H(fc) is a constant.

_ The above equation is satisfied by using a filter with frequency response H(f) as shown below for +ve frequencies.

[image: image116.emf]
_ In this H(f) falls to one half at the carrier frequency.

_ The cut off position of this response around fc exhibits odd symmetry is inside the transition interval defined by [image: image117.png]f.—f,<f<f+],



.The sum of the value of H(f) at any two frequencies equally displaced above and below fc is unity.

_ To preserve the base band spectrum, the phase response of the sideband shaping filter must exhibit odd symmetry about fc.

_ Specifically it must be linear over the frequency interval [image: image118.png]fo=f<IfIsf+ 1,



and its value at the frequency fc ahs to equal zero or an integral multiple of 2p radians.

Envelope Detection of a VSB

In commercial television broadcasting, a sizable carrier is transmitted together with the modulated wave. This makes it possible to demodulate the incoming modulated wave by an envelope detector in the receiver. It is, therefore, of interest to determine the distortion introduced by the envelope detector. Adding the carrier component [image: image119.png]A, cos\27f 1)



 to Eq (1)
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(1)

scaled by a factor Ka , modifies the modulated wave applied to the envelope detector input as

[image: image121.png]s(t)=A, [n + %k,m(,)] cos(2f.1) %kaA[mQ (1)sin(217.1)




(2)

Where the constant determines the percentage modulation. The envelope detector output, denoted by a(t), is therefore

[image: image122.png]






(3)

Eq 3 indicated that the distortion is contributed by the quadrature component mQ(t) of

the incoming VSB wave.

This distortion can be reduced using two methods:

(1) reducing the percentage modulation to reduce Ka and

(2) increasing the width of the vestigial sideband to reduce mQ(t) .

Both methods are used in practice. In commercial television broadcasting, the vestigial sideband occupies a width of about 1.25 KHz, or about one-quarter of a full sideband. This has been determined empirically as the width of vestigial sideband required to keep the distortion due to mQ(t) within tolerable limits when the percentage modulation is nearly 100.

Comparison Of Amplitude Modulation Techniques

1. In standard AM systems the sidebands are transmitted in full, accompanied by the carrier. Accordingly, demodulation is accomplished simply by using an envelope  detector or square-law detector. On the other hand, in suppressed-carrier systems the receiver is more complex because, additional circuitry must be provided for the purpose of carrier recovery. It is for this reason we find that in commercial AM radio broadcast systems, which involve one transmitter and numerous receivers, standard AM is used in preference to DSBSC or SSB modulation.

2. Suppressed-carrier modulation systems have an advantage over standard AM systems in that they require much less power to transmit the same amount of information, which makes the transmitters for such systems less expensive than those required for standard AM. Suppressed-carrier systems are therefore well suited for point-to-point communication involving one transmitter and one receiver, which would justify the use of increased receiver complexity.

3. Single-sideband modulation requires the minimum transmitter power and minimum transmission bandwidth possible for conveying a message signal from one point to another. We thus find that single-sideband modulation is the preferred method of modulation for long-distance transmission of voice signals over metallic circuits, because it permits longer spacing between the repeaters, which is a more important consideration here than simple terminal equipment. A repeater is simply a wideband amplifier that is used at intermediate points along the transmission path so as to make up for the attenuation incurred during the course of transmission.

4. Vestigial-sideband modulation requires a transmission bandwidth that is intermediate between that required for SSB or DSBSC modulation, and the saving can be significant if modulating waves with large band-widths re being handled, as in the case of television signals and wide-band data.

5.Double-sideband suppressed-carrier modulation, single-sideband modulation, and vestigial-sideband modulation are all examples of linear modulation. The output of a linear modulator can be expressed in the canonical form
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The in-phase component s1(t) is a scaled version of the incoming message signal m(t).The quadrature component sQ(t) is derived from m(t) by some linear filtering operation. Accordingly, the principle of superposition can be used to calculate the modulator output s(t) as the sum of responses of the modulator to individual components of m(t). In strict sense, ordinary amplitude modulation fails to meet the definition of a linear modulator with respect to the message signal. If s1(t) is the AM wave produced by a message signal m1(t) and s2(t) is the AM wave produced by a second message signal m2(t), then AM wave produced by m1(t) plus m2(t) is not equal s1(t) to s2(t) plus. However, the departure from linearity in AM is of a mild sort, such that many of the mathematical procedures applicable to linear modulation may be retained.

For Example, the band-pass representation is still applicable to an AM wave, with the in-phase and quadrature components defined by, respectively.
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And
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Where Ka is the amplitude sensitivity of the modulator.

6. In both SSB and VSB modulation schemes, the role of the quadrature component is merely to interfere with the in-phase component, so as to eliminate power in one of the sidebands. Herein lies the reason for the face the SSB- and VSB-modulated waves have favorable spectral properties. Notes, however, that regardless of the nature of the qauadrature component, the message signal m(t) may be recovered from the  modulated signal s(t) with the use of coherent detection.

7. The band-pass representation may also be used to describe quadrature amplitude modulation. In this case, we have (assuming a carrier of unit amplitude)

[image: image126.png]s,(e)=m,(¢)




And

[image: image127.png]so(t)=my(t)




Where m1(t) and m2(t) are the two independent message signals as the quadratue modulator input

8. The complex envelope of the linearly modulated wave S(t) equals.This compact notation retains complete information about the modulation process.
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Applications of different AM

The usual AM radio receiver is of the super heterodyne type, which is represented schematically in Fig 1. Basically, the receiver consists of a radio frequency (RF) section,a mixer and local oscillator, an intermediate frequency (IF) section, and a demodulator.

Typical frequency parameters of commercial AM radio are

RF carrier range = 0.535 – 1.605 MHz

Midband frequency of IF section = 455 KHz

IF bandwidth = 10 KHz

The incoming amplitude modulated wave is picked up by the receiving antenna and amplified in the RF section, which is tuned to the carrier frequency of the incoming wave. The combination of mixer and local oscillator (of adjustable frequency) provides a frequency conversion or heterodyning function, whereby the incoming signal is converted to a predetermined fixed intermediate frequency, usually lower than the  signal frequency. This frequency conversion is achieved without disturbing the relation of the sidebands to the carrier. The result of this conversion is to produced an intermediate frequency carrier defined by

[image: image129.png]fur =fw = fro




Where fLO is the frequency of the local oscillator and RF f is the carrier frequency of the incoming RF signal. We refer to LF f as the intermediate frequency (IF), because the signal is neither at the original input frequency nor at the final baseband frequency. The mixer-local oscillator combination is sometimes referred to as the first detector, in which case the demodulator is called the second detector.

The IF section consists of one or more stages of tuned amplification, with a bandwidth corresponding to that required for the particular type of signal that the receiver is Intended to handle. This section provides most of the amplification and selectivity in

[image: image130.emf]
Fig 1 Basic elements of an AM receiver of super heterodyne type the receiver. The output of the IF section is applied to an envelope detector, the Purpose of which is to recover the baseband signal. The final operation in the receiver is the power amplification of the recovered message. The loudspeaker constitutes the load of the power amplifier The super heterodyne operation refers to the frequency conversion from the variable carrier frequency of the incoming RF signal to the fixed IF signal. In a super heterodyne receiver the mixer will develop an intermediate frequency output when the input signal frequency is greater or less than the local oscillator frequency by an amount equal to the intermediate frequency. That is, there are two input frequencies, namely, [image: image131.png][fo % fur]



 which will result in at the mixer output. This introduces the possibility of simultaneous reception of two signals differing in frequency by twice the intermediate frequency. According, it is necessary to employ selective stages in the RF section ( i.e between the antenna and the mixer) in order to favor the desired signal and discriminate against the undesired or image signal. The effectiveness of suppressing unwanted image signals increases as the number of selective stages in the radio frequency section increases, and as the ratio of intermediate-to-signal frequency increases.

UNIT-III[image: image278.jpg]


[image: image279.jpg]



ANGLE MODULATION 
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Objective:
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It is another method of modulating a sinusoidal carrier wave, namely,[image: image284.jpg]
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angle [image: image286.jpg]


[image: image287.jpg]


 modulation in which either the phase or frequency of the carrier wave is varied according to the message signal. After studying this student should be familiar with the following. This deals with the generation of Frequency modulated wave and detection of original message signal from the Frequency modulated wave. After studying this chapter student should be familiar with the following
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Definition of Angle Modulation 

Types Angle Modulation- FM & PM 

Relation between PM & FM 

Phase and Frequency deviation

Spectrum of FM signals for sinusoidal modulation – sideband features, power content. 

Narrow band and Wide band FM 

BW considerations-Spectrum of a constant BW FM, Carson’s Rule

Phasor Diagrams for FM signals 

Multiple frequency modulations – Linearity. 

FM with square wave modulation. 
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Generation of FM Signals:
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Direct FM – Parameter Variation Method (Implementation using varactor, FET)

Indirect FM – Armstrong system, Frequency Multiplication.
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FM demodulators- Slope detection, Balanced Slope Detection, Phase Discriminator (Foster Seely), Ratio Detector.
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Key points:
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Angle modulation: There are two types of Angle modulation techniques namely[image: image304.jpg]
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 Phase modulation Frequency modulation 
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Phase modulation (PM) is that of angle modulation in which the angular argument θ (t) is varied linearly with the message signal m(t), as shown by
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θ (t) =2πfct+kpm(t)
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where 2πfct represents the angle of the unmodulated carrier.
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kp represents the phase sensitivity of the modulator (radians/volt)

 The phase modulated wave s(t)=Accos[2πfct+kpm(t)] 

Frequency modulation (FM) is that of angle modulation in which the instantaneous frequency fi(t) is varied linearly with the message signal m(t), as shown by 
The frequency modulated wave s (t)=Accos[2πfct+2πkf otm(t)dt]
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Where fc represents the frequency of the unmodulated carrier
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kf represents the frequency sensitivity of the modulator(Hz/volt) 
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FM wave can be generated by first integrating m(t) and then using the result as the input to a phase modulator PM wave can be generated by first differentiating m(t) and then [image: image322.jpg]
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using the result as the input to a frequency modulator. Frequency modulation is a Non-linear modulation process.
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Single tone FM:
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Consider m(t)=Amcos(2πfmt)
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The instantaneous frequency of the resulting FM wave 

fi(t) =fc+kf Amcos(2πfmt)

= fc+f cos(2πfmt)

where f = kf Am is called as frequency deviation


θ (t) =2π  fi(t)dt =2πfct+f/fm sin(2πfmt) = 2πfct+β sin(2πfmt)

Where β= f/fm= modulation index of the FM wave


When β<<1 radian then it is called as narrowband FM consisting essentially of a carrier, an upper side-frequency component, and a lower side-frequency component. 

