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METHODS FOR SIGNAL REPRODUCTION FROM MECHANICAL SOUND 
CARRIERS, MEASURED VIA NON-CONTACT, FULL SURFACE MAPPING

by Antony James Nasc6

Archivists are oAen faced with a dilemma when transferring audio jGrom early mechanical 
sound carriers to digital formats. Traditional contacting stylus methods are not always 
appropriate for recordings such as wax cylinders or coarse groove discs. The recordings in 
question may be broken, incompatible with replay systems, or too historically signihcant to 
undergo stylus forces, due to the risk of causing irreversible damage.

A non-contact surface metrology technique has been developed which enables the 
full topology of grooved recordings to be stored as a digital representation of surface 
heights. From this data, it is possible to reproduce the audio signal encoded in the grooves 
without any risk of damaging the artefact. This method has great potential for archivists 
aiming to digitise content from recordings that may otherwise be 'unplayable' with a stylus.

This thesis presents the Grst detailed study into signal reproduction methods from 
the non-contact full surface mapping method, developed for cylinder and disc media. The 
methods developed rely on parameter estimation theory, provided by a Fourier analysis of 
the measured groove proGles. Savitzky-Golay, polynomial smoothing Alters are also used 
throughout, and are shown to be well suited to enhancing the medial valley structure of the 
record grooves.

Two methods of stylus trajectory estimation for cylinders have been developed, to 
enable tracking of specimens in both good and poor surface condition. Trajectory 
estimation for cylinders in good condition relies on a global estimation of the groove's shift. 
For damaged recordings, (or for those where the track is poorly deGned), a method has 
been developed based on the tracking of local groove minima.

A number of different methods for estimating the depth signal h-om a discrete 
groove cross-section are evaluated. In order to quanti^ signal reproduction, a test cylinder 
encoded with sinusoids was produced allowing for signal quality metrics (signfd-to-noise 
ratio and total harmonic distortion) to be calculated and compared with conventional 
stylus replay.

The sampling and resolution of the measurement system are considered with respect 
to the requirements for digital archiving of cylinder recordings. Methods are also described 
for overcoming distortions introduced by the measurement process. Preliminary results for 
reproduction from discs and tinfoil measurements are also presented. Recommendations for 
future work into non-contact methods of sound reproductions are given.
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Chapter 1

Introduction

1.1 ]3ackgrouiKi

Sound rATording and repnxiiKtkm by acougb(Knnxihank:aI nKsma hMt rnade 

practicable in 1877, with the advent of Thomas Edison's Phonograph^ [1]. These 

reccuduigs vyere pMM>diK:ed clumnelluig awooustic pMMXKiire vmdaticars hi air toward^ a 

(itaplnragm, vfhich hi tuni chxive recordh^g styling "Tlu! stylus loioved in symchuMmy 

iwith tlw; iiKudent acciustic ]pressuuM^ emtxisshig 'hiU-ajid-ckde' hickmtations oiito a 

reiMilvhig cylinder, \vra{)ped ivith a layer of thifoh.. Sounci leqirochiction from the 

lexxirdkxi surface v/as achi(rM)d byr trawchig over tlue jihyeiiced inckmtaticms ivith a 

contacting stylus. Upon playback, surface undulations of the embossed tmfoil were then 

transmitted to a diaphragm-hom arrangement, into re-radiated acoustic pressure.

Ikiison's vision (if liehigadiletxi'^^kore anui reFrodiuxe autemiatically at airy futims 

time tiwB human verke: jperfectly" xvas initiaU^r iirarred liy kiv/ (luidity scmnci 

reprodiurtimi, ]provichxl Iby tin: tiafoiL TTlu! fidelity ami (luridiihty of early thifoU 

reccrdhigs vyere inrpmveid u^ion liy cylinchms iirade of v/aa^ aiid later celhikiki. 

Phonograph records gained immense popularity with the public during the late 19"" and 

early 20*'' century. As well as giving birth to the popular music industry, the 

phonograph was used to record political speeches, and provided a valuable tool for 

ofAce dictation, linguistics and education.

* The term "phonograph' k often used in modem language to denote any early acoustic recording, including cylinders 
and disks. In this thesis, the use of 'phonograph' will refer to Edison's original cylinder technology.



By 1929, mass production of cylinders ceased, and was superseded by superior 

flat cUsc techiiolog^es, txoasting kxng^^ pla^/baclc times iind ev^mtuaJly, staMX)plu)nic 

scmnd. (^ylinckns ivere liov/ever ruMxi in scientific (mvironinemts lancl Irn ()Aice dictfdion 

up until the 1960'6 [3]. Disc recording technology continued to develop throughout the 

:20^ ceidur^ land tochr^, tlm rnodEm ILF" recent! renuura a p(^)ular irucho hxnruat. 

]Sk)v/adau^s, p]iorK)g?e^)h cyluickae and jpre-sterec^phcmic (Ikta are ccaisklered otxBolete 

formats and remain confined to the vaults of museums and sound archives.

]\{arry (xf these learly leNDordin^gs brxki ctmshieralxk! historical euid (sthmxgra^xhic 

importance to our society, but their life expectancy is Anite. If improperly stored, the 

surface condition will deteriorate over time. Factors such as mould growth, creep 

deformation and cracking can destroy or distort the original audio content. Modem 

sound archives have therefore sought to preserve these artefacts through careful storage 

and transferral of the sound onto more stable, digital formats. The British Library 

Sound Archive [4] for example holds a collection of over 3,000 ethnographic wax 

cylinders, dating Aom 1898 to 1915, of which around 200 recordings have been made 

available for pubhc access via the Internet.

There remains however a vast amount of content worldwide which has not yet 

been digitised. In some cases, these recordings are considered 'unplayable' via 

conventional stylus methods. This may be because the recording is warped, or broken, 

and no longer complies with the playback apparatus. In other cases a recording may be 

deemed too Aagile to withstand the pressure of a contacting stylus.

There is therefore a growing need for alternative sound reproduction methods, 

which are capable of preserving the surface and audio content of sound carriers which 

are 'unplayable' via conventional stylus methods. The preservation and playback of 

these recordings via non-contact, non-destructive methods provides the motivation for 

this research.

1.2 The Sound Archive Project

The work described in this thesis is carried out under the Sound Archive Project 

(SAP). The SAP began in March 2005 and is funded by the Engineering and Physical



Sciences Research Council (EPSRC), to carry out research into 'Non-Contact Surface 

Scanning Systems for the Fletrieval and Protection of Archived Sound R/ecordings' (Ref: 

BP/C00857X/1). Research has been undertaken in collaboration between the 

University of Southampton, TaiCaan Technologies Ltd, British Library Sound Archive 

and the Lawrence Berkeley National Laboratory.

The aim of the project is to investigate methods for the non-contact scanning of 

archived sound recordings, such that the surface and encoded sound can be preserved in 

a digital format. The proposal is timely and critical, since at present, many sound 

carriers such as early wax cylinders, are archivaHy unstable and at risk of deterioration. 

A non-contact method of sound reproduction ensures that no pressure is exerted on the 

recorded surface, meaning that no further damage is caused during playback.

The SAP uses a method of non-contact sound recovery, based on mapping the 

full surface topology of early mechanical sound carriers, followed by audio signal 

reproduction in post-processing. Throughout this thesis, this method of measurement 

shall be referred to as the nmi-contact full surface mapping (NCFSM) method. The 

philosophy behind this technique is preservation of the full recorded surface, not real­

time playback. The SAP is a multi-disciplinary project focusing on the following 

research topics:

u.

m.

Non-Contact Surface Measurement - development of metrology systems 

for mapping the 3D surface topology of cylinders and flat discs.

Sensor Development - design of optical sensors with improved angular 

tolerance and sensing speed for measurement of grooved surfaces.

Signal Reproduction - development of methods for sound reproduction from 

discrete surface maps of cylinders and discs measured by the NCPSM method.

The research described in this thesis focuses on (iii) - the development of audio signal 

reproduction methods from the non-contact, full surface mapping (NCFSM) method.



1.3 Research Objectives

TTbe aiia thus reseeurc]! ki Ik) niethcxis for acciurtLbe s^pial reprcxiuction irom

non-contact surface measurements of early acoustic recordings, including cylinders and 

flat discs. More formally, the research objectives are:

(i) To develop robust, automated (or semi-automated) sound extraction 

algorithms for accurate sound reproduction &om 3D surface measurements 

of early acoustic cylinder and flat disc recordings of various type and surface 

condition.

(ii) To ensure that the techniques developed in (i) do not introduce 

uncharacteristic noiae or distortion, which is misrepresentative of the 

original encoded sound.

(iii) To develop methods for reproducing sound from partial surface scans 

(segments), which will enable the full recovery of sound from broken 

recordings.

(iv) To quantitatively assess and compare the audio quality achievable 6om 

both non-contact and stylus-based sound reproduction methods.

1.4 Research Contributions

This thesis presents the first in-depth study for signal reproduction Aom early 

mechanical sound recordings, measured by the non-contact, full surface mapping 

method (NCFSM).

Signal reproduction from a NCFSM method for cylinders in good surface 

condition was hrst described in 2005 by Fadeyev et al. [5]. In this thesis, the ideas 

introduced in [5] are explored in more detail for cylinders of various types and surface 

condition.

An analysis of the noise generation processes associated with measurement and 

signal estimation is given. This is carried out in order to understand the limitations of 

the NCFSM method. Resolution requirements for measurement are also considered with



respect to archival standards for digitisation of early mechanical sound carriers. 

(}onclnsirms i&re (iraAvn regsunding the arivajitages arwi (ikiad\ranta^;es (}f nrm-ccuitact 

methods, over conventional stylus methods.

]hi orrier to iirvestigade idifkuent auudio sigpial estimates (ierivecl fomm tlue same 

smdswDe clata^ ai cylinder reccrrdin^; erucockxi \vith txest sigrnak v/as gqpecLalhy imodnced. 

This represents the hrst example of quantitatively assessing and comparing non-contact 

signal reproduction 6om cylinder recordings.

Two methods of tracking vertically cut grooves &om discrete surface data have 

been developed. These methods are suitable for cylinders in good and poor surface 

condition. The methods developed for cylinders can also be applied to signal 

reproduction &om tinfoil recordings and discs.

The majority of research described in this thesis concerns cylinder recordings, as 

this has been the major focus of the Sound Archive Project up until time of writing. 

Flat disc recordings are considered, but not in as much detail. Recommendations are 

also made for further research into signal reproduction Arom the NCFSM method.

1.5 Thesis Outline

The thesis is outlined as follows. In Chapter, 2 a review of related literature is given. 

This starts with a description of the main subject matter - mechanical sound carriers. 

Sound reproduction methods are then described, including stylus, and non-contact 

methods. Next, the sensor technology investigated by the SAP is described. Finally, a 

summary of relevant techniques for signal reproduction from discrete grooved surfaces 

is presented.

