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Phase Vocoder

By J. L. FLANAGAN and R. M. GOLDEN
(Manuseript received July 18, 1966)

A vocoder technique is described in which speech signals are represented
by their short-time phase and amplitude spectra. A complete transmission
system utilizing this approach is simulated on a digital computer. The en-
coding method leads to an economy in transmission bandwidth and o a
means for time compression and expansion of speech signals.

I. INTRODUCTION

Analysis-synthesis methods for speech transmission aim at efficient
encoding of voice signals. A customary approach is to represent sepa-
rately the important features of vocal excitation and tract transmis-
sion.! The well-known channel vocoder of Dudley? derives signals which
fall into this dichotomy. The tract transmission is described by values
of the short-time amplitude spectrum measured at discrete frequencies,
and the excitation is described in terms of the fundamental frequency
of the voice and the voiced-unvoiced character of the signal. Efforts to
solve the long-standing problem of good-quality synthesis from such
fepresentations have centered on adequate analysis and specification of
the excitation data.

One advance in surmounting the difficulties connected with pitch and
\'rml:ed-unvoiccd extraction is the voice-excited vocoder (VEV).* This
lviee relys on transmission of an unprocessed subband of the original
-‘Pm‘(:h to carry the excitation information. The spectral envelope infor-
‘rliitlpn 18 transmitted as in the channel vocoder by a number of slowly-
::31" fllg Signa.ls._Thmugh accurate preservation of exci_.tati‘on details, a

comission of improved quality and modest bandsaving is aghieved.
el Ihe bresent paper proposes another technique for encoding specch to
:ﬁ)::‘f‘ﬁ (:omparjablc band‘saving and a(f(:ept.zablu voice quality. [.u addi-
'”‘Ilt:ns'le Lechmql%e pru’vules.a cec:::vement meansfpr compression and
in ler":ml Of the tlmc.dlmemme The method specifies t-h‘e specj-ch signal
it iy calsl of its short-time aanlltude and phase spectra. For this reason,

ed phase vocoder. Like the VEV, the phase vocoder does not
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require the pitch tracking and voiced-unvoiced switching inhereny in
conventional channel vocoders. Elimination of these dcnision-makin
processes and the transmission of excitation information by D}las(f
derivative signals contribute to improved quality in the synthegiz‘xl
signal.

I1. PRINCIPLES

If a specch signal f(2) is passed through a parallel bank of contigugy
band-pass filters and then recombined, the signal is not substantially
doegraded. The operation is illustrated in Fig. 1, where BPy-~-Bp,_
represent the contiguous filters. The filters are assumed to have rely.
tively flat amplitude and lincar phase characteristics in their pass band.
The output of the nth filter is f.(#), and the original signal is approy;.
mated as

J(t) g.;f"(t)' (1)

Let the impulse response of the nth filter be

ga(t) = () cos w.t, @) .

where the envelope function h(f) is normally the impulse response of a
physically-realizable low-pass filter. Then the output of the nth filter is
the convolution of f(t) with g.(1),

[a(t) f‘ FOOR(t — ) cos [wa(t — N))dA

(3)

Re [cxp (Jwat) ];f(h)h(t — \) exp (—jw,,)\)n‘?\].

The latter integral is a short-time Fourier transform of the input
signal f(£), evaluated at radian frequency ws . It is the Fourier transform
of that part of f(t) which is “viewed” through the sliding time aperture

o Lfilt)
BPRy

[TPZ'] falt)

£fat)

qﬁ fult)
LN

Fig. 1 — Filtering of speech by contiguous band-pass filters.

s
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Bo)- 1F we denote the complex value of this transform as F(w, , f), its

Jagnitude is the short-time amplitude spectrum | F{w. , ) |, and its
j:u'glc is the short-time phase spectrum ¢(w, , ). Then

fa(t) = Relexp (Jonl)F(wa , 8]

or

}n(t) = | Flwn,t) | c08 [wal + @lwn , 1)) 4)

Fach fa(t) may, therefore, be described as the simultancous amplitude
and phase modulation of a earrier (cos w,f) by the short-time amplitude
qnd phase spectra of f(£), both evaluated at frequency w, .