When β>>1 radian then it is called as wideband FM which contains a carrier and an infinite number of side-frequency components located symmetrically around the carrier. 

The envelope of an FM wave is constant, so that the average power of such a wave dissipated in a 1-ohm resistor is also constant.

Plotting the Bessel function of the first kind Jn() for different orders n and different values of  is shown below.
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Frequency Spectrum of FM

The FM modulated signal in the time domain is given by






From this equation it can be seen that the frequency spectrum of an FM waveform with a sinusoidal modulating signal is a discrete frequency spectrum made up of components spaced at frequencies of  mc.



By analogy with AM modulation, these frequency components are called sidebands. 
We can see that the expression for s(t) is an infinite series. Therefore the frequency spectrum of an FM signal has an infinite number of sidebands. 
The amplitudes of the carrier and sidebands of an FM signal are given by the corresponding Bessel functions, which are themselves functions of the modulation index 

Spectra of an FM Signal with Sinusoidal Modulation

The following spectra show the effect of modulation index, , on the bandwidth of an FM signal, and the relative amplitudes of the carrier and sidebands


Carson’s Rule: Bandwidth is twice the sum of the maximum frequency deviation and the modulating frequency. 

BW=2(f+ fm)

The nominal BW  2f = 2 βfm

Generation of FM waves:


Indirect FM: This method was first proposed by Armstrong. In this method the modulating wave is first used to produce a narrow-band FM wave, and frequency multiplication is next used to increase the frequency deviation to the desired level. 

Direct FM: In this method the carrier frequency is directly varied in accordance with the incoming message signal. 

Reactance-Tube Modulation. - In direct modulation, an oscillator is frequency modulated by a REACTANCE TUBE that is in parallel (SHUNT) with the oscillator tank circuit. (The terms "shunt" or "shunting" will be used in this module to mean the same as "parallel" or "to place in parallel with" components.) This is illustrated in figure 2-11. The oscillator is a conventional Hartley circuit with the reactance-tube circuit in parallel with the tank circuit of the oscillator tube. The reactance tube is an ordinary pentode. It is made to act either capacitive or inductively; that is, its grid is excited with a voltage which either leads or lags the oscillator voltage by 90 degrees.

Figure 2-11. - Reactance-tube fm modulator.
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When the reactance tube is connected across the tank circuit with no modulating voltage applied, it will affect the frequency of the oscillator. The voltage across the oscillator tank circuit (L1 and C1) is also in parallel with the series network of R1 and C7. This voltage causes a current flow through R1 and C7. If R1 is at least five times larger than the capacitive reactance of C7, this branch of the circuit will be essentially resistive. VoltageE1, which is across C7, will lag current by 90 degrees. E1 is applied to the control grid of reactance tube V1. This changes plate current (Ip), which essentially flows only through the LC tank circuit. This is because the value of R1 is high compared to the impedance of the tank circuit. Since current is inversely proportional to impedance, most of the plate current coupled through C3 flows through the tank circuit.

At resonance, the voltage and current in the tank circuit are in phase. Because E1 lags E by 90 degrees and I p is in phase with grid voltage E1, the superimposed current through the tank circuit lags the original tank current by 90 degrees. Both the resultant current (caused by Ip) and the tank current lag tank voltage and current by some angle depending on the relative amplitudes of the two currents. Because this resultant current is a lagging current, the impedance across the tank circuit cannot be at its maximum unless something happens within the tank to bring current and voltage into phase. Therefore, this situation continues until the frequency of oscillations in the tank circuit changes sufficiently so that the voltages across the tank and the current flowing into it are again in phase. This action is the same as would be produced by adding a reactance in parallel with the L1C1 tank. Because the superimposed current lags voltage E by 90 degrees, the introduced reactance is inductive. In NEETS, Module 2, Introduction to Alternating Current and Transformers, you learned that total inductance decreases as additional inductors are added in parallel. Because this introduced reactance effectively reduces inductance, the frequency of the oscillator increases to a new fixed value.

Now let's see what happens when a modulating signal is applied. The magnitude of the introduced reactance is determined by the magnitude of the superimposed current through the tank. The magnitude of Ip for a given E1 is determined by the transconductance of V1. (Transconductance was covered in NEETS, Module 6, and Introduction to Electronic Emission, Tubes, and Power Supplies.)

Therefore, the value of reactance introduced into the tuned circuit varies directly with the trans conductance of the reactance tube. When a modulating signal is applied to the grid of V1, both E1 and I p change, causing trans conductance to vary with the modulating signal. This causes a variable reactance to be introduced into the tuned circuit. This variable reactance either adds to or subtracts from the fixed value of reactance that is introduced in the absence of the modulating signal. This action varies the reactance across the oscillator which, in turn, varies the instantaneous frequency of the oscillator. These variations in the oscillator frequency are proportional to the instantaneous amplitude of the modulating voltage. Reactance-tube modulators are usually operated at low power levels. The required output power is developed in power amplifier stages that follow the modulators.

The output of a reactance-tube modulated oscillator also contains some unwanted amplitude modulation. This unwanted modulation is caused by stray capacitance and the resistive component of the RC phase splitter. The resistance is much less significant than the desired XC, but the resistance does allow some plate current to flow which is not of the proper phase relationship for good tube operation. The small amplitude modulation that this produces is easily removed by passing the oscillator output through a limiter-amplifier circuit.

Semiconductor Reactance Modulator. - The semiconductor-reactance modulator is used to frequency modulate low-power semiconductor transmitters. Figure 2-12 shows a typical frequency-modulated oscillator stage operated as a reactance modulator. Q1, along with its associated circuitry, is the oscillator. Q2 is the modulator and is connected to the circuit so that its collector-to-emitter capacitance (CCE) is in parallel with a portion of the RF oscillator coil, L1. As the modulator operates, the output capacitance of Q2 is varied. Thus, the frequency of the oscillator is shifted in accordance with the modulation the same as if C1 were varied.

Figure 2-12. - Reactance-semiconductor fm modulator.
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When the modulating signal is applied to the base of Q2, the emitter-to-base bias varies at the modulation rate. This causes the collector voltage of Q2 to vary at the same modulating rate. When the collector voltage increases, output capacitance CCE decreases; when the collector voltage decreases, CCE increases. An increase in collector voltage has the effect of spreading the plates of CCE farther apart by increasing the width of the barrier. A decrease of collector voltage reduces the width of the pn junction and has the same effect as pushing the capacitor plates together to provide more capacitance.

When the output capacitance decreases, the instantaneous frequency of the oscillator tank circuit increases (acts the same as if C1 were decreased). When the output capacitanceincreases, the instantaneous frequency of the oscillator tank circuit decreases. This decrease in frequency produces a lower frequency in the output because of the shunting effect of CCE. Thus, the frequency of the oscillator tank circuit increases and decreases at an audio frequency (AF) modulating rate. The output of the oscillator, therefore, is a frequency modulated rf signal.

Since the audio modulation causes the collector voltage to increase and decrease, an AM component is induced into the output. This produces both an fm and AM output. The amplitude variations are then removed by placing a limiter stage after the reactance modulator and only the frequency modulation remains.

Frequency multipliers or mixers (discussed in chapter 1) are used to increase the oscillator frequency to the desired output frequency. For high-power applications, linear RF amplifiers are used to increase the steady-amplitude signal to a higher power output. With the initial modulation occurring at low levels, fm represents a savings of power when compared to conventional AM. This is because fm noise-reducing properties provide a better signal-to-noise ratio than is possible with AM.

Multivibrator Modulator. - Another type of frequency modulator is the astable multivibrator illustrated in figure 2-13. Inserting the modulating af voltage in series with the base-return of the multivibrator transistors causes the gate length, and thus the fundamental frequency of the multivibrator, to vary. The amount of variation will be in accordance with the amplitude of the modulating voltage. One requirement of this method is that the fundamental frequency of the multivibrator be high in relation to the highest modulating frequencies. A factor of at least 100 provides the best results.

Figure 2-13. - Astable multivibrator and filter circuit for generating an fm carrier.
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Recall that a multivibrator output consists of the fundamental frequency and its entire harmonics. Unwanted even harmonics are eliminated by using a SYMMETRICAL MULTIVIBRATOR circuit, as shown in figure 2-13. The desired fundamental frequency, or desired odd harmonics, can be amplified after all other odd harmonics are eliminated in the LCR filter section of figure 2-13. A single frequency-modulated carrier is then made available for further amplification and transmission.

Proper design of the multivibrator will cause the frequency deviation of the carrier to faithfully follow (referred to as a "linear" function) the modulating voltage. This is true up to frequency deviations which are considerable fractions of the fundamental frequency of the multivibrator. The principal design consideration is that the RC coupling from one multivibrator transistor base to the collector of the other has a time constant which is greater than the actual gate length by a factor of 10 or more. Under these conditions, a rise in base voltage in each transistor is essentially linear from cutoff to the bias at which the transistor is switched on. Since this rise in base voltage is a linear function of time, the gate length will change as an inverse function of the modulating voltage. This action will cause the frequency to change as a linear function of the modulating voltage.

