IFA Proceedings 17, 199397Institute of Phonetic Sciences,University of Amsterdam,Proceedings 17 (1993), 97-110.ACCURATE SHORT-TERM ANALYSISOF THE FUNDAMENTAL FREQUENCYAND THE HARMONICS-TO-NOISE RATIOOF A SAMPLED SOUNDPaul BoersmaAbstractWe present a straightforward and robust algorithm for periodicity detection, working inthe lag (autocorrelation) domain. When it is tested for periodic signals and for signalswith additive noise or jitter, it proves to be several orders of magnitude more accuratethan the methods commonly used for speech analysis. This makes our method capable ofmeasuring harmonics-to-noise ratios in the lag domain with an accuracy and reliabilitymuch greater than that of any of the usual frequency-domain methods.By definition, the best candidate for the acoustic pitch period of a sound can be foundfrom the position of the maximum of the autocorrelation function of the sound, whilethe degree of periodicity (the harmonics-to-noise ratio) of the sound can be foundfrom the relative height of this maximum.However, sampling and windowing cause problems in accurately determining theposition and height of the maximum. These problems have led to inaccurate time-domain and cepstral methods for pitch detection, and to the exclusive use offrequency-domain methods for the determination of the harmonics-to-noise ratio.In this paper, I will tackle these problems. Table 1 shows the specifications of theresulting algorithm for two spectrally maximally different kinds of periodic sounds: asine wave and a periodic pulse train; other periodic sounds give results between these.Table 1. The accuracy of the algorithm for a sampled sine wave and for a correctlysampled periodic pulse train, as a function of the number of periods that fit in theduration of a Hanning window. These results are valid for pitch frequencies up to 80% ofthe Nyquist frequency. These results were measured for a sampling frequency of 10 kHzand window lengths of 40 ms (for pitch) and 80 ms (for HNR), but generalize to othersampling frequencies and window lengths (see section 5).Periods perwindowPitch determination errorDF/FResolution of determinationof harmonics-to-noise ratiosine wavepulse trainsine wavepulse train> 3

< 5Æ10—4< 5Æ10—5> 27 dB

> 12 dB

> 6< 3Æ10—5< 5Æ10—6> 40 dB

> 29 dB

> 12< 4Æ10—7< 2Æ10—7> 55 dB

> 44 dB

> 24< 2Æ10—8< 2Æ10—8> 72 dB

> 58 dB

98IFA Proceedings 17, 19931 Autocorrelation and periodicityFor a time signal x(t) that is stationary (i.e., its statistics are constant), theautocorrelation rx(t) as a function of the lag t is defined as

r_x τ( ) ≡ x t( )∫ x t + τ( )dt(1)This function has a global maximum for t = 0. If there are also global maxima outside0, the signal is called periodic and there exists a lag T0, called the period, so that allthese maxima are placed at the lags nT0, for every integer n, with rx(nT0) = rx(0). Thefundamental frequency F0 of this periodic signal is defined as

F0 =1 T0

. If there areno global maxima outside 0, there can still be local maxima. If the highest of these isat a lag tmax , and if its height rx(tmax) is large enough, the signal is said to have aperiodic part, and its harmonic strength R0 is a number between 0 and 1, equal to thelocal maximum

′rx(τ max) of the normalized autocorrelation

′rx τ( ) ≡ rx τ( )rx 0( )

(2)Ωε χουλδ μακε συχη α σιγναλ ξ(τ) βψ τακινγ α περιοδιχ σιγναλ Η(τ) ωιτη α περιοδ Τ0 ανδαδδινγ α νοισε Ν(τ) το ιτ. Ωε χαν ινϕερ ϕρομ εθυατιον (1) τηατ ιϕ τηεσε τωο παρτσ αρευνχορρελατεδ, τηε αυτοχορρελατιον οϕ τηε τοταλ σιγναλ εθυαλσ τηε συμ οϕ τηεαυτοχορρελατιονσ οϕ ιτσ παρτσ. Φορ ζερο λαγ, ωε ηαϖε

rx(0) = rH(0)+rN(0), and if thenoise is white (i.e., if it does not correlate with itself), we find a local maximum at alag

τ max = T0 with a height

rx(τ max) = rH(T0) = rH(0). Because the autocorrelationof a signal at zero lag equals the power in the signal, the normalized autocorrelation attmax represents the relative power of the periodic (or harmonic) component of thesignal, and its complement represents the relative power of the noise component:

′rx τ max

( ) = rH 0( )rx 0( ) ; 1- ′rx τ max( ) = rN 0( )rx 0( ) (3)Τηισ αλλοωσ υσ το δεϕινε τηε λογαριτημιχ ηαρμονιχσ-το-νοισε ρατιο (ΗΝΡ) ασ

HNR(in dB) =10⋅10log ′rx τ max( ) 1- ′rx τ max( )