Jixperience with ehannel voeoders shows that the magnitude funetions
Flan 1) | may be buand-limited to around 20 to 30 Hz without sub-
stantial loss of perceptually-significant detail. The phase functions
¢(wn , 1), however, are generally not bounded; henee they are unsuitable
as transmission parameters. Their time derivatives ¢(wn, ), on the
other hand, are more well-behaved, and we speculate that they may be
phand-limited and used to advantage in transmission. To within an addi-
{ive constant, the phase functions can be recovered from the integrated
(nccumulated) values of the derivatives. One praectical approximation
10 f(1) is, thercfore,

Jal) = | Flwn , ) | cos [wat + @(wn , 1)), (5)

where

it

dlont) = [ plan, 0
The expectation is that loss of the additive phase constant will not be
unduly deleterious. -

Reconstruction of the original signal is accomplished by summing the
outputs of n oscillators modulated in phase and amplitude. The oseilla-
tors are set to the nominal frequencies w, , and they are simultaneously
phase and amplitude modulated from band-limited versions of ¢(w, , £)
and | F(w, , #) |. The synthesis operations are diagrammed in Fig. 2.

These analysis-synthesis operations may be viewed in an intuitively
ppealing way. The conventional channel vocoder separates vocal ex-
titation and spectral envelope functions. The spectral envelope functions
of the conventional vocoder are the same as those described here by
E'_F(Wn 1) |. The excitation information, however, is contained in a
fignal which specifies voice pitch and voiced-unvoiced (buzz-hiss) ex-
titation, In the phase vocoder when the number of channels is reasonably
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~ ?n(ta) 1en
{ cos[wnt.+ q'(mmtl] Then, | Fwn t) | = (a® + bz)l
o and
) ; _ {db — ba
{ faw(fun,t)dt ¢(wn,t) = (ﬁz T b’)' (7)

| The computer, of course, must deal with sampled-data equivalents of
¢ (wn ,t) IF (en .0  {hese quantities. Transforming the real and imaginary parts of (6) into
Jiscrete form for programming yiclds

Fig. 2 — Speech synthesis based on the short-time amplitude and phase-deriy;.

| tive speetra, P o
alw,,mT) =T 3 f(IT)[cos wllTh(mT — IT)
large, the information about excitation is conveyed primarily by {1, = (8)
@(wy , 1) signals.* In the present technique, and if good quality an N 7 [ o o . '
. natural transmission are requisites, the indications are that the ¢(w, , 1) blan,nT) =1 ;Tz.of(“ Jsin @l Th(mT = IT),
'I signals may require about the same channel capacity as the spectrum. . .
where T is the sampling interval. In the present simulation, T = 10 4

envelope information. This preliminary impression seems not unreason- " i " he diff
B . . . . - . g, RO these equations, the ' ] Ty e
able in view of our experience with voice quality in vocoders. e ¢ (uations, the difference values are computed as
Aa = alw, , (m + 1)T] — alw. , mT)

We have simulated a complete phase vocoder analyzer and synthesizer nd

on an IBM 7094 computer. The program, written in the BLODI-B Ab = blan , (m + DT) — blwn , mT) ©)
language,*® provides for the processing of any digitalized input speech ' ' ’

signal. Flexibility built into the program permits examination of a num-
ber of design parametoers such as number of channels, width of analyzing

l 1II. COMPUTER SIMULATION

The magnitude function and phase derivative in diserete form, are
computed from (8) and (9) as,

pass bands, band center frequencies, and band limitation of the phase . i \
and amplitude signals. : | Floa , mT]| = (a® + 17)
In the analyzer, the amplitude and phase spectra are computed by A tdbAa s udl)
forming the real and imaginary parts of the complex spectrum T [wn,mT) = T @30 (10)
Flwn, ) = alwn, ) = fhlen, ), Fig. 3 shows a block diagram of a single analyzer channel as realized

in BLODI-B. Sinee this block of coding is required for each channel, it is
‘ : Il_vﬁned as a new block type and thereafter used as though it w;:ro a
f SOOR(E = N) €05 @ahdN . single block. A parameter associated with the block determines Iz.hc
o center frequency for each channel. The time-window analyzing filter
and lbeled h(IT), is itsell a special block and can be changed simply h):
() 'Ilf; substitution of a different block of coding.®
"i(ﬂ:) t-ht? present slmulnt' ion, a sixth-order Bessel filter is used for the
* At the other extreme, with a small number of broad ana_]yzing {'.hs.n_nels, th? n T window. Its amp]ii-udt’, pl“!"%’ and delay responses are p[o‘r.tcd
amplil.l}do signals contain more il}f{)rmui.iqn ahout the excitation, w}“:gufllllﬁ; are lgq 4('“)’ _(b)’ and (c)’ resputetwely. Is impulsc and step responses
phase signals tend to contain more information about the spectral shape. *given in Iigs. 4(d) and (e). The present simulation uses 30 channels

tively, therefore, the number of channels determines_the relative amounts @ N = 30
excitation and spectral information earried by the amplitude and phase signt §- ' } and w, = 2wn(100) rad/scc. The equivalent pass bands of the

where

a(‘-"n ) t)

b(wa,t) = _[;f()\)h(t — A) sin nAdA\
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Fig. 3 — Programmed operations for ext paeting | Flen, 0] and @lwn, £).