The multivibrator frequency modulator has the advantage over the reactance-type modulator of a greater linear frequency deviation from a given carrier frequency. However, multivibrators are limited to frequencies below about 1 megahertz. Both systems are subject to drift of the carrier frequency and must, therefore, be stabilized. Stabilization may be accomplished by modulating at a relatively low frequency and translating by heterodyne action to the desired output frequency, as shown in figure 2-14. A 1-megahertz signal is heterodyned with 49 megahertz from the crystal-controlled oscillator to provide a stable 50-megahertz output from the mixer. If a suitably stable heterodyning oscillator is used, the frequency stability can be greatly improved. For instance, at the frequencies shown in figure 2-14, the stability of the unmodulated 50-megahertz carrier would be 50 times better than that which harmonic multiplication could provide.

Figure 2-14. - Method for improving frequency stability of fm system.
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Varactor FM Modulator: - Another fm modulator which is widely used in transistorized circuitry uses a voltage-variable capacitor (VARACTOR). The varactor is simply a diode, or PN junction, that is designed to have a certain amount of capacitance between junctions. View (A) of figure 2-15 shows the varactor schematic symbol. A diagram of a varactor in a simple oscillator circuit is shown in view (B). This is not a working circuit, but merely a simplified illustration. The capacitance of a varactor, as with regular capacitors, is determined by the area of the capacitor plates and the distance between the plates. The depletion region in the varactor is the dielectric and is located between the p and n elements, which serve as the plates. Capacitance is varied in the varactor by varying the reverse bias which controls the thickness of the depletion region. The varactor is so designed that the change in capacitance is linear with the change in the applied voltage. This is a special design characteristic of the varactor diode. The varactor must not be forward biased because it cannot tolerate much current flow. Proper circuit design prevents the application of forward bias.

Figure 2-15A. - Varactor symbol and schematic. SCHEMATIC SYMBOL
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Figure 2-15B. - Varactor symbol and schematic. SIMPLIFIED CIRCUIT
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Notice the simplicity of operation of the circuit in figure 2-16. An af signal that is applied to the input results in the following actions: (1) On the positive alternation, reverse bias increases and the dielectric (depletion region) width increases. This decreases capacitance which increases the frequency of the oscillator. (2) On the negative alternation, the reverse bias decreases, which results in a decrease in oscillator frequency.

Figure 2-16. - Varactor fm modulator.
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Many different fm modulators are available, but they all use the basic principles you have just studied. The main point to remember is that an oscillator must be used to establish the reference (carrier) frequency. Secondly, some method is needed to cause the oscillator to change frequency in accordance with an AF signal. Anytime this can be accomplished, we have a frequency modulator.

To perform frequency demodulation we require 2-port device that produces an output signal with amplitude directly proportional to the instantaneous frequency of a FM wave used as the input signal.

Detection of FM waves:

FM detectors –

Slope detector 

Balanced Slope detector(Travis detector, Triple-tuned-discriminator) 

Phase discriminator (Foster seeley discriminator or center-tuned discriminator)

Ratio detector 

PLL demodulator and 

Quadrature detector 

The Slope detector, Balanced Slope detector, Foster seeley discriminator, and Ratio detector are one forms of tuned –circuit frequency discriminators. 

Tuned circuit discriminators convert FM to AM and then demodulate the AM envelope with conventional peak detectors. 
Disadvantages of slope detector – poor linearity, difficulty in tuning, and lack of provisions for limiting. 
A Balanced slope detector is simply two single ended slope detectors connected in parallel and fed 180o out of phase. 
Advantage of Foster-seeley discriminator: output voltage-vs-frequency deviation curve is more linear than that of a slope detector, it is easier to tune. 
Disadvantage of Foster-seeley discriminator: a separate limiter circuit must precede it. 
Advantage of Ratio detector over Foster seeley discriminator: it is relatively immune to amplitude variations in its input signal. 
FM DETECTORS:

FM detectors convert the frequency variations of the carrier back into a replica of the original modulating signal. There are 5 basic types of FM detectors:


Slope detector 

Foster-Seely Discriminator 

Ratio Detector 

Quadrature Detector 

Phase-Locked Loop (PLL) detector 

1. SLOPE DETECTOR

The slope detector is the simplest type of FM detector. A schematic diagram of a slope detector appears below:
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The operation of the slope detector is very simple. The output network of an amplifier is tuned to a frequency that is slightly more than the carrier frequency + peak deviation. As the input signal varies in frequency, the output signal across the LC network will vary in amplitude because of the band pass properties of the tank circuit. The output of this amplifier is AM, which can be detected using a diode detector.


The circuit shown in the diagram above looks very similar to the last IF amplifier and detector of an AM receiver, and it is possible to receive NBFM on an AM receiver by detuning the last IF transformer. If this transformer is tuned to a frequency of approximately 1 KHz above the IF frequency, the last IF amplifier will convert NBFM to AM.


In spite of its simplicity, the slope detector is rarely used because it has poor linearity. To see why this is so, it is necessary to look at the expression for the voltage across the primary of the tuned transformer in the sloped detector:

The voltage across the transformer's primary winding is related to the square of the frequency. Since the frequency deviation of the FM signal is directly proportional to the modulating signal's amplitude, the output of the slope detector will be distorted. If the bandwidth of the FM signal is small, it is possible to approximate the response of the slope detector by a linear function, and a slope detector could be used to demodulate an NBFM signal


2.  FOSTER-SEELY DISCRIMINATOR

The Foster-Seely Discriminator is a widely used FM detector. The detector consists of a special center-tapped IF transformer feeding two diodes. The schematic looks very much like a full wave DC rectifier circuit. Because the input transformer is tuned to the IF frequency, the output of the discriminator is zero when there is no deviation of the carrier; both halves of the center tapped transformer are balanced. As the FM signal swings in frequency above and below the carrier frequency, the balance between the two halves of the center-tapped secondary are destroyed and there is an output voltage proportional to the frequency deviation.
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The discriminator has excellent linearity and is a good detector for WFM and NBFM signals. Its major drawback is that it also responds to AM signals. A good limiter must precede a discriminator to prevent AM noise from appearing in the output.


3. RATIO DETECTOR

The ratio detector is a variant of the discriminator. The circuit is similar to the discriminator, but in a ratio detector, the diodes conduct in opposite directions. Also, the output is not taken across the diodes, but between the sum of the diode voltages and the center tap. The output across the diodes is connected to a large capacitor, which eliminates AM noise in the ratio detector output. The operation of the ratio detector is very similar to the discriminator, but the output is only 50% of the output of a discriminator for the same input signal.
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Phase-locked loop 
A phase-locked loop or phase lock loop (PLL) is a control system that generates an output signal whose phase is related to the phase of an input signal. While there are several differing types, it is easy to initially visualize as an electronic circuit consisting of a variable frequency oscillator and a phase detector. The oscillator generates a periodic signal. The phase detector compares the phase of that signal with the phase of the input periodic signal and adjusts the oscillator to keep the phases matched. Bringing the output signal back toward the input signal for comparison is called a feedback loop since the output is 'fed back' toward the input forming a loop

Keeping the input and output phase in lock step also implies keeping the input and output frequencies the same. Consequently, in addition to synchronizing signals, a phase-locked loop can track an input frequency, or it can generate a frequency that is a multiple of the input frequency. These properties are used for computer clock synchronization, demodulation, and frequency synthesis.

Phase-locked loops are widely employed in radio, telecommunications, computers and other electronic applications. They can be used to demodulate a signal, recover a signal from a noisy communication channel, generate a stable frequency at multiples of an input frequency (frequency synthesis), or distribute precisely timed clock pulses in digital logic circuits such as microprocessors. Since a single integrated circuit can provide a complete phase-locked-loop building block, the technique is widely used in modern electronic devices, with output frequencies from a fraction of a hertz up to many Giga hertz.
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UNIT-IV
NOISE

Introduction
[image: image145.emf]Channel noise in Communication System

In communication systems message signal travels from the transmitter to the receiver via a channel.

The channel introduces additive noise in the message and hence, the message reaching the receiver becomes corrupted.

Figure of merit is defined as the ratio of output signal to noise ratio to input signal to noise ratio of a receiver.
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Calculation of figure of merit for various communication systems:

(i) Channel noise is additive: It is assumed that interference effect of noise is obtained by simple addition of signal f and noise 
(ii) Channel noise is white and Gaussian: Channel noise is white in nature (i.e. uniformly distributed over the entire band of frequencies under consideration.

Therefore power density spectrum of the noise is uniform over the frequency band under consideration.

Total noise power N is obtained by multiplying the noise power density spectrum with bandwidth N bandwidth

Band pass noise at the input of Detector:

The first stage of every receiver is a tuned circuit that act as band pass filter. This filter allows only the narrow band signal centered about carrier frequency  and rejects other frequencies.

Therefore noise lying outside this band is also rejected.

The bandwidth of the noise at the demodulator is same as that of modulated signal.

The white noise at the input of the detector has a constant power density spectrum over the passband.

The Power density is given by [image: image147.png]S, =n/2




(iv) The input noise power Ni : for evaluating the figure of merit, the input noise

power Ni is determined for baseband i.e., 2 f m Hz.

[image: image148.emf]
Power density spectrum of Band pass white noise
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(1)

The equation (1) is taken as reference input noise power for evaluating of various AM and FM receivers.
or

Noise in analog communication system model

Accordingly, for the performance analysis of different modulation types in the presence of noise, we will be limiting the transmitter to the modulator only and the receiver to a filter followed by the demodulator. To accommodate the channel noise, the new communication system model is shown in Fig 1

Let ST be the transmitted signal power. We assume that the noise corrupting the signal in the channel is additive and, unless otherwise specified, is white.