(4)Τηισ δεϕινιτιον ϕολλοωσ τηε σαμε ιδεα ασ τηε ϕρεθυενχψ-δομαιν δεϕινιτιονσ υσεδ βψμοστ οτηερ αυτηορσ, βυτ ψιελδσ μυχη μορε αχχυρατε ρεσυλτσ τηανκσ το τηε πρεχισιον ωιτηωηιχη ωε χαν εστιματε ρξ(τ). Φορ περϕεχτλψ περιοδιχ σουνδσ, τηε ΗΝΡ ισ ινϕινιτε.Φορ νον-στατιοναρψ (ι.ε., δψναμιχαλλψ χηανγινγ) σιγναλσ, τηε σηορτ-τερμαυτοχορρελατιον ατ α τιμε τ ισ εστιματεδ ϕρομ α σηορτ ωινδοωεδ σεγμεντ οϕ τηε σιγναλχεντρεδ αρουνδ τ. Τηισ γιϖεσ εστιματεσ Φ0(τ) ϕορ τηε λοχαλ ϕυνδαμενταλ ϕρεθυενχψ ανδΡ0(τ) ϕορ τηε λοχαλ ηαρμονιχ στρενγτη. Ιϕ ωε ωαντ τηεσε εστιματεσ το ηαϖε α μεανινγ αταλλ, τηεψ σηουλδ βε ασ χλοσε ασ ποσσιβλε το τηε θυαντιτιεσ δεριϖεδ ϕρομ εθυατιον (1), ιϕωε περϕορμ α σηορτ-τερμ αναλψσισ ον α στατιοναρψ σιγναλ. Σεχτιονσ 2 ανδ 3 σηοω ηοω τοχοπε ωιτη τηε ωινδοωινγ ανδ σαμπλινγ προβλεμσ τηατ αρισε. Σεχτιον 4 πρεσεντσ τηεχομπλετε αλγοριτημ. Σεχτιονσ 5, 6, ανδ 7 ινϖεστιγατε τηε περϕορμανχε οϕ τηε αλγοριτημϕορ τηρεε κινδσ οϕ στατιοναρψ σιγναλσ: περιοδιχ σιγναλσ ωιτηουτ περτυρβατιονσ, ωιτηαδδιτιϖε νοισε, ανδ ωιτη φιττερ.

ΙΦΑ Προχεεδινγσ 17, 1993992 Ωινδοωινγ ανδ τηε λαγ δομαινΧανδιδατεσ ϕορ τηε ϕυνδαμενταλ ϕρεθυενχψ οϕ α χοντινυουσ σιγναλ ξ(τ) ατ α τιμε τμιδ χανβε ϕουνδ ϕρομ τηε λοχαλ μαξιμα οϕ τηε αυτοχορρελατιον οϕ α σηορτ σεγμεντ οϕ τηε σουνδχεντρεδ αρουνδ τμιδ. Ιν ϕιγυρε 1, ωε συμμαριζε τηε αλγοριτημ ϕορ τηε σπεεχη-λικεσιγναλ ξ(τ) = (1 + 0.3 σιν 2π 140 τ) σιν 2π 280 τ, ωηιχη ηασ α ϕυνδαμενταλ ϕρεθυενχψοϕ 140 Ηζ ανδ α στρονγ �ϕορμαντ∏ ατ 280 Ηζ. Τηε αλγοριτημ ρυνσ ασ ϕολλοωσ:Στεπ 1. Ωε τακε ϕρομ τηε σιγναλ ξ(τ) α πιεχε ωιτη δυρατιον Τ (τηε ωινδοω λενγτη, 24μσ ιν ϕιγυρε 1), χεντρεδ αρουνδ τμιδ (12 μσ ιν ϕιγυρε 1). Ωε συβτραχτ ϕρομ τηισ πιεχε ιτσμεαν μξ ανδ μυλτιπλψ τηε ρεσυλτ βψ α ωινδοω ϕυνχτιον ω(τ), σο τηατ ωε γετ τηεωινδοωεδ σιγναλ

w t( ) =_1^2 -_1^2 cos 2πt T (6)We will see how the Hanning window compares to several other window shapes.Step 2. The normalized autocorrelation ra(t) (we suppress the primes from nowon) of the windowed signal is a symmetric function of the lag t :

ra(τ ) = ra(- τ ) = a(t)0T- τ∫ a(t + τ ) dt

a2(t)

0T∫ dt

(7)In the example of figure 1, we can see that the highest of these maxima is at a lag thatcorresponds to the first formant (3.57 ms), whereas we would like it to be at a lag thatcorresponds to the F0 (7.14 ms). For this reason, Hess (1992) deems theautocorrelation method �rather sensitive to strong formants�. Moreover, the skewingof the autocorrelation function makes the estimate of the lag of the peak too low, andtherefore the pitch estimate too high (e.g., for 3 periods of a sine wave in a Hanningwindow, the difference is 6%). One method commonly used to overcome the firstproblem, is to filter away all frequencies above 900 Hz (Rabiner, 1977), which shouldkill all formants except the first, and estimate the pitch from the second maximum.This is not a very robust method, because we often run into higher formants below900 Hz and fundamental frequencies above 900 Hz. Other methods to lose theformant include centre clipping, spectral flattening, and so on. Such ad-hoc measuresrender the method speech- and speaker-dependent. All these patches to theautocorrelation method are unnecessary, for there is a simple remedy:Step 3. We compute the normalized autocorrelation rw(t) of the window in a wayexactly analogous to equation (7). The normalized autocorrelation of a Hanningwindow is

rw(τ ) = 1- τT

� � 23 + 13cos2πτT

� �+ 12π sin 2π τT (8) Time (ms) ->

0 24

-1 Time (ms) ->0 24

01 Time (ms) ->0 24-1 Lag (ms) ->0 7.14 24-1 Lag (ms) ->0 2401 Lag (ms) ->0 7.14 24-1100IFA Proceedings 17, 1993x(t) multiplied by w(t) gives a(t)ra(t) divided by rw(t) gives rx(t)Fig. 1. How to window a sound segment, and how to estimate the autocorrelation of asound segment from the autocorrelation of its windowed version. The estimatedautocorrelation rx(t) is not shown for lags longer than half the window length, because itbecomes less reliable there for signals with few periods per window.To estimate the autocorrelation rx(t) of the original signal segment, we divide theautocorrelation ra(t) of the windowed signal by the autocorrelation rw(t) of thewindow:

rx(τ ) ≈ ra(τ )rw(τ )

