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Overview

In this article | describe how to shift the spentraf a given signal by a constant
frequency offset. Do not mix this up with a shifttlee pitch by some music
interval, which would mean: "frequency times x". &/lhmean is "frequency plus

Frequency shifting can change the sound drastjaallyeneral, it will convert
harmonic series into an inharmonic one. The exai@ptaind orchestra show
frequency shifter in a delay loop, resulting idanger-like effect which seems to go
in only one direction. Thanks to Sean Costello Whwee me this idea.

Carrier and Sidebands

Frequency shifting is also referred to as singtielsand modulation (SSB). In radio
engineering, SSB is usually interpreted as a spixia of amplitude modulation
(AM). To see why, let us consider the frequencyctjpe First, the original signa

. The spectrum of the unmodulated sinewave “carrier"

—

signa

| . The spectrum of a sample "modulator” signal, 8

—

]
speech signal

Now, to see what sidebands are, let us have adbtile frequency spectra of sc
known AM variants:

¢ (1) "Normal" AM, also called double-sideband
;rrdulatlor o

¢ (2.) Double-sideband modulation with suppressed
cartier o

¢ (3.) Single-sideband modulation (with suppressed
éarrier) o

While (1.) is easiest to realize with an electragircuit, and (2.) is easiest for
csounders, namely a simple multiplication of theieaand the modulator
waveform, (3.) is tricky for both analog electranand digital processing, yet i

the variant we want to have. So, how can it be @dngoarticular, how do we get rid
of the unwanted, in this case the lower, sideband?
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Three Methods

The first method, known as the filter method, is olomuch use for us. It suffe
signal foldover problems at the frequency boundadiand sr/2, which reduces the
usable bandwidth. Small frequency offsets would @& possible with a two step
shift procedure: Filter - shift up - filter - shitown - filter. | will leave out tr

details

The second method, called the phase method, leabdeslwidth constraints. It
based on an exotic phase-shifting filter, callelibétit transformer, which perform:
frequency-independent phase shift of 90 degreest. dduld be realized witr
nonrecursive (FIR) filter of high order, but at #gense of a very high proces:
load. A different, more efficient concept approxtesmthe phase difference between
two signals. It uses two matched recursive (IIR¢fs of moderate order; see

hi | bert opcode reference. Still these filters are difficaldesign, since the phase
difference error is crucial for the suppressiothef unwanted sideband.

The third and least known method, which will bewhdere, was found by Don:i
K. Weaver. This is the block diagre

mm..\/, Frequency “mm\/,
mlhhrl,\-; Shifter ucﬂwz{\-;

low poss fitter
- 4

The scheme is somewhat more complicated than method it only needs
ordinary lowpass filters of moderate order, whiah be designed with any stanc
method. Their phase response is irrelevant. Yowbaose their type and order
according to your needs, the only condition is fftat must use a pair of identi
ones. Besides the two identical filters mentioriedr multipliers and an adder, it
contains two "quadrature oscillators". Now whathiat? A quadrature oscilla
generates a sine wave and a cosine wave with the saguency simultaneous
The difference of the frequencies of the two oatwlts will be the resulting offs
Without shifting, the oscillators will both operatesr/4. To achieve a shift, you
adjust either the first or the second oscillativéguency or both. | will point out t|
differences later.

Development of the Spectra

In the spectrum diagrams that follow | have chabencolours so that they indic
the phase - complementary colours correspond tossfgophases in order to give
you a hint which spectral components will canceheather

90°
il
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So how does Weaver's method produce the frequénity ket us take the followir
input signal and shift it down:

.F
—n

' K2

First, the input signal is multiplied (or modula}edth the first oscillator sign
This shifts it up by half the Nyquist frequencyr&dsand mirrors it:

. Upper branch

—
sH'2

. Lower branch

—_
sH2

Do not worry about all those mirrored and overlagpspectral components - hal
them will be cancelled out later. Next, the filtetg the signal off at half the Nyquist
frequency

| . Upper branch
| —
! sH'Z

‘ . Lower branch

—_
! sH2

Then the signal is multiplied with the second datwk signal. This shifts it down
again by sr/4 plus the offset and mirrors it ac

| . Upper branch

| —

i K2
Lower branch
Lﬂwﬁwﬂ ‘,

The adder is where the mirrored components camofl ether, and the result is
frequency-shifted origine

.L—h
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This is how SSB normally behaves. You can see hewadwer end of the spectrum
is folded around frequency zero. Now look what heaqspif you leave the secc
oscillator at sr/4 but adjust the first oscillatbhere is a different behaviour at
edge of the spectrum where some spectrum contshified off the range [0...sr/2].
Here are all relevant combinations:

] Shift down, normal SSB
| slr.-"?

] Shift down, other variant

>
sH'2

. Shift up, normal SSB

—_
sH2

] Shift up, other variant

—
sH2

| decided to introduce a "shift mode" parametémorph” continuously betwe:
normal SSBKshf node=1) and the other variankgnhf mode=0).

I am sure my lowpass filter design can be improltedas done the "quick a
dirty" way with the tools | could find. You may waio design a better one.
ahead! It should have a cutoff frequency of at niéétof the sampling rate. The
better the filter, the better will be the perforrnapabove all in the bass range.
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