[image: image150.emf]
Fig 1 communication system model

We assume that the channel is all pass and of unity gain so that the input signal to the band pass filter at the receiver is the transmitted (modulated) signal plus channel noise. The receiver band pass filter is also assumed to be of unity gain and having a pass band corresponding to the frequency band of the received modulated signal. Hence, the modulated signal passes through the filter unchanged while the channel noise gets converted to band pass noise.

Let us denote

Si = useful signal power at the input of the demodulator

So = useful signal power at the output of the demodulator

Ni = noise power at the input of the demodulator and

N0 = noise power at the output of the demodulator

In analog communication systems, the quality of the received signal is determined

by the output SNR,[image: image151.png]


for a given transmitted power, ST. However, since Si is more accessible, and also given the fact that it is proportional to ST, it is common to determine

[image: image152.png]


for a given Si. A useful of merit is the difference (in dB) between[image: image153.png]


and [image: image154.png]



The simplest communication system one can think of is the baseband system. This serves as the basis for comparing the performance of different systems. In baseband communication, no modulation is involved. Both the transmitter and the receiver are simple ideal low pass filters with bandwidth fm. Again, the channel is assumed to be distortion less and having unity gain. The baseband system is shown in Fig 2.

[image: image155.emf]
Fig 2 The baseband system

Since channel gain is unity, we have: Si = ST

To find the output noise power No, we observe that white noise from the channel passes through an ideal low pass filter (receiver) to yield an output noise with a low pass PSD as given in Fig 3

[image: image156.emf]
Fig 3 low pass PSD

The output noise power, No, is simply the area under the PSD. Hence,
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Therefore
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The parameter [image: image159.png]


denotes the baseband signal to noise ratio. In this system, the out of band noise has been removed by filtering. The result will serve as the standard for comparing the performance of the other systems.

Noise in DSBSC

A DSB-SC receiver can be modeled as a band pass filter followed by a coherent (synchronous) detector as shown in Fig 1. Assume that the band pass filter is ideal with unity gain and that its passband corresponds to the modulated signal frequency range.

[image: image160.emf]
Fig.1 coherent (synchronous) detector.

The (modulated ) signal plus white noise enters the receiver input. The signal is unchanged upon filtering whereas the white noise nw(t), gets converted to band pass noise n(t). The output of the band pass filter is the input to the demodulator yi(t), and is given

by;

yi(t) = Acm(t)coswct + n(t) 







(1)

Clearly, from Eq (1), the input signal component is Si(t) = Acm(t)coswct. Hence,the signal power at the demodulator input is given by the mean square value of Si(t);
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     (2)

Note that, the factor is due to the mean square value of the cosine term.

From Eq (1), the demodulator input noise power Ni, is the mean square value of the bandpass noise n(t). Since the pass band of the band pass filter is from wc - wm to wc + wm, the PSD of n(t) is the same as in Fig .2
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Fig.2 PSD of band passes white noise

Hence;
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(3)

To find the output signal power So, and output noise power No, we have to obtain the expression for the output of the low pass filter, y0(t). Clearly,

[image: image164.png]Yo(t) = LPF {yi(t) X cosodt}







                    (4)

Where LPF has been used to denote the low pass filtering operation For yi(t), we use Eq (1) and write the band pass noise n(t) in terms of its quadrature representation. Thus, Eq (4) becomes:
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The output of the low pass filter is
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(5)

From Eq (5), the useful output signal component is [image: image167.png]S, (= %‘m(t)



and the noise component is [image: image168.png]n.(
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. We observe that the noise at the detector output involves the in-phase component only.

Hence, the output signal power is:
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(6)
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(7)

Where we have used Eq.(8)
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(8)

From Eqs 2 and (6) we see that [image: image172.png]1
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 Similarly, from Eqs (3) and (7) we

Have [image: image173.png]


.Hence

[image: image174.png]









(9)
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(10)

Comparing Eqs (9) and (10) we see that, for a given demodulator input signal power and identical noise conditions in the channel, the noise performance of a DSB-SC system is identical to that of the reference baseband system.

[image: image176.png]Sn(w)

e

2em

-we

we





OR
Noise calculation for various AM systems:
The performance of various Amplitude modulated systems can be studied by evaluating their individual figure of merit.

DSB-SC : The DSB-SC systems uses synchronous detection at the receiver.

[image: image177.emf]
Noise Power:

The input noise power N i F m.

Now we will evaluate the noise power 0 N at the input of the synchronous detector .The noise of the input to the synchronous detector is a Band pass noise given by 
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Where nc is in-phase and  is quadrature components of  with respect to the carrier.

This signal is multiplied by in the synchronous detector. The multiplied signal nd is given by
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The noise signal n is passed through a LPF and the terms [image: image180.png]%nc (t)cos2at — %nr (¢)sin2a,r



centered near are filtered out by the LPF.

The noise power appear at the output of synchronous detector is [image: image181.png]nt)=5n0)




Since the power density spectrum is proportional to mean square value of the signal.

The power density spectrum of the noise is [image: image182.png](@)
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(2)

Since power density spectrum of Ni is [image: image184.png]o




So, [image: image185.png]









(3)

Substitute equation (3) in equation (2)
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The bandwidth of the Band pass noise at the output of the detector is 2 f m Hence, the output noise power N0  is given by
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Signal Power: The modulated signal at the input of the detector is The input signal power is mean square of f .
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The signal voltage at the output of the detector is 

Signal power at the output of the detector is [image: image190.png]
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Thus the figure of merit is one (unity).

S/N ratios at the input and output of the detector is identical and there is no improvement in S/N ratio.

Noise in SSB

To obtain the noise performance of an SSB-SC system, we have to first draw the model for the SSB receiver. We recall that an SSB-SC signal is demodulated similar to DSB-SC, by using a coherent (synchronous) detector. Hence, the model of an SSB receiver in the presence of additive channel noise will be the same as that for the DSB-SC receiver with the difference that the input band pass filter will now have a bandwidth of

Wm corresponding to the single sideband and not 2Wm as in the case of DSB-SC.Hence, the passband of the receiver input bandpass filter for SSB-SC demodulation will be Wc –Wm to Wc for LSB-SSC and Wc to Wc + Wm USB-SSC. Fig 1 shows the SSB-Sc receiver for noise calculation.

[image: image193.emf]
Fig-1 SSB-SC demodulation

The input to the SSB-SC receiver is the SSB-SC signal plus additive white noise. The signal passes through the (ideal) unity gain bandpass filter unchanged whereas the white noise, upon filtering, yields bandpass noise. Hence, the input to the demodulator is :
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The input signal power is the mean square value of
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and given by
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This expression can be simplified by recalling that a function and its Hilbert transform are orthogonal. If m(t) = 0 then m(t) m(t)  .Thus,
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Another useful property is that a function and its Hilbert transform have equal power (verify). Thus is, [image: image198.png]m* (1)
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. Hence, the demodulator input signal power is given by,
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In order to compute the demodulator input noise power, we need to find out the area under the band pass noise PSD. For SSB-SC lower sideband (LSB) transmission, the

Band pass noise PSD is shown in Fig 2.

[image: image200.emf]
Fig-2 PSD of band pass white noise at SSB demodulator input

The demodulator input noise power:
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 (3)

In order to find out the output signal and noise powers, we have to obtain the expression for the demodulator output, y0(t) . From Fig 1
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By using the quadrature representation for n(t), expanding and then eliminating the  terms rejected by the low pass filter, we obtain :
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(3)

Hence, the demodulator output signal power is the mean square value of [image: image204.png]s2(0={ 5 nt)



and is given by:
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(4)

The output noise power is given by
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(5)

From Eq 4 and 5, we obtain the output SNR for SSB-SC as:
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(6)

Hence, we see that, for the same demodulator input signal power, the noise performance of SSB-Sc system as well as DSB-SC system are identical and equal to that of the reference baseband system.

Synchronous Detection

The model of the AM receiver using synchronous detection is the same as that used for the detection of DSB-SC signal as shown in Fig 1

[image: image208.emf]
Fig 1 AM receiver using synchronous detection

The input to the receiver is the conventional AM signal plus noise. yi(t), the output of the

Band pass filter is the signal plus band pass noise:
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(1)

Hence, the demodulator input signal power:

 [image: image210.png]S, = 5.2(0)={A[1+ k,m(0)|cos @1 +nle )] = A 2[1+k,m(r)}
Al

:[T][l +k )+ zkam]:[%z][l +k2mt (z)]




(2)

Since m(t) is assumed to have zero mean.

The noise power at the demodulator input:
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      (3)

In order to find out the output signal and noise powers, we have to obtain the expression for the demodulator output y0(t). From Fig 1
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By Expanding and discarding the terms rejected by the low pass filter, we obtain:
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(4)

The first term on the right-hand side of Eq 5 is a DC term which can be removed by using a blocking capacitor. The desired signal component in y0(t) is [image: image214.png])= 5 Jemte)



 and the noise component in the demodulator output [image: image215.png]


Therefore, the output signal and noise power are:
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(5)

Hence, the output signal-to-noise power ratio for a conventional AM system using synchronous detection is:
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(6)

Eq (6) can be expressed in terms of the input signal power, Si, as:
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The ratio [image: image219.png]R0
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is called the AM transmission efficiency. It is the ratio of the Side band power to the total power in the transmitted signal. Since this ratio is less than unity, we see from Eq (7) that the SNR in conventional AM using synchronous detection is always smaller than  [image: image220.png]


 which is the output SNR in the case of the baseband ( and DSBSC and SSB-SC) systems.

In order to get a feel for the above result, let us consider an AM system operating with a ka of 0.8 and having a normalized message power [image: image221.png]


 which is the typical value for speech signals. Substituting the values of ka and [image: image222.png]


 in Eq 7, we obtain
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101og10(0.06)=-12dB. Hence, this system is about 12dB inferior to the ideal system requiring the same bandwidth.