(9)This estimation can easily be seen to be exact for the constant signal x(t) = 1 (withoutsubtracting the mean, of course); for periodic signals, it brings the autocorrelationpeaks very near to 1 (see figure 1). The need for this correction seems to have gone byunnoticed in the literature; e.g., Rabiner (1977) states that �no matter which windowis selected, the effect of the window is to taper the autocorrelation function smoothlyto 0 as the autocorrelation index increases�. With equation (9), this is no longer true.The accuracy of the algorithm is determined by the reliability of the estimation (9),which depends directly on the shape of the window. For instance, for a periodic pulsetrain, which is defined as

x t( ) = δ t - t0 - nT0 ( ) n=- ∞+∞∑(10)ωηερε Τ0 ισ τηε περιοδ ανδ τ0/Τ (ωιτη

0 ≤ t0 < T0) represents the phase of the pulsetrain in the window, our estimate for the relevant peak of the autocorrelation is

rx T0( ) = w t0 + nT0

( ) w t0 + n +1( )T0 ( ) n∑ rw T0( ) w2 t0 + nT0( ) n∑ (11)Τηισ δεπενδσ ον τηε πηασε τ0/Τ. Ιϕ τηε ωινδοω ισ σψμμετριχ ανδ τηε πυλσε τραιν ισσψμμετριχ αρουνδ τηε μιδδλε οϕ τηε ωινδοω, τηε δεριϖατιϖεσ ωιτη ρεσπεχτ το τ0 οϕ βοτη

Time -> 01 Time -> 01 IFA Proceedings 17, 1993101Fig. 2. Example of a windowed signal showing the two phases of a pulse train that yieldextrema in the HNR estimation of the autocorrelation peak at a lag that equals the period.the numerator and the denominator are 0; the extrema of rx(T0) as a function of t0 arethus found for the two phases exemplified in figure 2 for 3.0 periods per window. Ifsuch an extremum is greater than 1, it must be reflected through 1 to give amathematically possible value of the autocorrelation, e.g., an initial estimate of 1.01must be converted to 1/1.01 before computing its final HNR estimate, which is 20 dB.Figure 3 shows the worst-case HNR values for a perfectly periodic pulse train,calculated with equation (11) for a Hanning window, and for the rectangular window

w t( ) =1 ; rw τ( ) =1- τT (12)and for the Welch window

w t( ) = sin πtT ; rw τ( ) = 1- τT� �cosπτT + 1π sin π τT

(13)as well as for the Hamming window

w t( ) = 0.54 - 0.46cos2πtT rw τ( ) = 1- τT

� � 0.2916 +0.1058cos2πτT

� �+0.3910 12π sin 2π τT

0.3974 (14)As we can see from figure 3, the Hanning window performs much better than theother three window shapes. Furthermore, the Hanning window is the �narrowest� ofthe four window shapes, which makes it the least vulnerable of the four to rapidlychanging sounds. That makes two reasons for forgetting about the other three.In our implementation, the autocorrelations of the windowed signal and thewindow are numerically computed by Fast Fourier Transform. This is possible thanksto the fact that the autocorrelation can be obtained by first computing the Fouriertransform of the windowed signal, which gives in the frequency domain

ã ω( ) = a t( )∫ e- iωtdt(15)and then computing the inverse Fourier transform of the power density

ã ω( )2, whichbrings us to the lag domain ra τ( ) = ã ω( )2eiωτ dω2π

∫(16)

Hanning

Hamming (drawn),

Welch (dotted) rectangular

020406080

3.0 6.0 12.0 24.0 48.0

Number of periods per window ->102IFA Proceedings 17, 1993Fig. 3. The sensitivity of several window shapes to the phase of a pulse train. Every pointon a curve represents the worse of the two HNR values belonging to the phases in fig. 2.This procedure allows us to try two other functions in the lag domain, besides theautocorrelation. The first of these functions is what we will call the �zero-phased�windowed signal, which is the sum of all the Fourier components of a(t), reduced tocosines with a starting phase of 0. This function is obtained by computing in thefrequency domain the absolute value

ã ω( ) ινστεαδ οϕ τηε ποωερ δενσιτψ. Τηισχονσερϖεσ τηε ρελατιϖε αμπλιτυδεσ οϕ τηε χομπονεντσ οϕ τηε ωινδοωεδ σιγναλ, ωηιχη ισνιχε βεχαυσε ιτ γιϖεσ τηε ϕορμαντσ τηε πεακσ τηατ τηεψ δεσερϖε. Τηε σεχονδ ϕυνχτιον ισκνοων ασ τηε χεπστρυμ (Νολλ, 1967) ανδ ισ οβταινεδ βψ χομπυτινγ ιν τηε ϕρεθυενχψδομαιν τηε λογαριτημ οϕ τηε ποωερ:

log 1+cã ω( )2 ( )(17)ϕορ λαργε ενουγη χ > 0. Τηε χεπστραλ πιτχη-δετεχτιον ταχτιχ ωασ ϖερψ χομμον ιν τηεδαψσ τηατ εθυατιον (9) ωασ υνκνοων, βεχαυσε ιτ ωασ τηε ονλψ ονε οϕ τηε τηρεε μετηοδστηατ χουλδ ραισε τηε σεχονδ πεακ οϕ ρα(τ) (σεε ϕιγυρε 1) αβοϖε τηε ϕιρστ πεακ. Ηοωεϖερ,ϕορ βοτη τηε ζερο-πηασεδ σιγναλ ανδ τηε χεπστρυμ, τηε αδδιτιον οϕ νοισε στρονγλψσυππρεσσεσ αλλ πεακσ ρελατιϖελψ το τηε ονε ατ ζερο λαγ το α δεγρεε τηατ δεπενδσ ον τηεϕρεθυενχψ διστριβυτιον οϕ τηε νοισε. Τηισ μακεσ τηεσε τωο μετηοδσ υνσυιταβλε βοτη ϕορϖοιχεδ-υνϖοιχεδ δεχισιονσ ανδ ϕορ δετερμινατιον οϕ τηε ηαρμονιχσ-το-νοισε ρατιο ιντηε λαγ δομαιν. Αλσο, τηε πιτχη εστιματεσ αρε λεσσ αχχυρατε βψ σεϖεραλ ορδερσ οϕμαγνιτυδε ασ χομπαρεδ το τηε αυτοχορρελατιον μετηοδ. Ωιτη εθυατιον (9) ατ ουρδισποσαλ, τηε αδϖανταγεσ οϕ τηεσε τωο αλτερνατιϖε μετηοδσ ηαϖε ϖανισηεδ.

ΙΦΑ Προχεεδινγσ 17, 19931033 Σαμπλινγ ανδ τηε λαγ δομαινΧονσιδερ α χοντινυουσ τιμε σιγναλ ξ(τ) τηατ χονταινσ νο ϕρεθυενχιεσ αβοϖε α χερταινϕρεθυενχψ ϕμαξ. Ωε χαν σαμπλε τηισ σιγναλ ατ ρεγυλαρ ιντερϖαλσ

r^n = r nΔτ( )Τηερε ισ α λοχαλ μαξιμυμ ιν τηε αυτοχορρελατιον βετωεεν (μ∠1)Δτ ανδ (μ+1)Δτ ιϕ

rm > rm- 1 and rm > rm+1(20)A first crude estimate of the pitch period would be

τ max ≈ mΔτ, βυτ τηισ ισ νοτ ϖερψαχχυρατε: ωιτη α σαμπλινγ ϕρεθυενχψ οϕ 10 κΗζ ανδ Δτ = Δτ , τηε πιτχη ρεσολυτιον ϕορϕυνδαμενταλ ϕρεθυενχιεσ νεαρ 300 Ηζ ισ 9 Ηζ (ωηιχη ισ τηε χασε ϕορ μοστ τιμε-δομαινπιτχη-δετεχτιον αλγοριτημσ); μορεοϖερ, τηε ηειγητ οϕ τηε αυτοχορρελατιον πεακ (ρμ) χανβε ασ λοω ασ 2/π = 0.636 ϕορ χορρεχτλψ σαμπλεδ πυλσε τραινσ (ι.ε., ϕιλτερεδ ωιτη α πηασε-πρεσερϖινγ λοω-πασσ ϕιλτερ ατ τηε Νψθυιστ ϕρεθυενχψ πριορ το σαμπλινγ), ωηιχη ρενδερσΗΝΡ δετερμινατιον ιμποσσιβλε ανδ ιντροδυχεσ οχταϖε ερρορσ ιν τηε δετερμινατιον οϕτηε ϕυνδαμενταλ περιοδ. Ωε χαν ιμπροϖε τηισ βψ παραβολιχ ιντερπολατιον αρουνδ μΔτ :

τ max ≈ Δτ m+ 12 rm+1 - rm- 1 ( ) 2rm - rm- 1 - rm+1

� � ; rmax ≈ rm + rm+1 - rm- 1( )2

8 2rm - rm- 1 - rm+1 ( ) (21)Ηοωεϖερ, τηουγη τηε ερρορ ιν τηε εστιματεδ περιοδ ρεδυχεσ το λεσσ τηαν 0.1 σαμπλε, τηεηειγητ οϕ τηε ρελεϖαντ αυτοχορρελατιον πεακ χαν στιλλ βε ασ λοω ασ 7/(3π) = 0.743.Νοω ϕορ τηε σολυτιον. Ωε σηουλδ υσε α �σιν ξ / ξ∏ ιντερπολατιον, λικε τηε ονε ινεθυατιον (19), ιν τηε λαγ δομαιν (ωε δο α σιμπλε υπσαμπλινγ ιν τηε ϕρεθυενχψδομαιν, σο τηατ Δτ = Δτ/2). Ασ ωε χαννοτ δο τηε ινϕινιτε συμ, ωε ιντερπολατε οϖερ αϕινιτε νυμβερ οϕ σαμπλεσ Ν το τηε λεϕτ ανδ το τηε ριγητ, υσινγ α Ηαννινγ ωινδοω αγαιντο ταπερ τηε ιντερπολατιον το ζερο ατ τηε εδγεσ:

r(τ ) ≈ rnr - n sinπ φ l + n - 1 ( ) π φ l + n - 1 ( ) n=1N∑ 12 + 12 cosπ φ l + n - 1( )φ l + N