analyzing filters overlap at their 6 dB down points and a total spectrum
range of 50 to 3050 Hz i= amalyzed.

Programmed Jow-pass filtering of
the amplitwde and phase difference sign
tion of the whole system is completed by the synthesis operations

each channel performed according 10

any desired form may he applied fo
als as defined by Fig. 3. Simula-
for

- " Ao, IT .
F.omT) = [ I'(wn, mT) | cos (w,.m’)" + T3 “"E“L’T’!...._)) Lo
=0

Adding 1he outputs of the r idividual channels, according Lo (1), pro-
duees the synthesized speceh signal.

V. TYPICAL RESULTS

As part of the present simulation, identical (programmed) low-pass
filters were applied to the | Flwa, IT) | and (I{'T)Acp(wu,l’f’) signals
delivered by the coding block shown in ig. 3. These low-pass ﬁ‘lt-(‘l'::‘; are
gimilar to the #(IT) filters excepl they are fourth-order Bessel designs
Their response characteristies are shown in Fig. 5. The cut-off fr'eqm-[‘u'__\'.
is 25 Hz, and the response s —7.6 dB down at this frequeney. 1M
filtering is applied to the amplitwde and phase signals of all 30 channel*
in the present simulation. The total bandwidth occupancy of the syste™
is therefore 1500 Hz, or a band reduction of 2:1.

BESSEL DESIGN, 6TH ORDER {—6dB AT 50.0 HZ)
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Fig. 5 — Fourth-order Bessel low-pass filter used to smooth the | Fa
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After band-limitation, the phase and amplitude signals are used to
synthesize an output according to (11). The result of processing a com-
p;lete sentence through the programmed system is shown by the sound
spectrograms in Fig. 6.* Since the signal band covered by the analysis
and synthesis is 50 to 3050, the phase-vocoded result is seen to cut off at
3050 Hz. In this example, the system is connected in a “back-to-back”
configuration, and the band-limited channel signals are not multiplexed.

Comparison of original and synthesized speetrograms reveals that
formant details arc well preserved and piteh and voiced-unvoiced fea-
tures are retained to perceptually significant, accuracy. The quality of
the resulting signal considerably surpasses that, usually associated with
conventional ehiannel vocodoers,

V. MULTIPLEXING FOR TRANSMISSION

Besides conventional multiplexing methods for transmitting the band-
limited phase and amplitude channel signals (that is, space-frequeney or
time-division multiplex), the coding technique suggests several other
possibilities for transmission in a practicable communication system,
As an example, suppose a limited-bandwidth analog channel is the
available communieation link. One advantageous procedure then is
simply to divide (or scale down) all of the phase-derivative signals by

some number, say 2 if the available channel has only one-half the con-

ventional voice bandwidth. A synthetic signal of one-half the original
handwidth is then produced by modulating carriers of w,/2 by the
¢/2 and | F,, | signals. The synthetic analog signal now may be {rans-
mitted over the half-bandwidth channel.

At the recciver, restoration to the original bandwidth is accomplished
by a second sequence of analysis and synthesis operations; namely,
amplitude and phase analysis of the half-band signal, multiplication of
the phase-derivat ive signals by a factor of 2, and modulation of W
rarriers by the restored ¢, and reanalyzed | F, | signals. This “self-
multiplexing” transmission js illustrated in Fig. 7. Spectrograms of the
mput signal, the half-band frequency divided signal, and the reanalyzed
and resynt hesized output are shown. It is elear that two trips through
the process introduces measurable degradation, but the intelligibility
:ntllflu:ility, particularly for high-pitched voices, remains reasonably
o,