Envelope Detection:-

We recall that what kept conventional AM going in spite of its poor noise performance is its simple receiver advantage (envelope detector). The noise calculation model of an AM receiver using envelope detection is shown in Fig 2

[image: image224.emf]
Fig 2 AM receiver using Envelope detector

The only difference between this model and the earlier one using synchronous detection is in the demodulator. Hence, the expressions for yi(t), Si, and Ni are the same as before and are given below for convenience:
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And

To obtain the signal and noise powers at the demodulator output, we obtain the envelope of yi(t) as follows:
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                 (8)

Equation (8) is of the form A(t)cosθ(t) + B(t)sinθ(t), where
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Hence yi(t) can be written in terms of the envelope and phase angle as yi(t) = E(t)cos[ωct. + θ(t)], where the envelope  [image: image228.png]E(t)=A®) +B(r)



and the phase angle is [image: image229.png]


. The envelope detector is insensitive to the carrier phase and detects only the envelope of the input signal. Hence, the ideal envelope detector output is:
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           (9)

In order to interpret Eq 9, let us consider two kinds of noise situation: low noise and high noise. For low noise in the demodulator input yi(t), the signal component si(t), is large compared to the noise component ni(t). That is [image: image231.png]A [1+k,m(t)]>> |n, (t)



 . For high noise, the noise component in yi(t) is large compared to the signal component. That is;
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. Let us consider the two cases separately.

Low Noise (High SNR):-


For [image: image233.png]Al +k,m(t)|>>|n,(t).|n, (2)



, Eq (9) reduces to:
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(10)
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The output of the envelope detector is given by Eq (11). The first term Ac on the right hand side is a DC term which can be blocked by a capacitor. The second term [image: image236.png]Ak mlt)



 is the useful signal component in the demodulator output and the third term nc(t) represents the noise component. Hence, the output signal and noise powers are given by
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Therefore, the output signal-to-noise power ratio is given by
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The right-hand side of Eq (!4) can be expressed in terms of the input signal power

[image: image239.png]as follows:
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(15)

This result is identical to Eq (8) obtained for synchronous detection of AM.

Hence, for low noise, the performance of the envelope detector is identical to that of the synchronous detector.

High-noise (Low SNR):-
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Using the approximation [image: image243.png]«/I:x:(Hg] for [x] <<1



 in the second square root on the right-hand side, Eq (16) reduces to:
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Clearly, at the demodulator output, the signal and noise components are no longer additive. Since the signal component is multiplied by noise, it can no longer be recovered. The phenomenon of distortion of the message signal at low input SNR is

called the threshold effect.

NOISE IN PHASE MODULATED SYSTEMS

If an FM demodulator is used to receive a PM signal, it yields the output [image: image245.png]dmlt)
dt





By passing this output through an ideal integrator, we obtain the desired signal m(t) as shown in Fig 1.

[image: image246.emf]
Fig 1 Generation of Phase modulated signal using Frequency modulator
[image: image247.emf]
Fig 2.PM demodulator using FM receiver

Recall the expression for the PM signal
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(1)

Hence, the normalized input signal power,
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(2)

The input noise power is the noise power within a bandwidth of and is given by
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(3)

The instantaneous frequency of the PM signal is:

[image: image251.png]





(4)

Recall the FM receiver output is proportional to the instantaneous frequency.

Hence, the FM receiver output[image: image252.png]



Note that the first term above is a DC component. Hence, the signal component at the output of the FM receiver is [image: image253.png]


.This component is integrated ( see Fig 2) to obtain the FM receiver output [image: image254.png]s, (t)=ck ,mlt)



. Hence, the PM receiver output signal power is:
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(5)

Recall from Eq [image: image256.png]


that, for the small-noise case, the noise at the output of the FM receiver is:[image: image257.png]



Upon integration, this gives the noise at the output of the PM receiver
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(6)

Hence, the PSD of this output noise is given by:
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Assuming white noise (PSD), we obtain
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(7)

Notice from Eq (7) that the output noise for PM has a uniform PSD. This is in contrast to FM where the output noise PSD has a parabolic spectrum. Hence, there is no need for pre-emphasis and de-emphasis in PM systems.

The output noise power is obtained as the area under the output noise PSD:
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(8)

Using Eqs (5) and (8), the output SNR for the PM receiver is given by:
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
Pre-emphasis & De-emphasis

The noise triangle showed that noise has a greater effect on the higher modulating frequencies than on the lower ones. Thus, if the higher frequencies were artificially boosted at the transmitter and correspondingly cut at the receiver, improvement in noise

immunity could be excepted. This boosting of the higher modulating frequencies, in accordance with a prearranged curve, is termed pre-emphasis, and the compensation at the receiver is called de-emphasis. An example of a circuit used for each function is

shown in Fig 1 a)Pre-emphasis b)De-emphasis circuit.

If two modulating signals have the same initial amplitude, and one of them is  pre emphasized to (say) twice this amplitude, whereas the other is unaffected (being at a

much lower frequency), then the receiver will naturally have to de-emphasize the first

[image: image263.emf]
         Fig 1 a)Pre-emphasis 




          Fig 1 b)De-emphasis circuit

signal by a factor of 2, to ensure that both signals have the same amplitude in the output of the receiver. Before demodulation i.e, while susceptible to noise interference the emphasized signal had twice the deviation it would have had without pre-emphasis, and was thus more immune to noise. Alternatively, it is seen that when this signal is de
emphasized any noise sideband voltages are de-emphasized with it, and therefore have a correspondingly lower amplitude than they would have had without emphasis; again,

their effect on the output is reduced.

The amount of pre-emphasis in U.S. FM broadcasting, and in the sound transmissions accompanying television, has been standardized at 75 μs, whereas a number of other services, notably CCIR and Australian TV sound transmission, use 50M μs. The usage of microseconds for defining emphasis is standard. A 75-μs de-emphasis corresponds to a frequency response curve that is 3dB down at the frequency whose time constant RC is 75 μs. This frequency is given by f 1/2RC and is therefore 2120Hz  with 50-μs de-emphasis it would have been 3180 Hz. Fig 2 shows pre-emphasis and de emphasis curves for a 75-μs emphasis, an used in the United States.

It is a little more difficult to estimate the benefits of emphasis than it is to evaluate the other FM advantages, but subjective BBC tests with 50 μs give a figure of about 4.5 dB; American tests have shown an even higher figure with 75 μs. However, there is a danger that must be considered; the higher modulating frequencies must not be over emphasized. The curves of Fig 2 show that a 15-KHz signal is pre-emphasized by about 17 dB; with 50 μs this figure would have been 12.6 dB. IT must be made certain that when such boosting is applied, the resulting signal cannot over modulate the carrier by exceeding the 75-KHZ deviation, or distortion will be introduced. It is thus seen that a limit for pre-emphasis exits, and any practical value used is always a compromise between protection for high modulating frequencies on the one hand, and the risk of over modulation on the other.

If emphasis is applied to amplitude modulation, some improvement will also result, but it is not as great as in FM because the highest modulating frequencies in AM

are no more affected by noise than any others. A part from that, it would be difficult to introduce pre-emphasis and de-emphasis in existing AM services since extensive modification would be needed, particularly in view of the huge number of receivers in use.

or

In the fm transmission, a small amount of energy is contained in the high frequency position of the audio spectrum. Due to this, the deviation at these high frequencies is far less than the maximum allowable value. The corresponding bandwidth requirement is correspondingly less than the allowable total. In fact, the relative high frequency amplitudes are so low. Hence a circuit called pre-emphasis as shown below is used to raise the signal strength relatively at high frequency wrt the tube and circuit noise. This provides uniform distribution over the entire audio spectrum.

Figure

[image: image264.png]


 

Due to this, noise spectrum introduced at the receiver does occupy the entire FM bandwidth as the spectrum is proportional to f2. Hence at the discriminator in the receiver, high frequency components are de-emphasized to restore the original signal

power distribution. This is exactly inverse operation to the performed to the preemphasis  at the transmission this can be achieved with simple low pass RC circuit as explained below.
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UNIT V



RECEIVERS&PULSE MODULATION


Introduction

This unit centers on basic principles of the super heterodyne receiver. In the article, we will discuss the reasons for the use of the super heterodyne and various topics which concern its design, such as the choice of intermediate frequency, the use of its RF stage, oscillator tracking, band spread tuning and frequency synthesis. Most of the information is standard text book material, but put together as an introductory article, it can provide somewhere to start if you are contemplating building a receiver, or if you are considering examining specifications with an objective to select a receiver for purchase.

TRF Receiver

Early valve radio receivers were of the Tuned Radio Frequency (TRF) type consisting of one or a number of tuned radio frequency stages with individual tuned circuits which provided the selectivity to separate one received signal from the others. A typical receiver copied from a 1929 issue of "The Listener In" is shown in Figure 1. Tuned circuits are separated by the radio frequency (RF) amplifier stages and the last tuned circuit feeds the AM detector stage. This receiver belongs to an era before the introduction of the screen grid valve and it is interesting to observe the grid-plate capacity neutralization applied to the triode RF amplifiers to maintain amplifier stability. In these early receivers, the individual tuning capacitors were attached to separate tuning dials, as shown in Figure 2, and each of these dials had to be reset each time a different station was selected. Designs evolved for receivers with only one tuning dial, achieved by various methods of mechanical ganging the tuning capacitors, including the ganged multiple tuning capacitor with a common rotor shaft as used today.

The bandwidth of a tuned circuit of given Q is directly proportional to its operational frequency and hence, as higher and higher operating frequencies came into use, it became more difficult to achieve sufficient selectivity using the TRF Receiver system.


FIGURE: AM RECEIVER

The Super Heterodyne Principle

The super heterodyne (short for supersonic heterodyne) receiver was first evolved by Major Edwin Howard Armstrong, in 1918. It was introduced to the market place in the late 1920s and gradually phased out the TRF receiver during the 1930s.