� �+

rnl +n sinπ φ r + n - 1

π φ r + n - 1 ( ) n=1N∑ 12 + 12 cosπ φ r + n - 1( )φ r + N

� �(22) ωηερε

nl ≡ largest integer ≤ τΔτ ; nr ≡ nl +1 ; φ l ≡ τΔτ - nl ; φ r ≡ 1- φ l

104IFA Proceedings 17, 1993In our implementation, N is the smaller of 500 and the largest number for which(nl˚+˚N)Dt is smaller than half the window length. This is because the estimation ofthe autocorrelation is not reliable for lags greater than half the window length, if thereare few periods per window (see figure 1). Note that the interpolation can involveautocorrelation values for negative lags.The places and heights of the maxima of equation (22) can be determined withgreat precision (they are looked for between (m—1)Dt and (m+1)Dt). We can showthis with long windows, where the windowing effects have gone, but the samplingeffects remain. E.g., with a 40-ms window, any signal with a frequency of exactly3777 Hz, sampled at 10 kHz, will be consistently measured as having a fundamentalfrequency of 3777.00000 – 0.00001 Hz (accuracy 10—8 sample in the lag domain,N=394) and a first autocorrelation peak between 0.99999999 and 1. The measuredHNR (80-ms window) is 94.0 – 0.1 dB. This looks like a real improvement.4 AlgorithmA summary of the complete 9-parameter algorithm, as it is implemented into thespeech analysis and synthesis program praat, is given here:Step 1. Preprocessing: to remove the sidelobe of the Fourier transform of theHanning window for signal components near the Nyquist frequency, we perform asoft upsampling as follows: do an FFT on the whole signal; filter by multiplication inthe frequency domain linearly to zero from 95% of the Nyquist frequency to 100% ofthe Nyquist frequency; do an inverse FFT of order one higher than the first FFT.Step 2. Compute the global absolute peak value of the signal (see step 3.3).Step 3. Because our method is a short-term analysis method, the analysis isperformed for a number of small segments (frames) that are taken from the signal insteps given by the TimeStep parameter (default is 0.01 seconds). For every frame, welook for at most MaximumNumberOfCandidatesPerFrame (default is 4) lag-heightpairs that are good candidates for the periodicity of this frame. This number includesthe unvoiced candidate, which is always present. The following steps are taken foreach frame:Step 3.1. Take a segment from the signal. The length of this segment (the windowlength) is determined by the MinimumPitch parameter, which stands for the lowestfundamental frequency that you want to detect. The window should be just longenough to contain three periods (for pitch detection) or six periods (for HNRmeasurements) of MinimumPitch. E.g. if MinimumPitch is 75 Hz, the window lengthis 40 ms for pitch detection and 80 ms for HNR measurements.Step 3.2. Subtract the local average.Step 3.3. The first candidate is the unvoiced candidate, which is always present.The strength of this candidate is computed with two soft threshold parameters. E.g., ifVoicingThreshold is 0.4 and SilenceThreshold is 0.05, this frame bears a good chanceof being analyzed as voiceless (in step 4) if there are no autocorrelation peaks aboveapproximately 0.4 or if the local absolute peak value is less than approximately 0.05times the global absolute peak value, which was computed in step 2.Step 3.4. Multiply by the window function (equation 5).Step 3.5. Append half a window length of zeroes (because we need autocorrelationvalues up to half a window length for interpolation).Step 3.6. Append zeroes until the number of samples is a power of two.Step 3.7. Perform a Fast Fourier Transform (discrete version of equation 15), e.g.,with the algorithm realft from Press et al. (1989).Step 3.8. Square the samples in the frequency domain.

IFA Proceedings 17, 1993105Step 3.9. Perform a Fast Fourier Transform (discrete version of equation 16). Thisgives a sampled version of ra(t).Step 3.10. Divide by the autocorrelation of the window, which was computed oncewith steps 3.5 through 3.9 (equation 9). This gives a sampled version of rx(t).Step 3.11. Find the places and heights of the maxima of the continuous version ofrx(t), which is given by equation 22, e.g., with the algorithm brent from Press et al.(1989). The only places considered for the maxima are those that yield a pitchbetween MinimumPitch and MaximumPitch. The MaximumPitch parameter should bebetween MinimumPitch and the Nyquist frequency. The only candidates that areremembered, are the unvoiced candidate, which has a local strength equal to

R≡ VoicingThreshold+ max 0, 2 - local absolute peak

( ) global absolute peak ( ) SilenceThreshold 1+VoicingThreshold ( ) � �(23)ανδ τηε ϖοιχεδ χανδιδατεσ ωιτη τηε ηιγηεστ (ΜαξιμυμΝυμβερΟϕΧανδιδατεσΠερΦραμεμινυσ 1) ϖαλυεσ οϕ τηε λοχαλ στρενγτη

R≡ r τ max( )- OctaveCost⋅2log MinimumPitch⋅τ max ( )(24)Τηε ΟχταϖεΧοστ παραμετερ ϕαϖουρσ ηιγηερ ϕυνδαμενταλ ϕρεθυενχιεσ. Ονε οϕ τηερεασονσ ϕορ τηε εξιστενχε οϕ τηισ παραμετερ ισ τηατ ϕορ α περϕεχτλψ περιοδιχ σιγναλ αλλ τηεπεακσ αρε εθυαλλψ ηιγη ανδ ωε σηουλδ χηοοσε τηε ονε ωιτη τηε λοωεστ λαγ. Οτηερρεασονσ ϕορ τηισ παραμετερ αρε υνωαντεδ λοχαλ δοωνωαρδ οχταϖε φυμπσ χαυσεδ βψαδδιτιϖε νοισε (σεχτιον 6). Φιναλλψ, αν ιμπορταντ υσε οϕ τηισ παραμετερ λιεσ ιν τηεδιϕϕερενχε βετωεεν τηε αχουστιχ ϕυνδαμενταλ ϕρεθυενχψ ανδ τηε περχειϖεδ πιτχη. Φορινστανχε, τηε ηαρμονιχαλλψ αμπλιτυδε-μοδυλατεδ σιγναλ ωιτη μοδυλατιον δεπτη δμοδ