In Chapter 3, the two systems developed for non-contact, full surface mapping 

of cylinder and disc recordings is described. The resolution requirements for accurate 

.qignal production are considered here. The limitations of the NCFSM method, and 

typiced noise and distortion are described.

Chapter 4 represents the mam contributions of this thesis - proposed signal 

reproduction methods &om NCFSM data. A consideration of how the audio signal is 

encoded on discrete surface data of cylinders and discs is described. A logical



progression of methods developed from raw surface data import to extracted audio 

signal is then given. A consideration of recordings in varying surface condition is given. 

The majority of this chapter concerns cylinder recordings, however methods for disc 

recordings are also considered.

Chapter 5 presents results and evaluation of signal reproduction methods 

described in the previous chapter. A testing method of signal quahty is presented, using 

a test cyhnder recording. Results from cylinders in poor surface condition are also 

presented and where possible, comparisons are made with stylus replay. Prehminary 

results are also given from an early tinfoil Phonograph.

Chapter 6 draws conclusions about the work presented in this thesis. In 

particular, the feasibility of the NCFSM method for surface preservation and signal 

recovery is described, with reference to archival standards. The final section in this 

chapter concludes with suggestions for further investigation into signal reproduction for 

the Sound Archive Project.

Reference cylinder surfaces measured by the NCFSM method are referred to 

throughout this thesis by reference codes, which can found in Appendix A.

Figure 1.1: The Sound Archive project aims to develop methods for digital preservation of early 
mechanical sound carriers, such as the wax cylinder depicted here.



Chapter 2

Literature Review

IFUaaearcli into nrxn-contact, rnettuada 6)r soiinti regirochiction tnoni

early grooved sound carriers began in 2003, with a grayscale imaging method developed 

for cUgo inecorck; Iri 20(15, a rwm-ccxntact ikrU sirrface ins^ppdry; (NCIPIShf) irw^khod for 

signal reproduction was introduced [5], which utilised an optical metrology system to 

nieasure tiue 3-D topxiloggf lof cylincler reccwniing^^ (i inelatively re<xmt reexMirch tx)pic, 

literature relating direcfZy to signal reproduction &om NCFSM methods of sound 

reproduction is limited. Nevertheless, it is the intention of this chapter to provide a 

summary of literature relating to the techniques developed in this thesis.

In order to familiarise the reader with mechanical sound carriers, an overview of 

sound recording technology from the 'acoustic era' of recorded sound (1877-1929) is 

hrst presented, including cylinders and discs. Sound reproduction from these recordings 

is then described, including both contacting and non-contact methods. Non-contact 

methods are divided into three categories: optical reproduction m situ, grayscale 

imaging methods, and NCFSM — the latter of which is most applicable to this work. 

One aim for this thesis is to assess the quality of signal reproduction from the NCFSM 

method; hence we look at how this has been accomplished in the literature for other 

non-contact methods.

Finally, a review of competing optical sensor technologies for high resolution, 

3-D surface measurement is then given. This section details the operating principles, 

measurement parameters, and limitations of three competing sensor technologies - 

white light (WL) confocal, laser triangulation (LT) and laser confoceil (CL).



(]oiK:hisk)n5 fUM;(lra\vn gts ibo %rbich senmsor is loiost siutaJ)k; for iae«UMireineirk()f]M3cor(kxi 

surfaces for the Sound Archive Project.

2.1 Cylinder Recordings

Cylinder recordings represent the earliest mechanical means for storing and reproducing 

sound. For accurate signal reproduction, it is important to have an understanding of 

the encoding principles of these early mechanical sound carriers. Recording 

characteristics and groove parameters must be understood, so that non-contact surface 

measurements can be carried out to sufBcient resolution. This section gives a brief 

history of cylinder recording technology, including the major historical advances and 

recording principles. For the interested reader, detailed accounts of the acoustic era of 

recorded sound are given by Millard [7], or Read &: Welch [8].

2.1.1 Tinfoil Phonograph

Thomas Alva Edison produced the hrst successful sound recording^ and reproduction 

device in 1877 [1], in the form of the tinfoil phonograph (see Fig. 2.1). The original 

phonograph embossed vertical undulations, produced by acoustic pressure variations in 

the air, upon a tinfoil sheet wrapped around a rotating cylinder drum (see Fig 2.2). The 

machine was originally driven by a hand crank, thus maintaining a constant playback 

speed proved to be problematic. Technical data on tinfoil machines is limited, but 

typical recording speeds were around 60 rpm [10]. Tinfoil phonograph apparatus varied 

in size but typically the cylinder drum had a diameter of 4" (100mm) and length 80mm. 

The pitch of the helical groove, (in which the sound was encoded), was coarse 

compared with later cylinders, with a nominal pitch of 10 turns per inch (tpi) [10]. This 

meant that recording duration was generally less than one minute.

Thin tinfoil sheets meant that poor longevity was also one the early 

phonograph's failings. Tinfoil recordings could only be played back a few times before 

they became incomprehensible, due to wear. As a result, there are very few archived 

examples of sound transfers made from Edison's original tinfoil phonograph.

f Adovard-LAon Scott’s ‘Phonoautograph’, patented in 1857 [9] was the first sound recording device. It consisted of a 
horn-membrane arrangement, with a stylus that made a trace on a lamp-blacked surface. Incident sound caused the 
membrane to vibrate a stylus, producing a visual representation of the sound. It was originally intended for visualising 
sound, not playback.
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Figure 2.1: Schematic of Edison’s original tinfoil phonograph apparatus, invented in 1877 
(Image is of a phonograph replica, held at the British Museum).

Figure 2.2: Examples of Sound embossed onto a sheet of tinfoil, mounted onto an Edison 
phonograph produced in 1879. Vertical groove modulations are clearly visible. (Image from [12]).



I&xa^iqples of tuifoilix&corcfbigs ck) lexist in imuockaTi artjifves, Ibnt attxnrqpts to tDuisfer tlw: 

sound from original artefacts are seldom made, due to a lack of suitable playback 

apparatus and risk of causing irreversible damage by stylus playback.

2.1.2 Wax Cylinders

In 1881, Charles Sumner Tainter, Alexander Graham Bell, and Chichester Bell 

developed a cylinder recorder that used wax instead of tinfoil. Wax brought greater 

malleability and resistance to tearing; hence more playback cycles were possible.

Tainter's Graphophone [13] from 1885, (see Pig. 2.3a) recorded sound onto a 

paper cylinder, coated with a layer of wax. Playback duration could reach 10 minutes, 

with a pitch of 120 tpi - a vast improvement over tinfoil recordings. Later 

Graphophones used smaller cylinders, 6" (150mm) in length, 1 3/8" (35mm) diameter 

with a hner recording pitch of 150 tpi.

Another development made by Tainter was the speed governor, which ensured 

that the cylinder rotated at a constant surface velocity. This greatly reduced the effect 

of pitch modulation — an ejKect caused by variable surface speed — common with hand- 

cranked apparatus.

By 1887, advances in durability and longevity of the Graphophone cylinder 

meant that recordings and playback apparatus were commercially available to the 

public. The following year, Edison announced that he had abandoned tinfoil, in 

preference for cylinders composed entirely of wax. With Edison's 'Perfected 

Phonograph' (see Fig. 2.3b), the same blank wax cylinder could be shaved and re­

recorded for "hfteen or twenty successive records", and once recorded, could be replayed 

"thousands of times with undiminished clearness" [14]. Edison had effectively developed 

the first 're-writable' sound medium. Hand-cranked motors of his early phonograph 

were replaced with an electrical motor, which ensured a constant playback speed. Early 

wax cylinder recording speeds varied; slower speeds such as 90 rpm, used often for 

spoken material, would yield nearly a 4-minute recording, while faster speeds &om 120 

to 160 rpm (or more) for music would run for around 2 to 2]^ minutes. Recording 

speeds varied until 1902, when a standard of 160 rpm was adopted.

10



Figure 2.3: Early wax cylinder recording machines: (a) Graphophone apparatus from 1885, 
shown without horn attachment (image from [12]), and (b) Edison phonograph shown with horn

(image taJken at British Museum)
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Edison’s earliest wax cylinders (see Fig. 2.4) were composed of a mixture of beeswax, 

stearic wax and ceresrn. The variability in composition of beeswax was later replaced 

with a standardised metalhc soap composite, often referred to as ‘brown wax’. Organic 

wax cylinders are susceptible to mould growth, which can attack and destroy the 

recorded groove structure. This means that the immediate transfer and preservation of 

wax cyhnders is a priority for many sound archives.

Figure 2.4: A selection of two-minute wax cylinder recordings, 2” in diameter, 4” in length. In 
1888, this became the standard size for Edison cylinders. (Image from [10])

2.1.3 Mass Produced Cylinders

In the late 1890s, Edison experimented with methods of mass-producing cylinders from 

a single matrix master recording. The introduction of the Edison Gold Moulded Record 

in 1902, meant that sales of cylinders rose from 4.38 million in 1902 and 7.66 million in 

1903 [15]. By 1912, Edison’s National Phonograph Company started to replace wax 

cyhnders with celluloid. Celluloid is regarded as one of the first thermoplastics, 

composed of nitrocellulose and camphor. The main advantage of celluloid over wax is 

that it is not susceptible to mould growth. It is also more durable, and can be played 

back more times without risk of causing damage to the grooves. In cases of poor 

storage, celluloid cylinders can still develop cracks in the surface, caused by internal 

stresses built up over time, as volatile camphor gradually evaporates from the celluloid 

material, causing shrinkage [15]. Mass-production of cylinders ceased in 1929, but the
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of 6^ dk*ation and aMddvimg ui 1dm sdenWAc omnnimu^/ (XMd^nnxl

sparingly until the early 19608 [3].

Summary
cturyparison cf (ryhiuder g^eoicwdiies lancl pla^rbswdc Fwaramefxans k {given in IFfgurt; 2.5 

ainl 81 isuiarneury iinjaortajit chrbes in tlie lustKnry (rKhirder ixacorcUi^g teclinolc^gy is 

8lK)vni in FUgpire 2.6.

'TiiLknl jOBoorcUi^gs, (iating tMwik ix) 1877 are in lanast iieed of la ironrrxmtaot 

iniethrxl cd repwnoduction, tx&carwweiniockMnn styliK iMqplay (qrstems for tinfoils (io irot exist. 

TThe likelihotMd of a tinfoil isxisting in g^aod gmrface cxmcUtion is lovr, iiniess the: ixaoordii^; 

Iras renianiuxi uii^playexi to this chr^.

TTlw) nnajc«it}r of iniaas paxxluced (cylinckans (1912-19:29), tuave Ibeen swaoessfuliy 

trariskanMxi \ia ciowMantiomd id^^lus repJe;/. IVfult^pie cc^iks ()f noass-produrxxl cyiinflers 

(axist, iireanii^g tiuat theane is usnaU^r at lesst on^ coinr in g^nod (coiwlitkm, suitalik; h)r 

idr^ins tremsfer. iloiKxnniniercial ivaat eyiinckar reconxiings (he. iwat nnass-fmoduced) lare 

most likely to benefit from a non-contact sound reproduction method, due to the risk of 

cauising inneversible chunagevyith a stylus.