The principle of operation in the super heterodyne is illustrated by the diagram in Figure 4. In this system, the incoming signal is mixed with a local oscillator to produce sum and difference frequency components. The lower frequency difference component called the intermediate frequency (IF), is separated from the other components by fixed tuned amplifier stages set to the intermediate frequency. The tuning of the local oscillator is mechanically ganged to the tuning of the signal circuit or radio frequency (RF) stages so that the difference intermediate frequency is always the same fixed value. Detection takes place at intermediate frequency instead of at radio frequency as in the TRF receiver.

[image: image266.png]



Use  of  the  fixed  lower  IF  channel  gives  the  following  advantages:

1. For a given Q factor in the tuned circuits, the bandwidth is lower making it easier to achieve the required selectivity.

2. At lower frequencies, circuit losses are often lower allowing higher Q factors to be achieved and hence, even greater selectivity and higher gain in the tuned circuits.

3. It is easier to control, or shape, the bandwidth characteristic at one fixed frequency. Filters can be easily designed with a desired band pass characteristic and slope characteristic, an impossible task for circuits which tune over a range of frequencies.

4. Since the receiver selectivity and most of the receiver pre-detection gain, are both controlled by the fixed IF stages, the selectivity and gain of the super heterodyne receiver are more consistent over its tuning range than in the TRF receiver.

Second Channel or
 Image frequency
One problem, which has to be contended within the super heterodyne receiver, is its ability to pick up a second or imago frequency removed from the signal frequency by a value equal to twice the intermediate frequency.

To illustrate the point, refer Figure 5. In this example, we have a signal frequency of 1 MHz which mix to produce an IF of 455kHz. A second or image signal, with a frequency equal to 1 MHz plus (2 x 455) kHz or 1.910 MHz, can also mix with the 1.455 MHz to produce the 455 kHz.
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Figure : An illustration of how image frequency provides a second mixing product.

Reception of an image signal is obviously undesirable and a function of the RF tuned circuits (ahead of the mixer), is to provide sufficient selectivity to reduce the image sensitivity of the receiver to tolerable levels.

Choice of Intermediate Frequency:

Choosing a suitable intermediate frequency is a matter of compromise. The lower the IF used, the easier it is to achieve a narrow bandwidth to obtain good selectivity in the receiver and the greater the IF stage gain. On the other hand, the higher the IF, the further removed is the image frequency from the signal frequency and hence the better the image rejection. The choice of IF is also affected by the selectivity of the RF end of the receiver. If the receiver has a number of RF stages, it is better able to reject an image signal close to the signal frequency and hence a lower IF channel can be tolerated.

Another factor to be considered is the maximum operating frequency the receiver. Assuming Q to be reasonably constant, bandwidth of a tuned circuit is directly proportional to its resonant frequency and hence, the receiver has its widest RF bandwidth and poorest image rejection at the highest frequency end of its tuning range.

A number of further factors influence the choice of the intermediate frequency:

1. The frequency should be free from radio interference. Standard intermediate frequencies have been established and these are kept dear of signal channel allocation. If possible, one of these standard frequencies should be used.

2. An intermediate frequency which is close to some part of the tuning range of the receiver is avoided as this leads to instability when the receiver is tuned near the frequency of the IF channel.

3. Ideally, low order harmonics of the intermediate frequency (particularly second and third order) should not fall within the tuning range of the receiver. This requirement cannot always be achieved resulting in possible heterodyne whistles at certain spots within the tuning range.

4. Sometimes, quite a high intermediate frequency is chosen because the channel must pass very wide band signals such as those modulated by 5 MHz video used in television. In this case the wide bandwidth circuits are difficult to achieve unless quite high frequencies are used.

5. For reasons outlined previously, the intermediate frequency is normally lower than the RF or signal frequency. However, there we some applications, such as in tuning the Low Frequency (LF) band, where this situation could be reversed. In this case, there are difficulties in making the local oscillator track with the signal circuits.

Some modern continuous coverage HF receivers make use of the Wadley Loop or a synthesized VFO to achieve a stable first oscillator source and these have a first intermediate frequency above the highest signal frequency. The reasons for this will be discussed later.

Standard  intermediate  frequencies
Various Intermediate frequencies have been standardized over the years. In the early days of the super heterodyne, 175 kHz was used for broadcast receivers in the USA and Australia. These receivers were notorious for their heterodyne whistles caused by images of broadcast stations other than the one tuned. The 175 kHz IF was soon overtaken by a 465 kHz allocation which gave better image response. Another compromise of 262 kHz between 175 and 465 was also used to a lesser extent. The 465 kHz was eventually changed to 455 kHz, still in use today.

In Europe, long wave broadcasting took place within the band of 150 to 350 kHz and a more suitable IF of 110 kHz was utilized for this band.

The IF of 455 kHz is standard for broadcast receivers including many communication receivers. Generally speaking, it leads to poor image response when used above 10 MHz. The widely used World War 2 Kingsley AR7 receiver used an IF of 455 kHz but it also utilized two RF stages to achieve improved RF selectivity and better image response. One commonly used IF for shortwave receivers is 1.600 MHz and this gives a much improved image response for the HF spectrum.

Amateur band SSB HF transceivers have commonly used 9 MHz as a receiver intermediate frequency in common with its use as a transmitter intermediate frequency. This frequency is a little high for ordinary tuned circuits to achieve the narrow bandwidth needed in speech communication; however, the bandwidth in the amateur transceivers is controlled by specially designed ceramic crystal filter networks in the IF channel.

Some recent amateur transceivers use intermediate frequencies slightly below 9 MHz. A frequency of 8.830 MHz can be found in various Kenwood transceivers and a frequency of 8.987.5 MHz in some  transceivers. This change could possibly be to avoid the second harmonic of the IF falling too near the edge of the more recently allocated 18 MHz WARC band. (The edge of the band is 18.068 MHz).

General coverage receivers using the Wadley Loop, or a synthesized band set VFO, commonly use first IF channels in the region of 40 to 50 MHz

An IF standard for VHF FM broadcast receivers is 10.7 MHz In this case, the FM deviation used is 75 kHz and audio range is 15 kHz. The higher IF is very suitable as the wide bandwidth is easily obtained with good image rejection. A less common IF is 4.300 MHz believed to have been used in receivers tuning the lower end of the VHF spectrum.

As  explained  earlier,  a  very  high  intermediate  frequency  is  necessary  to achieve the wide bandwidth needed for television and the standard in Australia is the frequency segment of 30.500 to 30.600 MHZ


Multiple Conversion Super Heterodyne Receiver

In receivers tuning the upper HF and the VHF bands, two (or even more) IF channels are commonly used with two (or more) stages of frequency conversion. The lowest frequency IF channel provides the selectivity or bandwidth control that is needed and the highest frequency IF channel is used to achieve good Image rejection. A typical system used in two meter FM amateur transceivers is shown in Figure 6. In this system, IF channels of 10.7 MHz and 455 kHz are used with double conversion. The requirement Is different to that of the wideband FM broadcasting system as frequency deviation is only 5 kHz with an audio frequency spectrum limited to below 2.5 kHz. Channel spacing is 25 kHz and bandwidth is usually limited to less than 15 kHz so that the narrower bandwidth 455 kHz IF channel is suitable.
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Figure: Receiver using Double Conversion.
Some modern HF SSB transceivers use a very high frequency IF channel such as 50 MHz. Combined with this, a last IF channel of 455 KHz is used to provide selectivity and bandwidth control. Where there is such a large difference between the first and last intermediate frequency, three stages of conversion and a middle frequency IF channel are needed. This is necessary to prevent on image problem initiating in the 50 MHz IF channel due to insufficient selectivity in that channel. For satisfactory operation, the writer suggests a rule of thumb that the frequency ratio between the RF channel and the first IF channel, or between subsequent IF channels, should not exceed a value of 10.

The RF Amplifier

A good receiver has at least one tuned RF amplifier stage ahead of the first mixer. As discussed earlier, one function of the RF stage is to reduce the image frequency level into the mixer. The RF stage also carries out a number of other useful functions:

1. The noise figure of a receiver is essentially determined by the noise generated in the first stage connected to the aerial system. Mixer stages are inherently more noisy than straight amplifiers and a function of the RF amplifier is to raise the signal level into the mixer so that the signal to noise ratio is determined by the RF amplifier characteristics rather than those of the mixer. 

2. There is generally an optimum signal Input level for mixer stages. If the signal level is increased beyond this optimum point, the levels of inter modulation products steeply increase and these products can cause undesirable effects in the receiver performance. If the signal level is too low, the signal to noise rate will be poor. A function of the RF amplifier is to regulate the signal level into the mixer to maintain a more constant, near optimum, level. To achieve this regulation, the gain of the RF stage is controlled by an automatic gain control system, or a manual gain control system, or both.

3. Because of its non-linear characteristic, the mixer is more prone to cross-modulation from a strong signal on a different frequency than is the RF amplifier. The RF tuned circuits, ahead of the mixer, help to reduce the level of the unwanted signal into the mixer input and hence reduce the susceptibility of the mixer to cross-modulation.
 If, by chance, a signal exists at or near the IF, the RF tuned circuits provide attenuation to that signal.

5. The RF stage provides isolation to prevent signals from the local oscillator reaching the aerial and causing interference by being radiated.

Oscillator Tracking

Whilst the local oscillator circuit tunes over a change in frequency equal to that of the RF circuits, the actual frequency is normally higher to produce the IF frequency difference component and hence less tuning capacity change is needed than in the RF tuned circuits. Where a variable tuning gang capacitor has sections of the same capacitance range used for both RF and oscillator tuning, tracking of the oscillator and RF tuned circuits is achieved by capacitive trimming and padding.