mod

Time (seconds) -> 0 0.01 -1 Time (seconds) -> -1 Frequency (Hz) ->

Spectrum (dB) ->

0 5000 -2020406080 Frequency (Hz) ->

Spectrum (dB) ->

-2020406080

106IFA Proceedings 17, 1993where the transitionCost function is defined by (F = 0 means unvoiced)

transitionCost F1,F2( ) = 0 if F1 = 0 and F2 = 0

VoicedUnvoicedCost if F1 = 0 xor F2 = 0

OctaveJumpCost⋅2log F1F2 if F1 ≠ 0 and F2 ≠ 0 �(27)ωηερε τηε ςοιχεδΥνϖοιχεδΧοστ ανδ ΟχταϖεϑυμπΧοστ παραμετερσ χουλδ βοτη βε 0.2.Τηε γλοβαλλψ βεστ πατη ισ τηε πατη ωιτη τηε λοωεστ χοστ. Τηισ πατη μιγητ χονταιν σομεχανδιδατεσ τηατ αρε λοχαλλψ σεχονδ-χηοιχε. Ωε χαν ϕινδ τηε χηεαπεστ πατη ωιτη τηε αιδοϕ δψναμιχ προγραμμινγ, ε.γ., υσινγ τηε ςιτερβι αλγοριτημ δεσχριβεδ ϕορ ΗιδδενΜαρκοϖ Μοδελσ βψ ςαν Αλπηεν & ςαν Βεργεμ (1989).Φορ στατιοναρψ σιγναλσ, τηε γλοβαλ πατη ϕινδερ χαν εασιλψ ρεμοϖε αλλ λοχαλ οχταϖεερρορσ, εϖεν ιϕ τηεψ χομπρισε ασ μανψ ασ 40% οϕ αλλ τηε λοχαλλψ βεστ χανδιδατεσ(σεχτιον 6 πρεσεντσ αν εξαμπλε). Τηισ ισ βεχαυσε τηε χορρεχτ χανδιδατεσ ωιλλ βε αλμοστασ στρονγ ασ τηε ινχορρεχτλψ χηοσεν χανδιδατεσ. Φορ μοστ δψναμιχαλλψ χηανγινγσιγναλσ, τηε γλοβαλ πατη ϕινδερ χαν στιλλ χοπε εασιλψ ωιτη 10% λοχαλ οχταϖε ερρορσ.Φορ μανψ μεασυρεμεντσ ιν τηισ αρτιχλε, ωε τυρν τηε πατη ϕινδερ οϕϕ βψ σεττινγ τηεςοιχεδΥνϖοιχεδΧοστ ανδ ΟχταϖεϑυμπΧοστ παραμετερσ το ζερο; ιν τηισ ωαψ, τηεαλγοριτημ σελεχτσ τηε λοχαλλψ βεστ χανδιδατε ϕορ εαχη ϕραμε.Φορ ΗΝΡ μεασυρεμεντσ, τηε πατη ϕινδερ ισ τυρνεδ οϕϕ, ανδ τηε ΟχταϖεΧοστ ανδςοιχινγΤηρεσηολδ παραμετερσ αρε ζερο, τοο; ΜαξιμυμΠιτχη εθυαλσ τηε Νψθυιστϕρεθυενχψ; ονλψ τηε ΤιμεΣτεπ, ΜινιμυμΠιτχη, ανδ ΣιλενχεΤηρεσηολδ παραμετερσ αρερελεϖαντ ϕορ ΗΝΡ μεασυρεμεντσ.Φιγ. 4. Ατ τηε λεϕτ: τωο περιοδιχ σιγναλσ, σαμπλεδ ατ 10 κΗζ: α σινε ωαϖε ανδ α πυλσε τραιν,ωηιχη ωασ σθυαρελψ λοω-πασσ ϕιλτερεδ ατ 5000 Ηζ (αχαυσαλ, πηασε-πρεσερϖινγ ϕιλτερ). Βοτηηαϖε α ϕυνδαμενταλ ϕρεθυενχψ οϕ 490 Ηζ. Ατ τηε ριγητ: τηειρ σπεχτρα.

ΙΦΑ Προχεεδινγσ 17, 19931075 Αχχυραχψ ιν μεασυρινγ περϕεχτλψ περιοδιχ σιγναλσΤηε ϕορμυλα ϕορ α σαμπλεδ περϕεχτ σινε ωαϖε ωιτη ϕρεθυενχψ Φ ισ

x^n =

sinπF^s t^n - mT ( ) πF^s t^n - mT ( ) m=- ∞ +∞ ∑(29)Τηεσε τωο ϕυνχτιονσ ϕορμ σπεχτραλλψ μαξιμαλλψ διϕϕερεντ περιοδιχ σιγναλσ. Φιγυρε 4σηοωσ εξαμπλεσ οϕ τηεσε σιγναλσ, τογετηερ ωιτη τηειρ σπεχτρα. Τηε σπεχτρυμ οϕ τηε σινεωαϖε ισ μαξιμαλλψ ναρροω, τηατ οϕ τηε πυλσε τραιν ισ μαξιμαλλψ ωιδε.Ταβλε 1 (παγε 97) σηοωσ ουρ αλγοριτημ∏σ αχχυραχψ ιν δετερμινινγ πιτχη ανδ ΗΝΡ.Ωε σεε ϕρομ ταβλε 1 τηατ ϕορ πιτχη δετεχτιον τηερε σηουλδ βε ατ λεαστ τηρεε περιοδσ ιν αωινδοω. Τηε ϖαλυε οϕ 27 δΒ αππεαρινγ ιν ταβλε 1 ϕορ α σινε ωαϖε ωιτη τηε ωορστ πηασε(σψμμετριχ ιν ωινδοω) ανδ τηε ωορστ περιοδ (ονε τηιρδ οϕ α ωινδοω), μεανσ τηατ τηεαυτοχορρελατιον πεακ χαν βε ασ λοω ασ 0.995, ωηιχη μεανσ τηατ τηε σιγναλ