I . X . 1 .
H_t__“_.f_fi'l‘t-i-, the greatest number ¢ by which the w, and @.’s may be
The inpug specch signal is band limited to 4000 Hz. Tt is sampled at 10,000 Hz

il . B N A ) el ]
]Ir""li}:llmnt]zf'tf to 12 bits. It is called into the program from a digital recording

wed previously,
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divided is determined by how distinet the side-bands about cach w, /g
remain, and by how well each ¢n/q and | I, | may be retrieved from
them.® Practically, the greatest number appears to he about 2 or 3if
fransmission of aceeptable quality is to be realized.

vi. COMPRESSION AND EXPANSION OF THE TIME SCALE

As mentioned above, synthetie frec

uency-divided signal may be
prnrllu-vd through division of [w,

!+ [ ¢udt] by some number g. This
signal may be essentially restored to its original spectral position by a
time speed-up of ¢. Such o speed-up can be acecomplished by recording
at one speed and replaying ¢ mmes faster. The resull is that the time
seule 15 rompressed and (he message, although spectrally correct, lasts
I/gth as long as the original. An example of a 21 frequeney division
and time speed-up is shown by the sound spectrograms in Iig. 8. This
feature of the phase vocoder is completely parallel to the time-com-
pression feature of the “harmonie compressor” reported earlier,’ How-
ever, the techniques for analysis and synthesis in the
hasically different, and {he phase vocoder
integer factors,

two cases are
allows compression by non-

Time-scale expansion is likewise possible by {he fre
cation gloud + [ @.dt]; that is, by recording the
synthetie signal and then replaying it at o speed g-times slower. An
example of time-expanded speech is shown by the speetrograms in Fig.
9. The expansion feature provides an interesting “auditory microscope”’
for dirceting attention to the speetral properties of specific clements of
speech sounds — sueh as rapidly articulated consonants. In both eom-
pression and expansion of the time seale, a perceptual limit sty of
ourse, to how greatly the time seale may be altered and still have the
Sgmal sound like human speech.

A attractive feature of the phase vocoder is that the
Spansion and comprossion of 1he

Mueney multipli-
frequency-multipied

operations for
time and frequency seales can be
realized by simple sealing of the phase-derivative spectrum. Sinee the
frequeney division and multiplication factors can be
“m be varied with time, the phase vocodor

{'_’f_il_litlying non-uniform alterations of the

* More precisely,

non-integers, and
provides an attractive 100l
+ B
1ime seale,

the maximnm divisor is determined hy

g S oot

hiow closely

"®Presentg

Jogudi.
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vil. FURTHER REMARKS ABOUT BAND occupancy
E The possibilities of frequency division imply that the | Fo| and ¢,
e § sgnals are, In practical effect, band-limited. As deseribed previously,
% modest bandwidth reduction of the order of 2:1 can he accomplished by
& a simple sealing of all the ¢, signals by 1. (Overt low-pass filtering of
o _% the ¢a signals is not, required.) ,-\IHf), low-pass f|ll.(\.r'!ng the :muly‘z('d sig-
- » { nals to a total band ocetupancy of one-half the original bandwidth re-
g alts in relatively good speech quality upon synthesis (Fig. 6). Tf, how-
£ ever, some further trade befween band saving and speech quality is
-+ = desired, the confrol signals may be low-passed more severely, with
- = oncomitant loss in quality, The impairment resulting from low-passing
/ X the ¢a signals is g comb-filtering, reverberant, effect in the reconstituted
/ T ‘ sgnals. Qualitatively, low pass filtering of the ¢, signals apparently
;‘( - . restricts the rate at which piteh changes can be duplicated, and “nar-
/ i rows” the sidebands produced about each w,-carrier at the synthesizer.
v .i*i The discussion conneeted with (4) has pointed out that each band-
Je 2 © pass signal in the phase vocoder may be considered as {he simultaneous
u8.| § i amplitude and phase modulation:
I
z : L) = ' r, J 08 (wal + @n),
—§ s | where | F, | and ¢, are non-band limited, real-valued functions of Wy
-1 time. Practically, the bandwidth of f.(t) is confined to 2W, where
IWis the cut-off frequency of the low-pass time aperture A(t). This faet,
/ o docs not, however, suggest in an explicit way the band occupancy of
/ © the signals | /7, | and ¢n - The experimental rosults of the present study
. indicate that cach of the latter, at least for practical purposes, can be
N limited to around W/2 or less, but analytical treatment, leading to ex-
~ —; planation is difficult. Even the inverse problem, that is, caleulat ion of
o the band occupancy of a simultancously amplitude and phase modulated
% rTier, ean only be hounded loosely.® To apply these bounds requires a
g A 7z Irecise description of the [ | and ¢, signals, Although these param-
<_Ii l>ﬁ °© ;- J "ft‘l’rli can be measured for a given speech signal, a general mathematical
z w E; Teeification is not, presently available, It is easy to indicate the diffi-
) b3 J 2] nulties involved. Consider the usual model of voiced speech sounds;
% : F © -’j?| that is, g periodic pulse source, whose frequency (pitch) may change
T : "E:& NIt imyg, supplying excitation to a linear, passive, time-variable net-
+ ™ &8 - o " N - ©° 2| YK Variation of the network transmission represents the spectral