Parameter Tin-foil Wax Cylinders Celluloid Cylinders

I)8tecd Fbxndnctkm 1877-1880 1885-1911 1912-1929

Material Tin-foil sheet Wax Celluloid

(Cylinder IDiameter (mm) -100 35-127 60

(}yluider Length (nnm) -80 152 - 229 102

Playback Speed (rpm) -60 90-160 160

Pitch (tpi) 10 100 - 150 100 - 200

Playback Duration (mins) < 1 2-10 2-4

Recorded track length (m) -10 66 - 540 75-150

Groove surface area (m^) 0.025 0.017 - 0.09 0.0192

Figure 2.5: Summary of Acoustic Cylinder Recordings (Collated from: [7-8,10-12,15]).
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1877 Edkon fw 'TkjaU Phonogrgftu The An^ suoMaekl
inecorcluig aiid repHnodiiction c^tlueJkmu&n TM)k)e.

1879 Edison halts further development of Phonograph in favour of the light
bulb.

16K10 AJkncaiKier (Iraliam Ilell ]pul)h8ln:s: "Oii tike f^roduction imcl
Reproduction of Sound by Light", read before the American Association 
of Advancement of Science.

1881-84 Tainter, A.G Bell &: Chichester Bell experiment with wax cylinder and
disc technologies, to improve upon Edison's tinfoil phonograph.
Speed governor produces recordings with constant recording/playback 
speed.
C. Bell and Tainter file for first Graphophone patents [13] 
The Graphophone recorded sound onto a paper cylinder, coated in wax. 
Graphophone and cylinder recordings commercially available to public. 
Edison starts work on improved phonograph, to utilise wax cylinders. 
Edison announces his Perfected Phonograph, which uses wax cylinders 
and an electric motor.
Edison announces spring motor phonograph.
First widespread, commercially available cylinders in brown wax. 
Playback time is approximately 2 minutes.
Edison Concert Phonograph introduced. Concert cylinders were over 
double the size of standard cylinders, and were suitable for public 
performance.
Sales of Edison Gold Moulded cylinders reach 7.66 million.
Amberol Record introduced. Cylinder playback time is 4 minutes. 
Edison introduces celluloid. Blue Amberol Cylinders offering greater 
durability.

1929 Edison ceases mass production of Blue Amberol cylinders.
1930 - 1960 Cylinder recordings used for scientific, office dictation purposes.

1885

1887

1888 

1895

1899

1903
1908
1912

Figure 2.6: Historical developments in cylinder recording technology 
(collated from: [7-8,10-12,15])

2.1.4 Recording Principles

Recording systems and cylinder technology developed between 1877 and 1929, but the 

basic recording principles remained the same (see Fig. 2.7). In recording mode, a 

cylinder 'blank' is set to rotate with constant angular velocity, 6. A cutting tool 

(stylus), which is coupled to a diaphragm-horn arrangement, advances along the 

cylinder axis (r-axis), via a lead screw with constant pitch, ,1^ Prior to recording, the 

cutting stylus is forced into the outer cylinder surface, producing an unmodulated cut
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of fixed radial depth. During recording, incident acoustic pressure p{t), is channelled via 

a mouthpiece or horn from the surrounding air, towards a thin diaphragm, forcing the 

stylus to cut undulations which are normal to the surface, (in the radial plane), about 

its mean cut depth. This radial modulation, 2„(f) is often referred to as “hill-and-dale” 

or “vertical” (see Fig. 2.8). As the cutting stylus vibrates in the radial plane at greater 

amplitude, the groove walls open out more (a-a’). As the cutter rises, the groove wall 

gets narrower (b-b’). The encoded groove follows a helix of pitch A„ with cross-section 

dependent on the stylus tip geometry.

Figure 2.7; Recording principle for vertically cut groove cylinders.
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Front view of cutter

Plan view of “hill-and-dale” groove 

Figure 2.8: The 'hill-and-dale' recording principle used for cylinder recordings (Image from [16]).

2.1.5 Recording Characteristics

Modulation Depth

For vertical cut grooves, there is a limit to how deep the cutting tool can travel into 

the surface before affecting the adjacent groove (‘inter-cutting’). The maximum depth 

of the modulated groove, prior to inter-cutting is limited by groove pitch, A,, and 

the radius of curvature of the cutting tool. For a vertically modulated groove, this 

relationship can be calculated if one assumes that the cutting tool cross-section is a 

circle segment, with radius (see Fig. 2.9), by:

'*max ' stylus

Figure 2.10 gives example calculations of maximum cut depths for two typical stylus 

tip radii [17], at two groove pitches. These maximum allowable cut depths range from

6.8 to 102.2 pm and represent the absolute maximum range of groove modulation, from 

peak-to-trough (See Figure 2.11). From these calculations, it can be seen that cylinder 

groove depth is typically on a micron scale.
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Figure 2.9: Consideration of groove cross-section cut by spherical stylus tip with radius, for 
calculating maximum allowable groove depth, , for vertical cut grooves.

Stylus tip radius,
dmcx , depth limit before 

inter-cutting occurs (pm)
100 tpi 200 tpi

130 pm 102.2 16.6

300 pm 2&2 6.8

Figure 2.10: Comparison of maximum intercutting depth for two stylus tip radii and groove
pitches.

Range of stylus 
modulation Cylinder Surface

;ut depth

Figure 2.11: Longitudinal section of modulated cylinder groove, demonstrating the maximum 
range of stylus motion, given by This distance ranges between 6.8 to 102 (nn, for cylinder

recordings.
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It^^spNonse

As cylinder recording technology developed, it became apparent that the recording horn 

Iplayed a vital role in iniprcrvh^g the frtxpieiKr^ reapcmse. lire rachns i)f iLhe reccMMiuig 

r^, b ty^ced^ ve^ and fmr of

^ > 2mg, dm^^agn imeKKm^tMn«hm^ TnmmKawdto ^an

impedance 'mismatch' between the large volume of surrounding air (low impedance), 

and the small cross-section of the stiff diaphragm (high impedance). The horn acts as 

an 'impedance matcher', matching the low impedance of surrounding air at the mouth- 

end, to the high impedance of the diaphragm, at the throat of the horn. A smooth 

reduction m cross-sectional area towards the horn's throat helps to couple the 

diaphragm to the surrounding air, thus increasing the effectiveness of sound 

transmission and radiation in recording and playback. A detailed description of 

acoustical impedance and horn theory, with reference to the phonograph is given by 

Webster [18] and Wilson [19].

The characteristic impedance of the horn and mechanical linkage introduces a 

complex transfer function, to the signal chain, between acoustic pressure p(t) and 

the encoded radial modulation, Zg(f). The result of which meant that recordings 

produced by acoustic means were typically band limited between 150 Hz and 6 kHz. 

Figure 2.12 shows a typical &equency response of a mechanical phonograph discussed 

and analysed by Maxfield and Harrison [20].

Figure 2.12: Typical frequency response of a mechanical phonograph, showing how the range of 
frequencies for acoustic recordings was limited between 100 Hz and 5 kHz. (Discussed by 

Maxfield and Harrison, [20] and re-plotted here by Olson [21])
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Equalisation

There are essentially two different recording modes for storing a signal in a modulated 

groove: constant displacement amplitude and constant velocity. For a recording made 

with constant signal level, a constant amplitude recording encodes the same groove 

amplitude over the full frequency range, thus stylus velocity increases with frequency. 

A signal encoded with constant velocity maintains a constant stylus velocity at all 

frequencies, thus a doubling of frequency means that the peak groove displacement of 

the recorded tone is halved, at the rate of 6dB per octave (see Fig. 2.13).

Figure 2.13: Example of a constant-velocity waveform. A doubling in frequency produces a
halving in displacement.

For grooved recordings, the audio signal can therefore be considered as the 

groove position (constant amplitude), or the first time-derivative of groove position 

(constant velocity). Each recording characteristic has its limitations, for example in 

constant amplitude mode at high frequency, the radius of groove curvature decreases. 

There is therefore an upper frequency Emit during recording, above which the radius of 

the groove will become smaller than the cutting tip, which can lead to distortion on 

playback. Similarly for constant velocity recordings, at low frequencies (larger groove 

amplitudes), there is a limit at which groove excursions will impede adjacent grooves
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('inter-cuttmg'), which adds a constraint to the minimum allowable groove pitch of a 

recording.

Over a limited frequency range (-150 Hz - 4kHz) acoustic recordings are said to 

eadid)rb a (xynstaart-^rekocrb^ cliaracferistic ^22). Tlie inipJication (of this is tluit higgler 

jiexiueirck%liav^;^rery low displacemwmt arnf^itudes, fmdcan twxxmie naaslMxl b^^imrface 

noise.

Through a non-contact depth measurement of the recorded surface, the radial 

displacement position, ^.(f) produced by the cutting stylus can be estimated. To obtain 

a signal that is proportional to the acoustic pressure recorded, the first derivative of 

this vector should be taken to obtain a signal that is equivalent to the radial velocity of 

the stylus. For a continuous harmonic signal of the form: z. = , the first time

derivative can be obtained, simply by multiplying by For discrete signals, the 

numerical gradient at a point can be obtained via a Rnite difference operation. Different 

numerical diSerentiation methods (e.g. forward/backward/central difference), wiU 

introduce a unique frequency response, based on its z^transform. It is therefore 

suggested that some discrete filtering operation, incorporating both the differentiation 

stage and desired equalisation is applied to z,. This approach has been implemented in 

previous work by Fadeyev et al. via FFT Altering [5].

Due to the complex transfer function of the horn, mechanical linkage, and 

surface roughness, an optimal equalisation will vary from cylinder to cylinder. It is 

therefore suggested here, that any Anal equalisation is left to the expertise of the 

transfer engineer or sound archivist. Regardless of which Altering method is used (prior 

to public access), the most important stage in the playback chain foAowing surface 

measurement, is to obtain the best estimate for the displacement track, z^.

2.1.6 Noise and Distortion

Cylinder records are subject to many sources of noise and distortion, during the 

recording and playback process. Noise, in the context of audio signals can be deAned as 

any unwanted signal that interferes with the communication, measurement or 

processing of an information-bearing signal [23]. This section considers some of the
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iiUierent i)oiuxDes of tuouM) aiwl cUsttHrtkxa, relating; to cyrUiwiers. /I cc»i8Mier(^;i^Mi tliese 

FMnobJema ia iiDjoortaJit for ckryeloimiei^ <)f a stre^x^gy fcf t]^e loiethrxi

and signal reproduction.