Figure shows a local oscillator tuned circuit (L2, C2) ganged to an RF tuned circuit (Ll,Cl) with Cl and C2 on a common rotor shaft. The values of inductance are set so that at the centre of the tuning range, the oscillator circuit tunes to a frequency equal to RF or signal frequency plus intermediate frequency.


Figure: Tracking Circuit
A capacitor called a padder, in series with the oscillator tuned circuit, reduces the maximum capacity in that tuning section so that the circuit tracks with the RF section near the low frequency end of the band.

Small trimming capacitors are connected across both the RF and oscillator tuned circuits to adjust the minimum tuning capacity and affect the high frequency end of the band. The oscillator trimmer is preset with a little more capacity than the RF trimmer so that the oscillator circuit tracks with RF trimmer near the high frequency end of the band.

Curve A is the RF tuning range. The solid curve B shows the ideal tuning range required for the oscillator with a constant difference frequency over the whole tuning range. Curve C shows what would happen if no padding or trimming were applied. Dotted curve B shows the correction applied by padding and trimming. Precise tracking is achieved at three points in the tuning range with a tolerable error between these points.
Where more than one band is tuned, not only are separate inductors required for each band, but also separate trimming and padding capacitors, as the degree of capacitance change correction is different for each band.

The need for a padding capacitor can be eliminated one band by using a tuning gang capacitor with a smaller number of plates in the oscillator section than in the RF sections. If tuning more than one band, the correct choice of capacitance for the oscillator section will not be the same for all bands and padding will still be required on other bands.

Alignment of the tuned circuits can be achieved by providing adjustable trimmers and padders. In these days of adjustable magnetic cores in the inductors, the padding capacitor is likely to be fixed with the lower frequency end of the band essentially set by the adjustable cores.

OSCILLATOR STABILITY

The higher the input frequency of a receiver, the higher is the first local oscillator frequency and the greater is the need for oscillator stability. A given percentage frequency drift at higher frequencies amounts to a larger percentage drift in IF at the detector. Good stability is particularly important in a single sideband receiver as a small change in signal frequency is very noticeable as a change in the speech quality, more so than would be noticeable in AM or FM systems.

Frequency stability in an oscillator can be improved by care in the way it is designed and built. Some good notes on how to build a stable variable frequency oscillator were prepared by Draw Diamond VK3XU, and published in Amateur Radio, January 1 1998.

One way to stabilize a receiver tunable oscillator is to use an automatic frequency control (AFC) system. To do this, a frequency discriminator can be operated from the last IF stage and its output fed back via a low pass filter (or long time constant circuit) to a frequency sensitive element in the oscillator. Many of today's receivers and transceivers also make use of phase locked loop techniques to achieve frequency control.

Where there are several stages of frequency conversion and the front end is tuned, the following oscillator stages, associated with later stage conversion, are usually fixed in frequency and can be made stable by quartz crystal control. In this case, receiver frequency stability is set by the first oscillator stability.

One arrangement, which can give better stability, is to crystal lock the first oscillator stage but tune the first IF stage and second oscillator stage as shown in Figure. In this case, the RF tuned circuits are sufficiently broadband to cover a limited tuning range (such as an amateur band) but selective enough to attenuate the image frequency and other possible unwanted signals outside the tuning range. This is the method used when a converter Is added to the front end of a HF receiver to tune say the two meter band.

The RF circuits in the converter are fixed, the converter oscillator is crystal locked and the HF receiver RF and first oscillator circuits become the tunable first IF stage and second tunable oscillator, respectively. Since the HF receiver tunable oscillator is working at a lower frequency than the first oscillator in the converter, the whole system is inherently more stable than if the converter oscillator were tuned. As stated earlier, the system is restricted to a limited tuning range and this leads to a discussion on band spread tuning and other systems incorporating such ideas as the Wadley Loop.
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Figure 9: Tuning at the First IF and Second Heterodyne Oscillator Level.

Time Division Multiplexing (TDM): 

  Time  division  multiplexing  (TDM)  is  a  technique  by  which  several  message signals can be transmitted on a single channel in different time slots in the time domain. The concept of TDM arrives from sampling theorem. 

  The  sampling  theorem  states  that,  if  the  sampling  rate  in  any  pulse  modulation system exceeds twice the maximum signal frequency,  the original signal can be reconstructed in the receiver with minimal distortion. During the transmission, the message samples  occupy the  transmission  channel for only a fraction of the sampling interval on a periodic basis. In this way some of the time interval between adjacent samples is cleared for use by other independent message sources on a time shared basis. Here, each input message signal is first restricted in bandwidth by low pass filter to remove the unnecessary frequencies. 

  The low pass filter outputs are then applied to a commutator as shown in fig. The function of the commutation is two fold: 

i. To take a narrow sample of each of the N input messages at a rate 1/TS that is slightly higher  

   than 2W, and 

ii. To essentially interleave these N samples inside a sampling interval TS. 
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Following the commutation process, the multiplexed signal is applied to a phase modulator. Pulse modulator transforms  the  multiplexed  signal  into  suitable  form  for transmission over the common channel. 

At  the  receiving  end  of  the  system,  the  received  signal  is  applied  to  a  pulse demodulator which performs the inverse operation of the pulse modulator. The narrow samples produced at the pulse demodulator output are distributed to the appropriate low-pass reconstruction filters by means of Decommutator. Here Decommutator and commutator must operate in synchronism. 

Pulse-amplitude modulation (Pam)

This, the simplest form of pulse modulation, is illustrated in Fig1. It forms an excellent introduction to pulse modulation in general. PAM is a pulse  modulation system in which the  signal  is  sampled  at  regular  intervals,  and  each  sample  is  made  proportional  to the amplitude  of  the  signal  at  the  instant  of  sampling.  The pulses are then either sent  by wire/cable, or else used to modulate a carrier. As is shown in Fig 1.b, the two types are double-polarity  PAM,  which  is  self-explanatory,  and  single-polarity  PAM,  in  which  a fixed dc level is added to the signal, to ensure that the pulses are always positive. As will be seen shortly, the ability to use constant-amplitude pulses is a major advantage of pulse modulation. Since this is certainly not the case here, PAM is not used very often. When it is used, the pulses are made to frequency-modulate the carrier. 
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 Fig 1a) message signal

Fig 1b) double-polarity PAM signal

Fig 1 c) single-polarity PAM signal

It is very easy to generate or demodulate PAM. In a generator, the signal to be converted to PAM is fed to one input of an AND gate. Pulses at the sampling frequency are applied to the other input of the And gate, to open it during the wanted time intervals. The output of the gate then consists of pulses at the sampling rate, equal in amplitude to the signal voltage at each instant.  The pulses are then passed through a pulse-shaping network, which gives them flat tops. As mentioned above, frequency modulation is then employed, so that the system becomes PAM-FM. In the receiver, the pulses are first recovered with a standard FM demodulator. They  are  then  fed  to  an  ordinary  diode  detector,  which  is followed by a low-pass filter. IF the cutoff frequency of this filter is high enough to pass the highest signal frequency, but low enough to remove the sampling frequency ripple, an undistorted replica of the original signal is thus produced. 

Pulse-time modulation (PTM):

In PTM the signal is  sampled as before, but the pulses indicating  instantaneous  sample  amplitudes  themselves  all  have  a  constant  amplitude. However,  one  of  their  timing  characteristics  is  varied,  being  made  proportional  to  the sampled  signal  amplitude  at  that  instant.  The variable characteristic may be the width, position or frequency of the pulses, so that three different types of PTM are possible. The first  two  will  now  be  treated  in  turn,  whereas  pulse-frequency  modulation  has  no significant  practical  applications,  and  so  it  will  be  omitted.  It should be noted that all forms of PTM have the same advantages over PAM as frequency modulation has over amplitude modulation.  In  all  of  them  the  pulse  amplitude  remains  constant,  so  that amplitude limiters can be used to provide a good degree of noise immunity. 

Sampling theorem: This states that, if the sampling rate in any pulse modulation system exceeds twice the maximum signal frequency, the original signal can be reconstructed in the receiver with vanishingly small distortion. The sampling theorem is used in practice to determine minimum sampling speeds.  Consider pulse modulation used for speech. 

Transmission is generally over standard telephone channels, so that the audio frequency range is 300 to 3400 Hz. For this application, a sampling rate of 8000 samples per second is almost a worldwide standard by now,. This pulse rate is, as can be seen, comfortably more than twice the highest audio frequency. The sampling theorem is satisfied, and the resulting system is free from sampling error. 

Pulse Width Modulation

This form of PTM is also often called PDM (pulse-duration modulation) and, less often, PLM (pulse-length modulation).  In  this  system,  as shown  in  Fig  1.a,  we  have  a fixed  amplitude  and  starting  time  of  each  pulse,  but  the  width  of  each  pulse  is  made proportional  to  the  amplitude  of  the  signal  at  that  instant.  In Fig 1, there  may  be  a sequence of signal sample amplitudes of 0.9, 0.5, 0 and -0.4V.These can be represented by pulse widths of 1.9, 1.5, 1.0 and 0.6µs, respectively. The width corresponding to zero amplitude  was  chosen  in  this  system  to  be  1.0s,  and  it  has  been  assumed  that  signal amplitude at this point will vary between the limits of +1V (width = 2 µs) and -1V (width = 0µs). Zero amplitude is thus the average value, and the average pulse width of 1 s has been made to correspond it. In this context, negative pulse amplitude is not possible. It would make the pulse end before it began, as it were, and 
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Fig.1a signal message 

Fig.1b Pulse Width Modulation signal 

Thus it would throw out the timing in the receiver.  IF the pulses  in  a  practical  system have  a  recurrence  rate  of  8000pps,  the  time  between  the  commencement  of  adjoining Analog Communications pulses is 106/8000 = 125 s. This is adequate not only to accommodate the varying widths, but also to permit time-division multiplexing. 