iy . . .
23S/ZHX NI AON3IND3IYA "nges both in the voeal sound source and the vocal tract transmission.

oran analysis in terms of harrow pass-bands (large N), the ¢, signals
“Pend Primarily upon vojce pitch. The | 7, | signals, on the other hand,
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depend both upon source spectrum and voeal transmission ai any Zivey,
instant,

VI, CONSIDERATIONS FOR DIGITAT TRANSMISSION

Applieations of the phase vocoder teehnique to digital transmissiqy,
are of course obvious, Given an acceptable band-limitation of the [ F, |
and ¢, signals, each may be sampled at its Nyquist rate, or higher, ang
quantized {0 an aceuracy that is pereeptually sufficient. At this Writing
and quantizing the control signals
however,
analyziy,

optimum parameters for sampling
have not been studied in detail, Based upon past experience,
a nonuniform distribution of the pass bandwidihs of the
filters would appear advantageous. For example, center frequencies el
bandwidths chosen aceording to the Koenig seale, the mel (piteh) sealo,
or the auditory eritical-band function should yield dividends,*

All of these bandwidih tapers are characterized by widths which
monotonically increase with frequeney. In such
liltering applied 1o (he amplitude signals would have cut-off frequenceies
also inereasing monotonically with frequency. On the other hand, the
low-pass filters applied {0 {he phase signals might have cut offs which
decrease with frequency. As a result, sampling rates would inerease with
w, for amplitude signals and diminish for phase signals. In addition,
quantization levels for all signals might be made more coarse (less nu-
merous) with increasing channel frequeney. This is indicated beeause
the ability of the ear to perceive frequency and amplitude changes in
the higher end of a complex speetrum is; in general, less acute than for
the lower part.,

Although detailed study is yet to he made of optimum digital for-
mats, experience in this arca with related vocoder devices suggests that
transmission at bit rates somewhat less than ten kilobits see should be
possible without impairment due fo digitalization. This rate is several
times less than that normally associated with compurable quality PCM
encodings of the speech waveform. Besides the questions of design opti-
mization and data format for digital transmission, the trde which may
be effected between signal quality and total bit rate is also a subjeet for

cases, the low-pass

further investigation.

IX. CONCLUDING COMMENTS

Because the phase vocoder produces phase derivative signals, it pro-

* Preliminary tests along these lines indieate that a phase vocoder “Iiu-]-':::::
few as eight non-uniform channcls is capable of relatively good  fransmiss
(J.J. Kalsalik, unpublished work),

!'
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vides a particularly convenient means for multiplying or dividing the
frequency speetrum of a broadband signal. By the same foken, it is a
convenient. method for compressing or expanding the time sn::h\ of a
dgnal. Frequency division of speech appears 10 hold potential as a con-
munication aid for persons with hearing deficient in the high frequencies
Time compression  shows promise  for auditory “s-:|1(-{-d-r(*;iding” [W:
persons With impaired sight )

Psvehoacoustie ang physiologieal studies show that the
mikes & type of short-time speeiral

human ear
’ mmalysis of acoustic signals, This
analysis oeeurs at an early level in (he anditory processing: in faet, at o
prenenral level T s also eloay (hat the auditory sv=ten utilizes informe -
o corresponding 1o smoothed values of the short-time amplitude and
phase speetra. The phase voeoder aims to turn these facts to advaniage
hy deseribing speceh signals in forms of band-limited values of the shori-
time amplitude and phase-derivative speetra. Indieations are that, band-
limited speetral samples, occupying o bandwidth on {he order of one
half that of the oviginal signal, preserve pereeptually-significant, features
of the signal. Further band conservation ean be realized, but ai the
espense of signal quality. As in many other transmission svstems !
continuum of band conservat ion (or hit rate) versus signal quul.ilv (-xis’is

ad one may choose the point of operation to suijl I'(‘r]llil't'lll{'llh;. ‘
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