Surface Noise

flunt rnfwle ii cktaUed stwly |/^1] nito plioruograjah sturkwoe iBon*: frorn s^r^lus 

reproduction. He states two mechanisms for surface noise, both of which had origins in 

tlw) lihryback jprcKXxas itself i[)ne i^tsnis frcun tlw; stick-sl^o iiatmxe cf sliding friction 

IxybMMxm tlw! igrocnAs vn&U (md ix^pnoclucing (M^yhis. Ilie seccmd (xmies from the 

inicrcKXxopic irnfxerfections (of tin: srudsee (micrcHrcmglmess), suid iHhe inesultar^ 

displacement of the stylus upon it. The Rrst condition does not aSect the non-contact 

method, but the issue of surface roughness does. Micro-roughness of the surface will be 

measured by the NCFSM method; hence signal reproduction will still be affected by 

characteristic surface noise. Surface noise is random, broadband noise, with a relatively 

flat frequency spectrum up to the highest audible h-equency. It is commonly referred to 

as "hiss", and is analogous to the prolonged sibilant sounds heard in speech, for 

example, with the word "yes".

Surface Eccentricity

Imperfect manufacturing processes and long-term storage effects mean that cylinders 

are generally non-concentric, i.e. the cylinder radius is variable along its length. This 

has implications for both measurement, and signal reproduction. For playback, surface 

eccentricity can result in a perceived fluctuation in pitch, because the surface speed is 

no longer constant upon playback. This is sometimes referred to as "wow". For non- 

contact surface measurement, greater cylinder eccentricity means that the sensor must 

operate over a larger range (sensor gauge range is discussed more in Section 2.5.4).

Deformatlou, debris and mould growth

Early cylinder recordings can only be played back a Gnite number of times before the 

signal degrades. With every successive stylus playback, the grooves undergo a certain 

degree of plastic deformation, caused by contacting forces. If these forces are too high.
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groove deformation occurs. An NCFSM surface measurement in Figure 2.14 shows an 

exan^de of wea^ cau&^ Ihy a st)dus anatclung acnxa the gnxnm. Laq^^ sode 

imperfections of the grooves, such as grit, pits or scratches result in impulsive noise 

upon playback. These impulses in the playback signal are often referred to as 'clicks' or 

'pops'. Signal processing techniques developed by Godsill et al. [25-27] have been 

devised for the detection and removal of scratch noise and transients, typically 

produced by surface wear and debris.

Wax cylinders are also susceptible to mould and fungus growth, which causes 

pitting of the surface (see Fig. 2.15). Mould growth is a destructive process, which 

results in a loss of signal Rdelity.

Groove Loss

Groove loss occurs when a sustained portion of the groove has been removed or worn, 

to a point where the audio signal is no longer retrievable. This is very likely to be 

encountered with tinfoil records for example, which could only be played back a few 

times before becoming incomprehensible. Broken cylinders that have been reconstructed 

(see Fig. 2.16b for example), will exhibit groove loss if surface regions are not fully 

reconstructed.

In addition to these damage instances, vertical-cut grooves can exhibit 

discontinuities (see Fig. 2.17) when the cutting stylus temporarily leaves the surface of 

the cylinder, during extreme excursions of the recorder diaphragm [17]. To counteract 

the effect of groove loss, an interpolation of the audio signal wiU be required, to ensure 

that the track appears to be continuous.

Temporal Distortion (Speed Effects)

Recordings which have become warped or deformed, (through poor storage or from 

creep for example), may result in fluctuations in playback pitch, an effect often referred 

to as 'wow'. This defect occurs because the surface speed of the cylinder is not 

constant. Pitch defects can also be introduced at the time of recording, if the rotational 

speed of cylinder apparatus is not held constant.
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Figure 2.14: (a) 3D surface measurement of Graphophone cylinder grooves (GRAPH) showing 
damage caused by stylus replay. The deeper region (dark blue) is seen to cut across the adjacent 

groove. This surface plot measured by the Sound Archive Project system is produced from a 
series of depth profile measurements, as shown in (b). Note that dotted-line data in (b) was not 

measured by the sensor and has been interpolated for visualisation purposes.
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Figure 2.15: The organic composition of wax cylinders makes them susceptible to mould growth, 
which can be seen with this specimen (BIRDS) by the lighter ‘speckled’ regions.

Figure 2.16; Examples of (a) wax cylinder breakage and (b) efforts to reconstruct a broken 
cylinder (EVANS). Red regions in (b) are areas of wax used to re-attach cylinder fragments.

Figure 2.17: Photomicrograph showing discontinuous cyliader record groove. Ovals indicate 
regions where the cutting stylus has momentarily left the surface, resulting in signal loss.

(Image from [28]).
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2.2 I)isc IlecKxrdir^gs

Although the focus of this thesis concerns signal reproduction from cylinder recordings, 

a brief consideration of monophonic disc recording technology is now given. For the 

ndenKted r&wkr, a coUecidon of bxdnncid fwqxrs n^pndhig dkK reomtUng and 

i^qprochiction can ixe fouani in [29], also [3C^. F\)r historical chnreiopmeaits, idle readier is 

again referred to [7-8].

2.2.1 Gramophone

In 1887, ten years after Edison's first cylinder system, Emile Berliner produced the 

Gramophone [31], which was the Arst system to record and reproduce sound onto disc. 

Discs produced on Berliner's Gramophone had a laterally modulated ("side-to-side") 

groove as opposed to the vertical, "hill-and-dale" cylinder system. The lateral recording 

process was similar to that of the Phonautogre^h, produced by Leon Scott in 1857 [9], 

which used a hog bristle to produce a trace of the incident sound onto lamp-blacked 

paper (although Scott's machine was never intended as a system for reproducing sound, 

merely recording). Berliner initially used lamp-blacked paper as the recording medium, 

but combined this with an etching process that allowed for transfer of the original 

traces to a copper or nickel layer [30]. Sound could then be reproduced &om this metal 

layer and duplicates could be made from a master. By 1895, Berliner favoured discs 

that were coated with wax.

Disc materials
Various kinds of disc materials were experimented with in later years. Three of the 

most commonly used materials were Shellac, Acetate, and Polyvinyl Chloride (PVC, or 

more commonly 'Vinyl'). Shellac discs contain organic materials and hence like wax, 

were susceptible to mould growth. Acetate records use a layer of cellulose nitrate 

lacquer with a finer grain than shellac, which increases the fidelity of the sound. 

Acetates are however most susceptible to breakage, due to stresses which form in the 

lacquer layers over time. Most modem pressed records are vinyl records. PVC has a 

finer grain still over acetate, providing even greater hdelity. Vinyl records are also the 

most stable material and are resistant to mould growth.
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Recording Speed

I)isc i^xxardii^g s^xseck} veuied tliroi^ghout thoe 2(y^ (xsntmry, txut eryentiialiy 3 starwifuxi 

playback rates were developed: 78 rpm, 33 rpm, and later 45 rpm. As with early tinfoil 

arwl cylinder reccMMiings, thus earliest (lisc rec(Mnds cUcl loct liavi; staruiardkxxi pigu/bawik 

speed.

Summary of Disc Recording

AA/heineas researcli uito cyiincier Ixechnologyr (teased (dOkar 1929, disc reccwnding aaid 

reproduction technology continued to advance throughout the 20*^ Century. Electrical 

reccxniing; arni iMqproducticul iruaWioKis inipaoved thie frecpiencry resixoluw: and lidiehty of 

the sound. Other advances included double-sided disc recording, long-play (LP) records, 

(33 rpm discs), increased playback duration (up to 30 minutes per side for a 12" LP 

record for example), and the invention of Stereophonic (two-channel) recording. In 

general, discs have a greater surface area and longer playback duration than cylinders, 

hence the measurement requirements are much more demanding. A summary of 

parameters for two common disc standards is given in Figure 2.18.

Parameter 78 rpm (10" diameter) 33^^^ rpm (12" diameter)

Groove Width (pm) 150 - 200 25-75

Groove Depth (pm) -74 15

Bottom Radius (pm) 38 - 58 3.8

Groove Angle 82 - 98° 87 - 92°

Grooves per mm 3.78 - 5.35 7.87 - 11.81

Inter-groove spacing (pm) 175 - 250 38-50

Max. groove amplitude

before intercutting (pm)
100 - 125 38-50

Recorded track length (m) 152 437

Grooved surface area (m^) 0.0386 0.055

Figure 2.18: Basic mechanical parameters of lateral groove recordings (from (6)).
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2.2.2 Recording Principles

The recording principle for acoustically recorded discs is similar to that shown in 

Figure 2.7, except that a rotating flat disc replaces the cylinder, and the cutting stylus 

propagates inwards, in a concentric spiral from the outer rim to the disc centre. 

Monaurally recorded discs employed a lateral, ‘side-to-side’ cutting mode, as shown in 

Figure 2.19. The lateral cutting action is analogous to vibrating a pen upon a piece of 

paper, whilst sliding the paper orthogonally to the direction of vibration. Unlike 

cylinder records, the groove width a-a’ is constant throughout the duration of the 

recording. The encoded groove (see Figure 2.20) consists of two walls, with a curved 

bottom, with curvature dependent on the cutting tool radius. The surface between 

adjacent grooves is referred to as the land. The resulting groove walls produced by the 

cutting tool, which are generally ‘V-shaped’ (for 78 rpm), or ‘U-shaped’ (for 33rpm) run 

parallel, along a spiral towards the record centre.

FRONT VIEW 
OF CUTTER

MODE OF 
VIBRATION

1-5 MIL 
RADIUS TIP-

FRONT
BEVEL'

X87^\ 
FRONT ANGLE

SIDE VIEW 
OF CUTTER

iir
BACK ANGLE

Figure 2.19: The lateral cut groove system (“side-to-side”) of recording. The cutting stylus moves 
in the horizontal plane, producing a groove of constant depth. The distance a-a’ is constant.

(Image from [16]).

Bottom radius

Figure 2.20: Disc groove cross-section, typical of 78 / 33 rpm disc.
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kBcruncl IVd^edbliCMcls

In this section, reproduction methods torn mechanical sound recordings are described, 

"lids txBgins \vrtii a tuief loolc iit isbylus repuxxliK^bicui, land swanie of the issues ewaaociated 

with contacting methods. Next, non-contact methods of reproduction are introduced, 

lire de\^^kq)merd (d: (optical in^prothiction s^^dxams i&xr Iboth (r^Hiuiers aiwl discs has Ibeen 

the 8ul)j(xrt of iniich inesearcli in ixx>Knt ^^ears. TThe**: are (iefhied ui tluxae csdx^gories: 

(i) optical reproduction in situ, (ii) gray-scale imaging methods, and (iii) non-contact, 

full surface mapping (NCFSM) with post-processing.

2.3.1 Stylus Reproduction

Today, it is uncommon for sound archives to transfer recordings with original 

phonograph horn reproducers. Instead, direct, electrical transduction methods are 

preferred. By directly contacting a stylus with the groove and transmitting the 

modulations via an electrical transducer, the transfer function of the horn and 

mechanical linkage is bypassed, which results in an extended h-equency response. Figure 

2.21 shows the measured frequency spectra of pure tones recorded onto a blank Edison 

cylinder, and transferred using both original phonograph apparatus and electrical 

pickups. The response produced by the modem pickup has an extended frequency range 

when compared with the hom-microphone arrangement.