xn = 1+ dmod sin2πFtn

( )sin 4πFtn(30)(see also figure 1), whose fundamental frequency is F, can be locally ambiguous for Fnear MinimumPitch, if the modulation depth dmod is less than �‘‘‘‘‘‘‘1—0.995 = 7%. Thecritical modulation depth, at which there are 10% local octave errors (detection of 2Fas the best candidate), is 5%, for the lowest F (equal to MinimumPitch). Note that theglobal path finder will not have any trouble removing these octave errors.We also see from table 1 that for HNR measurements, there should be at least 6.0periods per window. The values measured for the HNR of a pulse train are the sameas those predicted by theory for continuous signals, as plotted in figure 3. Thissuggests that the windowing effects have the larger part of the influence on HNRmeasurement inaccuracy, and that the sampling effects have been effectivelycancelled by equation (22).For very short windows (less than 20 samples in the time domain, MinimumPitchgreater than 30% of the Nyquist frequency), the HNR values for pulse trains do notdeteriorate, but those for sine waves approach the values for pulse trains; the relativepitch determination error rises to 10-4.The problems with short-term HNR measurements in the frequency domain, arethe sidelobes of the harmonics and the sidelobes of the Fourier transform of thewindow: they occur throughout the spectrum. Pitch-synchronous algorithms try tocope with the first problem, but they require prior accurate knowledge of the period(Cox et al., 1989; Yumoto et al., 1982). Using fixed window lengths in the frequencydomain requires windows to be long: the shortest window used by Klingholz (1987)spans 12 periods, De Krom (1993) needs 8.2 periods; with the shortest window, bothhave a HNR resolution of apx. 30 dB for synthetic vowels, as opposed to our 37 dBwith only 6 periods (48 dB for 8.2 periods, 52 dB for 12 periods). In theautocorrelation domain, the only sidelobe that could stir trouble, is the one that causesaliasing for frequency components near the Nyquist frequency; that one is easilyfiltered out. This is the cause of the superior results with the present method.

measured HNR (dB) ->

SNR (dB) ->

-30 -20 -10 0 10 20 30 40 50

-10102030405060^{-30 -20 -10 0 10 20 30 40 50 60}

-10102030405060 SNR (dB) ->

measured HNR (dB) ->

108IFA Proceedings 17, 1993Fig. 5. Measured HNR values for a sine wave (left) and a pulse train (right) sampled at10 kHz, both with a periodicity of 103 Hz, with additive noise. The figures show the10%, median, and 90% curves. The window length was 80 ms.6 Sensitivity to additive noiseThe formula for a sampled sound consisting of a sine wave with frequency F andadditive �white� noise (squarely low-pass filtered at the Nyquist frequency) is

xn = 2 sin2πFtn +10- SNR/20 zn(31)where SNR is the signal-to-noise ratio, expressed in dB, and zn is a sequence of realnumbers that are independently drawn from a Gaussian distribution with zero meanand unit variance. The formula for a sampled sound consisting of a correctly sampledpulse train (squarely low-pass filtered at the Nyquist frequency) with period T andadditive �white� noise is

xn = Fs / F

1- F / Fs sinπFs tn - mT( ) πFs tn - mT ( ) m=- ∞+∞∑ +10- SNR/20 zn(32)Adding noise obscures the underlying fundamental frequency. For example,additive noise with a SNR of 20 dB gives the following results for sounds with anunderlying F0 of 103 Hz, sampled at 10 kHz, and analyzed with a MinimumPitch of75 Hz (40-ms window): the relative pitch �error� (measured as the worse of the 10%and 90% points of the distribution of the measured pitch) rises to 0.7% for a sinewave, and to 0.007% for a pulse train (these �errors� are not failures of the algorithm:they are signal properties). Gross pitch determination �errors� (more than 10% off) areonly found for negative signal-to-noise ratios (more noise than signal).For a sine wave with a frequency of 206 Hz and a window length of 40 ms(MinimumPitch is 75 Hz), with noise added at a SNR of 20 dB, there are 40% localoctave �errors� (a detected pitch of 103 Hz; these are not failures of the algorithm,either: the 103 Hz is locally in the signal) if the OctaveCost parameter is 0.001. Theglobal path finder leaves 0% octave �errors�. However, we cannot expect this goodbehaviour for dynamically changing signals. There remain 10% local octave �errors�if the OctaveCost parameter is raised to 0.003. This gives a critical modulation depthof �‘‘‘‘‘0.003 = 5%. Thus, if we want to detect reliably the pitch of noisy signals, we