 Pulse-width modulation has the disadvantage, when compared with pulse-position modulation (PPM), which will be treated next, that its pulses are of varying width and therefore of varying  power  content.  This  means  that  the  transmitter  must  be  powerful enough to handle the maximum-width pulses, although the average power transmitted as perhaps  only  half  of  the  peak  power.  On the other hand, PWM will still work if synchronization between transmitter and receiver fails whereas pulse-position modulation will not, as will be seen. 

Generation and demodulation of PWM:  

One of the methods of generation pulse-width modulation  consists  of  applying  trigger  pulses  (at  the  sampling  rate  )  to  control  the starting time of pulses from a monostable multivibrator, and feeding in the signal to be sampled  to  control  the  duration  of  these  pulses.  The  circuit  diagram  of  such  an arrangement is shown in Fig 2. 

 The   emitter-coupled  monostable  multivibrator  of  Fig  2  makes  an  excellent voltage-to-time converter, since its gate width is dependent on the voltage to which the capacitor  C  is  charged.  If  this  voltage  is  varied  in  accordance  with  a  signal  voltage,  a series of rectangular pulses will be obtained, with widths varying as required. Note that the circuit does the twin jobs of sampling and converting the sample into PWM. 

 It will be recalled that the stables state for this type of multivibrator is with T1 OFF and T2 ON. The applied trigger pulse switches T1 ON where upon the voltage at C1 falls as T1 now begins to draw collector current, the B2 follows suit, and T 2 is switched OFF by regenerative action. As soon as this happens, however, C begins to charge up to the Collector supply potential through R.
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Figure-2 Pulse Width Modulation circuit

After a time determined by the supply voltage and the RC time constant of the charging network, B2becomes sufficiently positive to switch T2 ON . T 1 is simultaneously switched OFF by regenerative action, and stays OFF until the arrival of the next trigger pulse. The voltage that the base of T2 must reach to allow T2 to go ON is slightly more positive than the voltage across the common emitter resistor Rk. This voltage depends on the current flowing through, which at the time is the collector current of T 1(which is then ON). The collector current, in turn, depends on the base bias, which  is  governed  by  the  instantaneous  changes  in  the  applied  modulation  voltage controls  the  voltage  to  which  B2 must  rise  to  switch  T2  ON .  Since   this voltage rise is linear, the modulation voltage is seen to control the period of time during which T2 is OFF, that is, the pulse duration.  It  should  be  noted  that  this  pulse  duration  is  very  short compared to even the highest signal frequencies, so that no real distortion arises through changes in signal amplitude while T 2is OFF. The demodulation of pulse-width modulation is quite a simple process. PWM is merely fed to an integrating circuit from which a signal emerges whose amplitude at any time is proportional to the pulse width at that time1. 

Pulse-Position Modulation (PPM)

The amplitude and width of the pulses is kept constant in this system, while the positions of each pulse,  in relation to the position of a recurrent reference  pulse,2  is  varied  by each instantaneous sampled value of the modulating wave.  As mentioned in connection with PWM, pulse-position modulation has the advantage of requiring constant transmitter power output, but the disadvantage of depending on transmitter-receiver synchronization 
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Fig 1 a) Message signal

               b) unmodulated pulses

                                 c) The differentiated pulses d)position of unmodulated pulses

Generation and demodulation of PPM 

Pulse-position modulation may be obtained very simply from PWM, as shown in Fig 1. Considering PWM and its generation again, it is seen that each such pulse has a leading edge and a trailing edge (like any other pulse, of course ). However, in this case the repetition rate of the leading edges is fixed whereas that of  the  trailing  edges  is  not.  Their position depends on  pulse  width,  which  is determined by the signal amplitude at that instant. Thus, it may be said that the trailing edges of PWM  pulses  are,  in  fact,  position-modulated.  The  method  of  obtaining  PPM suggests  itself  immediately:  generation  of  PWM  is  indicated,  following  by  “getting  rid of’ the leading edges and bodies of the PWM pulses. This is surprisingly easy to achieve. 

Fig  1a  and  b  shows,  one  again,  PWM  corresponding  to  a  given  signal.  IF the train of pulses thus obtained is differentiated, then as shown in Fig 1c, another pulse train results. This has positive going narrow pulses corresponding to leading edges and negative-going pulses corresponding to trailing edges, if the position corresponding to the trailing edge of an unmodulated 1pulse is counted as zero displacement, then the other trailing edges will arrive earlier or later. They will therefore have a time displacement other than zero; this  time  displacement  is  proportional  to the  instantaneous  value  of  the  signal  voltage. 

The differentiated pulses corresponding to the leading edges are removed with a diode clipper  or  rectifier,  and  the  remaining  pulses,  as   shown  in  Fig  1d,  are  position modulated.  When PPM is demodulated in the receiver, it is again first converted into PWM; this is done with a  flip-flop,  or  bistable  multivibrator.  One input of the multivibrator receives trigger pulses from a local generator which is synchronized by pulses received from the transmitter, and these triggers are used to switch OFF one of the stages of the flipflop. The PPM pulses are fed to the other base of the flip-flop and switch the given stage ON (actually by switching the other one OFF).  The period of time during  which  this particular stage is OFF depends on the time difference between the two triggers, so that the resulting  pulses  has  a  width  that  depends  on  the  time  displacement  of  each  individual PPM pulse. The resulting PWM pulse train is then demodulated as already described. 

PULSE MODULATION

Pulse time Modulation (PTM): 

  In  PTM,  the  signal  is  first  sampled,  but  the  amplitudes  of  the  pulses corresponding to instantaneous sample amplitudes are constant. One  of  their  timing  characteristics  is  varied  and  is  proportional  to  the  sampled signal amplitude at that instant. The timing characteristic may be either pulse width or pulse position. If  the  width  is  varied  it is  called  PWM  and  if  the  position  is  varied  it  is  called PPM. 

Pulse Width Modulation: 

  Pulse Width Modulation can also be called as pulse duration modulation or pulse length modulation. 
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Figure

  In  this  amplitude  and  starting  time  of  each  pulse  is  constant  and  width  of  each pulse is made proportional to the amplitude of the signal at that instant. In  the  above  fig,  it  is  shown  that  the  widths  of  the  pulses  corresponding  to sequence of signal sample amplitudes. In this context, a negative pulse width is not possible and it would make the pulse end before it began. 

Generation of Pulse Width Modulation: 

  PWM  can  be  generated  by  applying  triggered  pulses  at  the  sampling  rate  to control the starting time of pulses from the monostable multivibrator. And also control the duration of these pulses. The emitter coupled  monostable  multivibrator  of  the following  circuit  diagram makes an excellent voltage-to-time converter. 

  Its gate width is dependent on the voltage to which the capacitor C is changed.  If  the  voltage  is  varied  in  accordance  with  a  signal  voltage,  a  series  for  a rectangular pulses will be produced with varying widths. Assume that the stable state of the monostable multivibrator with Q1OFF and Q2 ON. 
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  Upon the trigger pulse at base (B1) the transistor Q1 switches ON.  Now the  voltage  at  the  collector  C1 of  Q1,  falling  down  and  begins  to  draw collector current.  The voltage  at  B2 also  falling  down  to  C1,  turning  Q2  to  OFF  by  regenerative action. Now the capacitor C begins to change to the supply voltage through r, with a time constant RC.  After some time, the capacitor changes up and B2 becomes sufficiently positive and again the transistor Q2 turned ON. Now Q1 is simultaneously switched OFF by regenerative action and stays in the stable state until the arrival of the next trigger pulse.  The voltage  at  the  base  of  Q2  must  be  at  least  greater  than  the  voltage  across common emitter resistor RK to turn Q2 ON. This depends on the current flowing through collector of Q1 which is turn ON. But collector  current  of  Q1,  in  turn  depends  on  the  base  to  which  modulation signal applied. So the rise in current is proportional to the instantaneous value of the modulating signal. In a roundabout fashion, the supplied modulating voltage controls the voltage at B2 to turn Q2 ON. Since this voltage is linear, the modulation voltage is seen to control the period of time during which Q2 if OFF.   Thus variations in pulse widths appeared. 

Demodulation of PWM: 

  The  PWM  signal  can  be  demodulated  just  by  passing  through  an  integrator  circuit.   Here the amplitude of the integrator output is proportional to the pulse width at that time. 

Frequency division multiplexing

Multiplexing is a technique where by a number of independent signals can be combined into a composite signal suitable for transmission over a common channel. This operation requires that the signals be kept apart so that they do not interfere with each other, and thus they can be separated at the receiving end. This is accomplished by separating the signals either in frequency or in time. The technique of separating the signals in frequency is referred to as frequency-division multiplexing (FDM), whereas the technique of separating the signals in time is called time-division multiplexing (TDM).

A block diagram of an FDM system is shown in Fig 1. The incoming message signals are assumed to be of the low-pass type, but their spectra do not necessarily have nonzero values all the way down to zero frequency. Following each signal input, we have shown a low-pass filter, which is designed to remove high-frequency components that do not contribute significantly to signal representation but are capable of disturbing other message signals that share the common channel. These low-pass filters may be omitted only if the input signals are sufficiently band-limited initially. The filtered signals are applied to modulators that shift the frequency ranges of the signals so as to occupy mutually exclusive frequency intervals. The necessary carrier frequencies, to perform these frequency translations, are obtained from a carrier supply. For the modulation, we may use any one of the processes described in pervious sections of this chapter. 
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Fig 1 Block diagram of Frequency Division Multiplexing system

The most widely used method of modulation in frequency-division multiplexing is single- sideband modulation, which requires a bandwidth that is approximately equal to that of the original message signal. The band-pass filters following the modulators are used to restrict the band of each modulated wave to its prescribed range. The resulting band-pass filter outputs are next combined in parallel to form the input to the common channel. At the receiving terminal, a bank of band-pass filters, with their inputs connected in parallel is used to separate the message signals on a frequency-occupancy basis. Finally, the original message signals are recovered by individual demodulators.