Stylus Choice
It is important for archivists to ensure the correct stylus is used, in order to measure 

the groove appropriately. Knowledge of the groove geometry is therefore essential, prior 

to transfer. The British Library Sound Archive (BLSA) for example, use modem stylus 

tips made of diamond or sapphire in various shapes and sizes. Tip radius ranges &om 

3.7 thou (94 pm) for 200 tpi, to 8 thou (203 pm) for 100 tpi cylinders. Styli of different 

shape are often experimented with, until the desired response is achieved.

Although sound is encoded onto a cylinder monophonically (one channel), it is 

possible for cylinder replay systems to utilise stereo pickups, (measuring two channels). 

Figure 2.8 showed how the vertical ('hiU-and-dale') encoding of a cylinder also has a 

transverse ('side-to-side') component. Stereo pickups at the BLSA for instance have
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been configured such that they respond to both the vertical and transverse modulation 

of the grooves, thus providing two channels of audio (stereo). The two channels are fed 

into a signal conditioning system and if necessary, the transverse signal can be 

subtracted from the vertical signal. The result of this subtraction is that surface noise 

(which is uncorrelated with the signal), is attenuated.

Figure 2.21: Measured frequency distribution of pure tones, recorded onto a blank Edison 
cylinder [32]. The original acoustic horn machine (Edison Dictaphone, recorded with a 

microphone) has a limited response above 5 kHz, whereas the other two electrical transduction 
methods (direct pick-ups) give an extended frequency response up to around 10 kHz.
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Archival Standards for Digitisation
With regards to digital principles and standards of transfers, lASA-TC 04 [33] states 

the^ a minimnm s&mp^^ raW of 48 kHz, and a pKkn^d 88n^)Ung ra^ of 

96 Ikllz is rexpiirecl jkxr the; (ligital of eJl rec()rd€d ajtedkwrts. Tliis stamiard

also recommends that archivists use A/D converters with a bit-depth of 24-bit. Modem 

digital audio equipment typically allows sampling at 192 kHz / 24-bit resolution, 

(though it is questionable whether a 24-bit A/D converter practically allows for a 

dynamic range of 144 dB for real signals). These recommended sampling practices 

might be considered 'over sampling', for acoustic recordings which have an upper 

frequency response of around 5 kHz. lASA-TC 03 [34] suggests however that high 

resolution transfers and over sampling of the 'unintended parts' of a sound document 

(i.e. noise and transients) may make the future removal of these artefacts by digital 

signal processing easier, for purposes of public access.

Factors affecting Stylus Reproduction
In order to compare stylus and non-contact methods of sound reproduction, it is 

necessary to have an understanding of problems associated with contacting the grooves 

with a stylus. Despite advances in modem reproduction systems, there are still cases 

where stylus replay is problematic, and the eSect of contacting the grooves introduces 

distortion to the recovered signal. A detailed analysis of stylus wear, sources of surface 

noise, stylus/groove relationships and stylus geometry can be found in the literature 

[24,35-40]. These analyses highlight the geometric and dynamic factors of stylus 

reproduction systems, which can introduce distortion into signal chain. Examples of 

distortion include:

i) Tone-arm / Cartridge Resonance - caused by the dynamic moving mass of 

the stylus and tone-arm. The tone-arm essentially acts as a cantilever beam, 

with a mass, stiAhess, and an associated resonant frequency. If the stylus 

becomes excited at resonance during playback, the recovered signal will become 

distorted.
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Tracing Distortion - caused by the stylus-groove relationship and arising 

from the fact that the stylus tip is of finite size [35]. The motion of a reproducer 

cannot always accurately follow the contour of the recorded surface, which 

results in distortion of the original signal. The stylus deviation from originally 

encoded signal depends upon the curvature of the groove and the size and shape 

of the stylus tip. Tracing distortion typically occurs when the radius of 

curvature of the recorded groove becomes smaller than the radius of the 

reproduction stylus, and the stylus is no longer able to trace the groove 

correctly. In the sinusoidal case shown in Figure 2.22b, the stylus no longer 

follows the original groove, and the path traced by the centre of the tip of a 

playback stylus over a perfect sinusoidal undulation is not purely sinusoidal. In 

general, higher frequency modulations are more aAected by tracing distortion, 

due to increased groove curvature and smaller amplitudes. To reduce this e^ect, 

the size of the playback tip must be reduced, which can become impractical.

Figure 2.22: Signal trace of (a) ideal pick-up, tracing over a sinusoidal groove and (b) groove 
trace exhibiting tracing distortion, which no longer appears purely sinusoidal (Image from [38]).
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issuesare shaUow, or ^ the 

(xyrrect^/, a s^r^his cewi tem]porariiy leaA^s tlw: grcKxve, canshig sig^ial cht^p out, 

gpM)0\^; skipj)uig aiwi iinjyulahre iioise. ^^rkirtkuially, if tiw) iw^ical jpatli of tJie 

jgrocn/e lias Iheeai stnrereiy ctamag^xl, (i stylua iwiU tx: aJbte to folkymr tiw; 

mteuded signal path in situ.

Summary of Stylus Reproduction
Modem stylus replay systems use direct, electrical transduction of the groove, in order 

tx) liypwiss tlie (ximplea: transfer fiuiction of ei refirodncing hcun, ivhicli eartencLs tin: 

frequency response. Although stylus reproduction may cause damage in extreme cases, 

a contacting stylus does have some advantages over optical methods. For instance, the 

stylus has inherent noise-suppressing properties, in tarns of rejecting the micro­

roughness of the surface, which optical methods are more sensitive to. In addition, the 

inertia of a stylus means that in some cases, loose debris can be dislodged from the 

groove, making subsequent playback less prone to impulsive noke.

It was also shown that stylus reproduction has some limitations. For instance, 

the Gnite size of the stylus tip limits the reproduction of higher frequencies, when 

tracing distortion occurs. In addition, stylus reproduction for damaged recordings is 

problematic, due to errors in tracking the groove correctly in situ.

2.3.2 Optical Reproduction in situ (ORIS)

Optical reproduction in situ is based upon the idea of an 'optical pickup', which 

translates the physical groove modulations into a digital audio signal. With optical 

reproduction in situ (ORIS), the full recorded surface is not preserved, but the encoded 

audio signal is recovered without causing damage to the grooves. Signal reproduction 

6om ORIS methods relies on a groove tracking control system, which ensures that the 

sensor tracks the groove correctly.

ORIS systems for cylinders include interferometric methods developed by the 

Institute for Information Recording Problems, Ukraine, [41-42], and Syracuse
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lJiuvt33ity [43), anci kuagr Ibeain i^^lectwm raetlKxis ckrM!kq)ed lay Ilokicaklo IJniveiaity 

g?TM^p hi Jajxm [44-47).

For disc reproduction, examples of ORIS systems include laser beam reflection 

rnettuxls sudi iis ilie Ix^aerpluine [48], arewUrtniie ]playtxack sysi^m, kiuiRm as the 'I^^^er 

TTtuTitatde' [4Gk4K)^ fuid laser (infraction niethexl cievelo;xxl Iloidkaido Lbirversi^^ 

[47,51]. A selection of these ORIS methcxls and problems ass(x:iated with playback in 

situ are now discussed.

Laser Beam Reflection Methods
The use of laser beams as a means of sound reprrxiuction from disc grooves was hrst 

described in 1977 by Heine's 'Laser Signing Phonograph Record player' [48]. Heine 

was inspired by high-resolution images of grcxived recorcis, taken via electron 

microscope. He postulated that if such Rne grcxive detail was visible &om these images, 

then an electro-optical system means of reprcxiuction was possible. Heine's 'Laserphone' 

operated by focusing a Helium-Neon gas laser onto a 45/45 phonograph record groove 

and measuring the reflections. The position of the reflected light pattern (image) varied 

in response to the modulated groove. Heine was able to detect these variations in 

position via photo-detectors, which prcxiuced an output that was proportional to the 

magnitude and direction of image displacement. This system incorporated a tracking 

system with feedback, to ensure that the beam was positioned appropriately in the 

gr(X)ve. Heine makes no comment on the success of the Laserphone reproduction, but 

gives an important observation, noting that for warped records, a long focal length is 

preferable, to allow for 'warp tolerance'.

A more advanced laser-beam reflection system for cylinder reprcxiuction was 

developed by the Hokkaido University group. Figure 2.23 shows the principle of the 

laser-beam reflection methcxl developed in [44-47]. A light source (provided by a He-Ne 

laser or laser di(xie), is focused by an objective lens upon the grooves and is reflected 

with angle O', obeying the law of reflection. The reflected ray reaches a detecting plane, 

placed perpendicular to the optical axis, with origin O, centred at the point of 

intersection with the optical axis.
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(a)

Figure 2.23: Optical sound reproduction in situ method for cylinders, developed at Hokkaido 
University, showing (a) 2-D schematic of laser beam reflection method with cylinder intersection 

(Image from [44]) and (b) overview of measurement principle (Image from [47]).
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distaiKXB vAhich is FMM)p(»ibic»ial to and tfue distaiuDe betwet^i C) aiwl tlw; iilnmmating 

pfxuit c«i thus v/aa: c^dicwler. \\Tien tiw! cylinder rcybates, tiwe intersexyWon ]point :at tlie 

cketecting plane \raries teii^poraJJy. TTlus tempKxral i/ariatkyn lat tlw; cletecting; plane is 

irusasinxed t^y si ptKntioiwxnsithre cLsvice (PSID), ivluch is later (xm\M%dxxl tn an aiKik) 

signal and recorded by a tape recorder. The detected position signal corresponds to the 

tinie-difkanentiated sound s^;nal, since the ai^gie 6)' (depxsnrk on the g^swilent ()f the 

gT(x)ve at tire iUnniuiatecl s^x)t pMOsikikn. TThe spatial ixasolution lof tire I^SI), vrith en 

effective detection area of 34 x 2.6 mm, was 7pm, which was considered suARcient for 

sound reproduction.

Iwai et al. [44] found that the 'quality', 'timbre' and 'noise' of the reproduced 

signal varied as a function of beam width. The 'Gdelity' and 'loudness of noise' 

increased as beam width was decreased; with increasing beam width, the level of high 

frequency components reduced and fidelity decreased. When the beam width was large 

compared with the groove dimensions, an 'echo' became audible. In Figure. 2.24(b), the 

diameter of the incident beam spot, is large compared with the groove width, and 

illuminates neighbouring grooves. The result for the reproduced signal is a 

superposition of groove displacements at times tg, T and tg- T, (where T is the time 

taken for one cylinder rotation). This results in temporal distortion, or 'echo'. The 

Hokkaido group concluded that a beam width of 30-130 pm was suitable for cylinders, 

in order to avoid this echo. This is an expected order of magnitude for wax cylinders, 

which typically have a groove pitch of 127 - 254 pm.