jitter depth (dB) ->

measured HNR (dB) ->

-10 -20 -30 -40 -50 -60 -70 -80

-1010203040506070 jitter depth (dB) ->

measured HNR (dB) ->

-10 -20 -30 -40 -50 -60 -70 -80

-1010203040506070

IFA Proceedings 17, 1993109Fig. 6. Measured HNR values for a sine wave (left) and a pulse train (right), sampled at10 kHz, with fundamental frequencies that vary randomly around 103 Hz. The curves areshown for window lengths of 60, 80, 150, and 600 milliseconds. The short windows giveslightly larger HNR values than the long windows, except where the HNR measurementsfor short windows level off for very low jitter depths.should not expect to see the difference between the fundamental frequency and a firstformant whose relative amplitude is higher than 95% (we must note here that thezero-phased signal would raise this number to 97%).We see from figure 5 that the measured HNR values are within a few dB from theunderlying SNR values (between 0 and 40 dB). These results are better than thosefound in the literature so far. For instance, in De Krom (1993), the measured HNRvalues for additive noise depend to a large degree on the number of periods perwindow: for a SNR of 40 dB (in the glottal source, before a linear filter), the averagedHNR varies from 27 dB for 8.2 periods per window (102.4 ms / 80 Hz) to 46 dB for121 periods per window (409.6 ms / 296 Hz), and the slope of HNR as a function ofSNR is 0.7. With our algorithm, the median HNR, for a SNR of 40 dB, varies from39.0 dB for 8.2 periods per window (103 Hz / 80 ms) to 40.0 dB for large windows,and the slope is near to the theoretical value of 1.7 Sensitivity to random frequency modulations (jitter)A jittered pulse train with average period Tav has its events at the times

Tn = Tn- 1 +Tav 1+ jitterDepth⋅zn

( )(33)Α φιττερεδ σινε ωαϖε ωιτη αϖεραγε ϕρεθυενχψ Φαϖ ινϖολϖεσ α ρανδομλψ ωαλκινγ πηασε:

xn = sin 2πFavnΔt +φ n

( ) ; φ n = φ n- 1 +2π⋅jitterDepth⋅ FavΔt ⋅zn(34)For sine waves, the harmonics-to-noise ratio is much less sensitive to jitterDepth thanfor pulse trains. This is shown in figure 6 (jitter depth in dB is 20Æ10log jitterDepth).The slope of the HNR as a function of the logarithmic jitter depth is apx. —0.95, whichis closer to the theoretical value of 1 than De Krom�s (1993) value of —0.66.

110IFA Proceedings 17, 19938 ConclusionOur measurements of the places and the heights of the peaks in the lag domain areseveral orders of magnitude more accurate than those of the usual pitch-detectionalgorithms. Due to its complete lack of local decision moments, the algorithm is verystraightforward, flexible and robust: it works equally well for low pitches (theauthor�s creaky voice at 16 Hz, alveolar trill at 23.4 Hz, and bilabial trill at 26.0 Hz),middle pitches (female speaker at 200 Hz), and high pitches (soprano at 1200 Hz, atwo-year-old child yelling [i] at 1800 Hz). The only �new� tricks are twomathematically justified tactics: the division by the autocorrelation of the window(equation 9), and the �sin x / x� interpolation in the lag domain (equation 22).In measuring harmonics-to-noise ratios, the present algorithm is not only muchsimpler, but also much more accurate, more reproducible, less dependent on periodand window length, and more resistant to rapidly changing sounds, compared to otheralgorithms found in the literature.PostscriptAfter finishing this article, we discovered that the �Gaussian� window, which is zerooutside the interval

- 12 T, 32 T

[ ], ανδ

(exp(- 12(t T - 12)2)- e- 12) (1- e- 12) inside,produces much better results than the Hanning window defined on [0,T], though itseffective length is approximately the same. The worst pitch determination error (table1) falls from 5Æ10-4 to 10-6; the worst measurable HNR for a pulse train (at 6 effectiveperiods per window) rises from 29 dB to 58 dB, and for a sine wave it rises from 40to 75 dB. In figure 3, the theoretical value for a real Gaussian window at 6 effectiveperiods per window would be 58 dB (30 dB at 4.5 periods per window, and 170 dB at10 periods per window). In figures 5 and 6, the curves would not level off at 45 dB,but at 60 and 80 dB instead. In practice, a window only 4.5 periods long guarantees aminimum HNR of 37 dB for vowel-like periodic signals (65 dB for 6 periods). Thismeans that we can improve again on the analysis of running speech.ReferencesAlphen, P. van, & Bergem, D.R. van (1989): �Markov models and their application in speechrecognition�, Proceedings of the Institute of Phonetic Sciences of the University of Amsterdam13: 1-26.Cox, N.B., Ito, N.R., & Morrison, M.D. (1989): �Technical considerations in computation of spectralharmonics-to-noise ratios for sustained vowels�, J. Speech and Hearing Research 32: 203-218.Hess, W.J. (1992): �Pitch and voicing determination�, in S. Furui & M.M. Sondhi (eds.): Advances inSpeech Signal Processing, Marcel Dekker, New York, pp. 3-48.Klingholz, F. (1987): �The measurement of the signal-to-noise ratio (SNR) in continuous speech�,Speech Communication 6: 15-26.Krom, G. de (1993): �A cepstrum-based technique for determining a harmonics-to-noise ratio inspeech signals�, Journal of Speech and Hearing Research 36: 254-265.Noll, A.M. (1967): �Cepstrum pitch determination�, J. Acoust. Soc. America 41: 293-309.Press, W.H., Flannery, B.P., Teukolsky, S.A., & Vetterling, W.T. (1989): Numerical Recipes,Cambridge University Press.Rabiner, L.R. (1977): �On the use of autocorrelation analysis for pitch detection�, IEEE Transactionson Acoustics, Speech, and Signal Processing ASSP-25: 24-33.Yumoto, E., Gould, W.J., & Baer, T. (1982): �Harmonics-to-noise ratio as an index of the degree ofhoarseness�, Journal of the Acoustical Society of America 71: 1544-1550.