Another issue with the laser-beam reflection method is that of tracking error, 

which occurs when the illuminating beam no longer images the grooves appropriately 

(see Pig. 2.24(c)). Tracking error is reduced by using a 2-D position-sensitive device 

(2D-PSD), to obtain a tracking error signal, which is fed back to the motion control 

system. This feedback control system reduces tracking error, but for warped cylinders, 

treicking error stiU occurs
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Figure 2.24: Considerations of laser beam reflection methods developed by Hokkaido University.
]ri(aj ap^propriatelkeam vndWdiis hxrused coirectk^irigpMxrve valkr^ In (b) large Ibeain vdcHdi 

images multiple grooves, resulting in a lack of hdelity. In (c), the beam is focused incorrectly at 
the grcKrveiickgeiesidting in an echo effect (iue to the superpKXution of {grooves at two (Afferent

time instances. (Images from [44])
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Summary of ORIS methods

The phUo%^^^ txhuxi ORIS k for sound uquoduction ou^ and not kr

purposes of surface preservation. ORIS methods rely heavily on a real-time tracking 

sy^ybem, vdiich irmst lx; actrurate :at time icueasm^unent. TTraddug gprocr^e features in 

this way can result in unsatisfactory signal reproduction, especially in the case of 

damaged or deformed surfaces, with complex groove structures. With regards to the 

laser Ixeam reflection iruetliod tlie Iloldcaick) lUiiiversity g^xxip irote the icJloiving 

problems vrhli ()RIS raetluxds:

i) IPideiity of:x)und isjpocu,

uj ISkuseaurbefacts areirdrodmxed tlunou^^h the!im;asmx%ment panocess,

iii) Echo (temporal distortion) is introduced,

iv) Accurate tracking of grooves is difficult to achieve in situ.

Comments about signal quality from ORIS methods have been made subjectively, and 

no attempts to quantify the signal to noise ratio (SNR) have been described in the 

literature. To the Author's knowledge, ORIS methods have not been used for 

reproduction from tinfoil recordings.

2.3.3 Grayscale imaging methods for discs

Grayscale imaging methods provided the first example of non-contact methods used for 

preserving the sound and sur/hce topology of discs. A grayscale image can be 

represented by a 2-D discrete matrix, /(h,to), of dimensions h x to :

7(/i,w)
^7(1,1) ... 7(1,w)"! 

7(A,1) -- 7(h,w)
7(We{0,l,...,Ar}

Where h and to correspond to height (rows) and width (columns) of the matrix. Each 

element of the matrix represents an image pixel, and is assigned an intensity, or gray 

integer value, n, 0 & n a A. An image n that can only take 0 and 1 as values is said to
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be a binary image. It is important to note that values in I{h,w) relate to the reflected 

light intensity and not the measured surface depth. An example grayscale image from a 

78 rpm disc acquired by a flat bed scanner is shown in Figure 2.25.

In general, a full 2-D grayscale image of the disc is acquired; with the groove 

topology stored as grayscale image intensity values. Signal reproduction then occurs in 

post-processing, which allows for more accurate tracking of the groove than with ORIS 

methods. The sound from monauraUy recorded flat discs can be extracted by obtaining 

high resolution, grayscale images of the surface. This is because sound encoded on 

monaural discs is stored in the lateral modulation (transverse), as opposed to the 

vertical (‘hill-and-dale’) mode for cylinders.

250

Figure 2.25; Grayscale image of 78rpm disc grooves, measured by Digital Needle flat bed 
scanner. Grayscale intensities represent image reflectance intensity, not surface depth. (Image

from [52])

Several research groups have investigated grayscale imaging techniques for non-contact 

sound reproduction of disc recordings. These methods are now described.

Digital Needle
Two student projects at the Royal Institute of Technology, Stockholm, (Project Light- 

Blue [52] and Light Green, [53]) investigated methods of extracting sound information
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from images of 78 rpm disc records, measured by a retail flat bed scanner. The scanner 

used was a CanoScan 5000F, capable of 2400 dpi (dots per inch). The sound extraction 

algorithms developed by Project Light-Blue are as follows:

Groove Localisation

In this step, the number of tracks and starting position of grooves on the record is 

determined. This is accomplished by firstly determining the groove spacing via FFT 

methods, and then detecting peaks in grayscale image intensity profiles (see Fig. 2.26). 

With the starting positions of grooves determined (See Fig 2.27), each groove can then 

be followed, in order to form a coherent track.

Figure 2.26: The detection of peaks values (indicated by circles) in image intensity profiles forms 
the initialisation stage for Digital Needle (Light Blue). This stage is required to ensure that all 

groove information is retrieved (Image from [52]).
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Figure 2.27: Track localisation for Digital Needle, Light blue group. Red circles represent the 
starting position from tracking grooves. (Image from [52])

Groove Tracking

In this stage, the grooves are tracked from the starting positions determined in the 

previous step. Grooves are tracked using a moving window method. The window P is a 

column vector of five pixels, centred on the starting position, given by (see Figure. 

2.28):

P =

7(2/1 +r(0),c)^ '0.8'
/(2/i +r(l),c) i{y, -1,1) 0.8
/(t/i +r(2),c) = /(%,!) = 0.9
/(i/i +r(3),c) /(% +1,1) 0.9
/(% +r(4),c)^ JiVi +2,l)i ,0.8,

Where c is the column index. The intensity values in P are then used as tracking 

weights, and a centre of mass quantity, p{n) is formed, based on a weighted average of 

the neighbouring pixel intensities:

p{n) = ■

With r(i) = [-2, -1, 0, 1, 2].
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In the next tracking step n+1, the column index c is increased by 1 and a new column 

vector of size [5x1], P is formed. This time, the central row index of the window is 

updated with index y\ = 4- nint{p{n)) obtained in the previous step (the operator

‘■ninf stands for nearest integer function). By using the value + nint(p{n)), the 

search region for the updated vector’s centre of mass is confined to a neighbourhood, in 

the vicinity of the previous step. The tracking procedure (shown in Fig. 2.28) continues 

until the end of image is reached, and then restarted for the next groove starting 

position, j/2) % - &/n- This technique is an example of image feature tracking using 

window neighbourhood methods. The size of neighbourhood used to calculate the centre 

of mass value is clearly of importance here, and must be determined from knowledge of 

groove spacing. The resultant track data given by the centre of mass quantity p{n), 

gives an estimate of the radial position of the groove, corresponds to the audio signal. 

With regards to quality of signal reproduction from the Digital Needle Projects, no 

conclusions were given.

Columns

Figure 2.28: Method used by Digital Needle (Light-blue group) for tracking grooves in grayscale 
image, based on a moving-window method. The window, shown by the blue outline propagates 
across the column dimension, based on the ‘centre of mass’ value of the grayscale pixels in the 

current frame. Dashed circles represent the tracking sequence for this groove segment.
(Image from [52])
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VisualAudio

Stotzer et al. [54-59] developed a two-stage, grayscale imaging approach for sound 

recovery of laterally modulated disc grooves (see Fig. 2.29). Firstly, an analogue 

photographic process records an image of the disc onto analogue film. This film is then 

digitised using a rotating scanner (CCD camera) for processing in the computer. The 

author’s claim that the analogue photography step allows for a larger depth of field 

(DOF), while imaging the disc, and ensures that the image to be digitised (the 

analogue film), fits into the reduced DOF required by the microscope’s optics. In 

addition, an analogue copy of the record is stored, for long-term archival purposes. The 

VisualAudio (VA) method has been applied to 78 rpm and 33 1 /3 rpm disc records 

with round and triangular groove shapes respectively, examples of which are shown in 

Figure 2.30.

(1) Record (2) Film (3) Digitized images (4) Sound

Figure 2.29: The VisualAudio concept of audio signal reproduction from disk records.
(image from [54]).

Measurement Principles

With the VA method, microscopic photographs of the record are stored on high-grade, 

(grain size: 0.2 - 2 /im) black and white analogue film. The disc record is illuminated to 

ensure homogeneous illumination, and a high-resolution image of the record is taken. 

Illuminated fiat sections of the groove (tops and bottoms) producing strong specular 

reflections appear black on the negative film. With the use of a circular scanner, the 

analogue film is then digitized via a 2048-sensor CCD-linear camera, mounted onto 

microscope optics. The record hes on a glass turntable and with each rotation, a radial
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measurement is recorded. Each sensor in the CCD integrates the light of a 1 x 1 jjim 

area of the surface. Adjacent sections are scanned in order to digitise the whole record 

surface.

(a)

(b)

200 pm

Figure 2.30: Grayscale groove images produced by the VisualAudio group of (a) 78 rpm disc 
with triangular groove cross-section and (b) 33 1 /3 rpm disc with rounded groove cross-section.

(Image from [59])
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Groove Extraction from VlsualAudlo Method

Following image acquisition, a groove extraction stage is required to estimate the radial 

groove position, which corresponds to the instantaneous sound signal [54]. The image is 

processed by examining 1-D intensity profiles, taken across the grooves (See Figure 

2.31arb). Groove extraction algorithms, are summarised in three stages:

1. Coarse Edge Detection - achieved by convolving intensity profiles with a 

double box filter kernel 6(r) of size .1x1:

6 = [-1 ... -1 0 1 ... 1]

The choice of ,1, is based on the groove width, typically 10 to 20 pixels. The result of 

this convolution process is a smooth approximation of the derivative of the intensity 

profile (see Figure 2.31c). The position of extrema (maxima and minima) of this 

derivative pro&le forms a coarse approximation to the groove edge positions.

2. Fine Edge Detection - achieved by use of an adaptive pixel level threshold 

and linear fitting method (LMS). Edge candidate pairs, and c/jt, correspond 

to the 'raising' and 'falling' edges of the grooves, are returned. The detected 

edges for a single intensity profile are shown in Figure 2.31d)

3. Trace following and sound - Thus stage uses the sequence of hne edge pixel 

candidates, to iteratively reconstruct groove traces. Each trace T^, is comprised 

of a rising edge , and falling edge sequence / (see Figure 2.32). The groove 

trace following algorithm is as follows:

l)
n)
m) 
rv)

V)

Initialise the traces
Define raising and falling edge positions, and for the y-th prohle.
A pixel neighbourhood m, is dehned around each f)(y) and /X./) PbceL 
Best edge point candidate c*, is chosen for each edge sequence r, and /.

If multiple edge candidates exist, best edge pixels are selected among these 
candidates [cr*, by minimising |^(y)- cr*! and |/Xy)- respectively. 

Increment y and go to step (11).

The audio signal is then obtained by extracting the reidial position of the groove traces.
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Direction of playback

.. (b)

X.

Figure 2.31: VisualAudio [55] groove edge extraction from using (a) grayscale image of 78rpm 
disc (b) intensity profile, (c) 1st derivative profile and (d) edges fitted via least squares fitting to 

the extrema pixels shown in the derivative profile (circles indicate detected edge centres)

Groove trace, 7)

f,

“ ^ /' „ 

cn ri(j+1) cfi cfz f,(j+1)

Figure 2.32: VisualAudio [57] groove traces T) are built up by selecting edge pixel candidates 
^iij) and y)(y)corresponding to rising (rj and falling edges (fj of the intensity profile.
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Playback Sample Rate

jnohiwxai et al. ^)!)] (lescribes a ituaxiDiuia aiidio pla^^aack saoiplbig freqiwaicy froia tlw:

laetlKxl of 1^2.8 kllz for SSi^pni, == 170.4 ]kRz for 78rimi inocorda. TThese

valiw*! iire deixaniuiMxi from the iiuinlxar (of radial roeasiunements teloea the scECiner, 

vdth a maximum of 1.31 a: 10^ rawdial lOieasmtniuEnts pxar disk ixytatfon. Jc^insai [55] 

iiotes sirbjectrvely twov^ever, th^rt an irna^ge size, b(KXxi cm sampding; lof 6.5 )[ 10^^ radial 

measurements per rotation, does not signiAcantly reduce the quality of the signal.

riie airn for the ^VisuaduAirdio group is to puxodiKxe a signal tliat k '(xmrparelife ibo 

stylus playback for records in good condition' [54]. This means a signal-to-noise ratio of 

up to 40 dB for 78 rpm records. Stotzer [54,57] gave an analytical consideration of the 

maximum allowable noise of the groove edge, in order to achieve a SNR that was 

comparable to stylus replay, concluding that the system had 'suMcient resolution' for 

78rpm discs. A quantitative analysis of test records in [57] gave SNR results of lOdB 

for 788 and 16 dB for 33 rpm discs. Stotzer concluded that VisualAudio sound 

extraction resulted in lower sound quality than standard stylus playback, but does 

allow playback of records considered unplayable on turntables.

Local Damage Correction of Disk Image

Methods were also developed [55,57] for dealing with damaged recordings 

(see Pig. 2.33 for example). The assumption made is that corrupted pixels, caused by 

debris/scratch sites, produce replacement noise, which is uncorrelated with the original 

groove pixels. A ^corrupted pixel map' is used to detect and correct damage sites. Two 

gradient masks are applied to pixel data to detect outliers. Those pixels exceeding a 

gradient threshold are considered in the 'corrupted pixel map'. Stotzer designed these 

gradient masks to separate degradations into two different scales:

* Small, localised degradations, due to Aim grain or small dust.
* Larger scale degradations (due to scratches for example).

Pixels identiAed in the corrupted map were then replaced either via linear 

interpolation, least mean squares (LMS) Atting of neighbouring samples, or by an edge 

copy method, (the preferred correction method was not speciAed in [57]).
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Figure 2.33: VisualAudio considerations of image degradations, showing (a) microscopic view of 
record grooves with fungus growth, (b) groove image showing local degradation and (c) 

corrupted pixel map, with corrupted pixels marked in white. (Images from [55]).

IRENE

A gray-scale imaging process was also developed for sound reproduction of discs at the 

Lawrence Berkeley National Laboratory. Their system, known as IRENE (Image, 

Reconstruct, Erase Noise, etc.) combines image processing with a general-purpose 

optical metrology system. In their earliest engineering report, [6], a large number of 

appropriately magnified, overlapping digital images of grooves from a 78 rpm disc are 

measured. The record is illuminated coaxially with a narrow beam of light. Flat regions 

of the groove (bottom and top) appear white, while the groove walls, scratches, and 

debris appear black (see Figure 2.34). The 2-D imaging process focuses on the bottom 

of the groove and sound is reconstructed by deducing a stylus trajectory. The device 

used to capture images consists of a video zoom microscope (with CCD image sensor)
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and a precision X-F table. With chosen magniScation, the field of view is 700 x 540 

which meant that each pixel of the CCD camera corresponded to 0.91 x 1.90 pm 

area on the record surface. This gave a point resolution of 0.26 x 0.29 pm (compared 

with 2.5 pm^ for the VisualAudio method).

Only a brief description of signal reproduction methods from the IRENE system is 

available in current literature, summarised in [6] as follows:

" Data 6om each image sequence 6ame is merged into a global polar (R,^) 
coordinate system, where R is the distance from disc centre, and ^ corresponds 
to azimuth angle.

" Using width information of points either side of the groove bottom (the groove 
width is approximately constant for 78 rpm discs), certain points are Altered 
out from the image.

" Small mechanical shifts due to movement of the mechanical stages were 
removed using correlation of the overlapping image segments.

" The edge point variation in R (radius) with change in ^ (circumferential) results 
in the audio signal.

" 15-point edge sequences are Atted to a polynomial function, which is then 
diKerentiated analytically to approximate the velocity response of a magnetic 
cartridge.

Sound Aom this method was judged to be 'comparable' with stylus reproduction 

of the same recording and the IRENE system is currently under evaluation by the 

Library of Congress for digitisation of 78 rpm discs. Scanning times for discs are 

approaching real-time, with 4 seconds required to recover 1 second of audio.

The IRENE system has also been used to extract sound Aom a phonautograph 

recording, which predates the TinfoU phonograph (c. 1857). The phonautograph was 

never produced with the intention of playback, and was used as a means of visualising 

sound for scientiAc purposes [63]. The phonautograph groove shown in Figure 2.35 is 

visually simUar to a 78 rpm disc scan, thus signal reproduction was analysed in the 

same way, although the grooves had much lower Adelity.
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(b)

Figure 2.34; Grayscale images from IRENE system showing (a) scratch region across two 78 rpm 
disc grooves and (b) close-up highlighting the traced groove.

(Images from Fermilab presentation [64]).

'i/UVl/l/i/l/i/i/UH/n/l/vVi/Ui/H/ui/l/l/i/lA/i/t/UUU-t'./t.

V If 1/ 1/ 1/ 1/ L/

Figure 2.35: Phonautograph grooves produced using the IRENE system showing (a) eight groove
traces and (b) close up of groove trace.

(Images from Fermilab presentation [64]).
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2-D unagh^ind^Kxk havelxxm devdoped sound n^uoducUon 6oni

l&kuaUy i^^oKkd dk^ rexudh^^^ una^% do not fuovkk aociunte (kpth

information, which means that only lateral information from grooves can be retrieved. 

TThis inuakes {grayTKak: inia{pni; uiisuitable for (^^Under ixqorochiction. Ihi (xmtrast ibo 

optical reproduction in situ, grayscale imaging methods do not suffer from issues due to 

tracldi^;. TThis li^glhl^ghts (ono of tlie inuabi (wiv^mtag^x; of fidl surface irwaasurfuruaut, 

combined with post-processing.

In general, grayscale imaging methods provide a high playback sampling 

frequency of up to 170 kHz. Areal measurements can be acquired relatively quickly, 

when compared to single linescan profiles. The highest available pixel resolution quoted 

for the IRENE system is sub-micron, (0.25pm). From a preservation perspective, the 

VA method has some advantages over Digital Needle and IRENE systems, because an 

analogue film copy of the surface is stored, however Aim grain size is the limiting factor 

in terms of surface resolution.

Various post-processing methods have been devised to retrieve audio hrom 

grayscale images of monaural discs. These methods mainly rely on edge detection and 

knowledge of the groove width and encoding principles.

The use of test records with the VA group enables signal-to-noise ratio and 

total heirmonic distortion to be calculated. Comparisons of these signal quality metrics 

can then be made with stylus reproduction. Without test signals, audio signal quality 

can only be judged subjectively, via listening tests, which is not satisfactory from a 

scientific perspective.

2.3.4 Non-contact, full surface mapping for cylinders

Cylinder recordings store sound primarily in the vertical modulation of the groove, 

which means that an accurate measurement of surface depth is required. Methods of 

estimating depth Aelds Aom grayscale images are possible, but they do not give 

sufAcient resolution for sound reproduction. Moreover, the cylinder geometry cannot be
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nMiaaunxi in a Oat scann^ phok^^aphed the awne Mgohhbioa, as p^ the 

methods described in [52-59].

a^emathe rqnoduction i^ra^gy hn cyhmh^s hdnxiimed by LawrmKe 

Berkeley National Laboratory (LBNL) in collaboration with the University of 

Sloutiiamp^xm land TTaiCiaaa TTeclmologies is 1)a8€<l car ineqppin^; the fnh 3-1) snrh&ce 

topology of the recorded surface via optical sensor. The philosophy behind non-contact, 

full surface mapping (NCFSM) methods is preservation of the recorded surface, which 

allows access to the audio signal in post-processing. The feasibility and advantages of 

this scanning strategy were first investigated for a Blue Amberol cylinder in 2005 [5].

With the NCFSM method, a cylinder surface is mapped via a single-point 

optical displacement sensor (sensor technology is described in next section) combined 

with rotary and linear stage motion systems. By measuring a series of groove depth 

profile measurements (see Figure 2.36) at fixed azimuth angle, a discrete surface map 

^(Zj,^), is formed (see Figure 2.37).

Figure 2.36: A 2nim linescan segment taken at Gxed azimuth from a Blue Amberol cylinder, 
demonstrating the groove shape profile. Linescan grid spacing. Ax is 10pm. (Image from [5]).
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Figure 2.37: Irum x Imm segment of an Edison cylinder surface formed by a series of linear 
scans, acquired using the STIL CHR150 confocal probe. (Image from [5]).

This scanning strategy is the same used for methods developed in this thesis. A 

thorough description of surface measurement for cylinders is given m Chapter 3. In this 

chapter, we consider the signal reproduction methods initially developed by Fadeyev et 

al. A summary of signal reproduction methods from the Blue Amberol cylinder, as 

described in [5] is now given.

Groove Extrema (valleys and troughs) are located for each linescan. These points 

are identified by being data points that were higher or lower than the surrounding 

data, along the linescan.

I. The correct groove extrema (ridges and valleys) form a grid with fixed distance 

between neighbours, determined by the groove pitch Ay A relative phase or 

‘offset’ of this grid along the cylinder axis is fitted to the list of extrema. Extrema 

candidates were compared to this grid and those that exceeded a distance 

threshold from the ideal fitted grid were considered outliers and removed from 

the list of extrema.
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n. Groove ridge heights were taken jBrom the list of valid extrema found in (II). For 

the Arth valley (groove bottom), the minimum height of the groove (valley) is 

determined by fitting a parabola with hxed quadratic term to the 10 surrounding 

points of the valley. This set of points is fitted to a parabolic function, .Ht(x), 

with hxed quadratic term using a minimisation:

with held constant and:

1

where Z is the raw data index of the t-th valley, j is the linescan angular index. 

The parabolic shape is an approximation to a circular segment, and the Axed 

quadratic term, ^4^ is chosen to match a cutting tool of radius 130 /zm, which was 

found to agree well with historical data [17]. Outliers were iteratively removed 

Aom this At if they deviated by more than 3o, and the At was reiterated. Fit 

iterations stopped if no points deviated by more than 3o, or only 5 points 

remained. The procedure of discarding outliers handles cases of debris or groove 

damage. As a result of the At, the groove depth is found by:

d = Ct. B// (4A).

m. With a set of groove extrema at Axed azimuth, the data is appropriately 

reordered into a time series that follows the spiral trajectory of the groove 

bottom. This is achieved by establishing the "seed" groove bottom positions Aom 

the first slice. For each position, the groove bottom (ridge) positions in the next 

slice are searched for within a neighbourhood along the cylinder axis. If this 

distance is less than 30 /nn, then the position was attributed to the same groove.
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ordered, the data set contains 36,000 points per cylinder rotation. Assuming that 

the cyhnder k perkctly concahzk, a Imear pls^tiack sample nde can t*i 

calculated as follows:
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— 160, this equates to a linear playback sample rate of 96 kHz.

IV. Any errors in the data found during the previous htting stage are linearly 

interpolated from the neighbouring points to form a displacement track. The 

authors note that three distinct data streams can be derived from the groove 

minima and maxima. These data streams are:

* Groove bottoms (valleys)

* Groove tops (ridges)

* Groove top minus groove vahey.

The prescence of an audio signal contained within the groove top stream means 

that top-bottom subtraction method is biased and has the potential to introduce 

echo, due to the superposition of adjacent grooves. The authors postulate 

however that due to the logarithmic perception of sound amplitude, the samples 

would have to be very close for degradation to occur, thus the effect of top- 

bottom subtraction has little effect on the output signal.

V. The authors note that over a given frequency range, cylinder recordings exhibit 

constant velocity characteristics [5]. In order to obtain a signal with a flat 

response over a given hrequency range, the extracted displacement data is 

diKerentiated numerically and digitally Altered in one step. This is implemented
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via a discrete Fourier transform (DPT) of the displacment signal, and a 

mnk^)hc^^m wht (X^Kcdnk in tlm fmqwm^y dmn^^. 'T^

coelKcenk afe to nii^K^ the operath^ fhxpwmcy range of the nMordh^; 

system, which the authors state as being 20 Hz to 4.8 kHz. The audio signal is 

then resampled to 22.05 kHz sample rate, and scaled to have a 16-bit dynamic 

range.

In order to make subjective comparisons with stylus playback, the same 

cylinder was transferred using the Archeophone. It was noted in [5], that the similarity 

of the waveforms in Figure 2.38 demonstrates the accuracy of sound reproduction, 

when compared with a mechanical transfer, although no attempt was made to quantify 

the degree of similarity, or comparative audio quality of the two methods. Examination 

of the spectra in Figure 2.39 shows how the stylus and non-contact methods exhibit 

very different low frequency responses below 90 Hz. The sharp cut-off at 4.8 kHz in 

Figure 2.39 is due to the Altering operation, described in step (V).

One issue to note is that due to the finite gauge range over which the sensor 

can resolve surface displacements, only 30 seconds of the full four minute recording was 

successfully extracted. In order for this method to become practical for archival 

purposes, the full surface of the recording must be mapped. This requires advances to 

be made in optics, and sensor technology, to ensure that the sensor can operate over a 

greater gauge range. Nevertheless, the ability to map and preserve the full surface 

topography has great potential for archivists and has great advantages, over in situ 

methods, which rely on accurate tracking in real-time, as opposed to reconstructing the 

audio signal in post-processing.
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Figure 2.38: Comparison of audio waveforms (14ms) from (a) non-contact reproduction and (b) 
corresponding section from the stylus transfer. (Images from [5])
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Figure 2.39: Comparison of frequency spectrums with (a) the non-contact method and (b) stylus 
transfer using Archeophone. Note the difference in low frequency response below 90 Hz.

(Images from [5])
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Summary of NCFSM Methods

The primary advantage of NCFSM methods is the ability to resolve surface d^th to 

high resolution. By measuring true surface depth as (opposed to image reflectance as 

with gre^^cak inu^pngX N<]FSM can poteutiaUy be used 6^ inoduhded

IgnocnM: ruedia, either ^yerticai (xr Laterally cut. hfe^ppii^; tlw) full surfarx; tcjxolog]^ luave 

distinct advantages for recordings that are in poor surface condition, for which tracking 

the grooves in situ can be problematic. The NCFSM method uses a single-point 

measurement sensor to construct a surface composed of linescan proxies. This in 

contrast to grayscale imaging methods, which utilise CCD arrays, to take areal 

measurements. As a result, scan times for the NCFSM method are greater than with 

grayscale imaging methods.

Post-processing ensures accurate tracking of the grooves, and allows for damage 

sites to be identihed and Altered. High resolution mapping of the surface also has the 

potential for sound recovery h-om recordings that are broken, by scanning the 

fragments individually, and reconstructing the fuU surface in the computer.

The majority of stylus replay systems use a magnetic cartridge, which results in 

a velocity signal, (not a displacement signal), hence to approximate the response of a 

stylus &om the raw displacement track, a diSerentiation process is required. Haber 

accomplishes this by differentiating via an FFT method, which incorporates additional 

equalisation. It is unclear whether this method offers archivists a signal that most 

closely represents the original encoded sound. Ideally, for archival purposes the 

resultemt audio signal should be presented in a raw, unAltered form, and equalised later 

for purposes of public access.

Fitting an ideal shape primitive to the groove cross-section has eidvantages in 

terms of rejecting noise caused by outlying debris. The method developed by Fadeyev 

and Haber, which incorporate quadratic Atting of the groove cross-section, is weU suited 

to Blue Amberol cylinders whose groove resembles a parabola. For earlier cylinders 

(such as the Graphophone groove proAle shown in Figure 2.14b), a different Atting 

model is required. The issue of the 'ideal groove shape model' provides a topic for 

investigation in this thesis.
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2.4 Related Signal Prc»cessing

This section describes techniques for quantifying signal reproduction horn the NCPSM 

method. Ridge-valley detection, and smoothing Alters, (in particular the Savitzky-Golay 

Alter), are then described, with an emphasis on their importance to the methodology 

developed in this thesis.

2.4.1 Audio Signal Quality Assessment

Many methods for audio signal quality assessment based on the modelling of auditory 

perception exist in the Aterature, such as PEAQ (perceptual evaluation of audio 

quality), [60], or PEMO-Q (Perceptual model. Quality assessment), [61]. These metrics 

attempt to characterise the effective signal processing performed by the ear, taking into 

account psychoacoustic effects of the auditory system. Modelling such processes may 

introduce bias, due to the fact that the auditory system varies from one subject to the 

next. Ideally one should seek a quantitative measure of audio quality, which can be 

calculated numerically without bias.

For musical recordings (typically encountered with cylinder recordings for 

instance), the detection of a signal present in noise ultimately reduces to a subjective 

judgement [62]. For recordings with a known signal, such as a sinusoid embedded m 

Gaussian noise, the signal and noise models are more easily deAned. In [57], several 

metrics for calculating the signal-to-noise ratio (SNR) were examined for signals 

reproduced Aom the scanning of a disc recording. The disc contained pure tones 

(sinusoids) and the following SNR metrics were deAned:

Signal-to-Nolse Ratio (SNR)

The SNR gives the ratio of the power between a known signal and unwanted noise. 

SNR is expressed in dB and is deAned as:

.ym-ioiog<10
signed

Where is the power of the signal at Aequency and is the power of the

noise Aoor. For purposes of integration, is calculated on a Aequency range of

58



± /margin > around the peak frequency, /q. Stotzer chooses a frequency range 

/margin of ± 5 Hz in [57]. The noise floor power P^oise is then calculated over the 

remaining frequency range, from 100 Hz to 10 kHz.

Total Harmonic Distortion (THD)

The THD of an audio signal is a measurement of the harmonic distortion present and is 

defined as the ratio of the sum of the powers of all harmonic components to the power 

of the fundamental. It is defined as the ratio of the sum of the powers of all harmonic 

frequencies, /i, ^ /s... /„ , above the fundamental frequency /o, to the power of /q and is 

computed as follows:

THD-lOlog,10
^ harmonics

Where Pharmonics IS the sum of the powers of the first three harmonics above /q. The 

power of each harmonic is calculated in a range of ± 5 Hz, of the harmonic peak. 

Stotzer rejects harmonic components above 10 kHz.

A high THD implies that the recovered signal is not purely sinusoidal, and is 

distorted by higher harmonic components. This implies that distortion of the sinusoid 

has occurred at either the recording or reproduction stage, possibly by the tracing 

distortion mechanism.

2.4.2 Ridge-Valley Detection

The purpose of ridge-valley detection is usually to capture the major axis of symmetry 

of thin image features and is a common task in many image processing applications [65- 

69]. This differs from edge detection, where the task is typically to estimate the 

boundary of an object. With grayscale imaging for example, intensity ridges and valleys 

form medial structures for thin objects [66] such as blood vessels, road networks or 

fingerprints images.

The topography of grooved media can similarly be thought of as a succession of 

ridges and valleys. For grooved media, the location of valley structures form the medial
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axis of the recorded path, traced by a stylus. The detection and enhancement of these 

rnedtal hiuas is tlu%refore iinpxartant for sig%ial repHrodiiction 6x)ni clata fuccpruMxi Iry tlie 

NCFSM method.

Haralick [66] describes ridge/valley detection in two ways:

I. The location of zero crossings of the first directional derivative, taken in the 

direction which extremises the second directional derivative,

n. The position of a ridge (or valley) occurs when there is a simply connected 

sequence of pixels that have intensities that are signiGcantly higher (or lower) in 

the sequence than those in the neighbouring sequence.

A comprehensive evaluation of methods for ridge and valley detection can be found in 

[67].

2.4.3 Smoothing Filters

Data acquired from the NCFSM method typically contains high frequency noise, due to 

the micro-roughness of the material. To help detect ridge-valley features, a filter can be 

applied to smooth the data. Data smoothing can be thought of as applying a suitably 

designed, low-pass fUter to a time-series [70]. When smoothing data, it is often useful to 

replace data points with some local average of the surrounding data. In general, 

neighbouring points measure closely to the same underlying value; hence appropriate 

averaging can reduce the degree of noise, without much loss of the overall form of the 

signal.

Moving Average Filter

The simplest type of smoothing filters is the moving average filter (MA). MA filters 

replace each data value / by a linear combination g,, of itself and some number of 

nearby neighbouring points.

2 cJi
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Where: : number of points used 'to the left' of a data point t, (earlier abscissa

points)

m,; : number of points 'to the right' (later abscissa points)

Cn : Alter coefAcient(8)

For an un-weighted MA Alter with symmetric window (% = ) the replaced value,

is the average of the data points Aom to with constant weighting,

=l/(n^ + »&+ 1).

If the underlying function / , changes linearly with time, then no bias is 

introduced as a result of this Altering process because high points at one end of the 

averaging interval are balanced by lower points at the other end. For functions with 

non-zero second derivative, a bias is introduced, for example, at a local maximum; a 

moving window average will always reduce the function value.

In the case of impulse (or sharp Auctuation) present in a time-varying signal, 

the moving window average preserves the area underneath the impulse and its position 

in time, but the width of the impulse is corrupted. In cases where the width of an 

impulse is important, simple moving averaging techniques are sub-optimal for use as 

smoothing Alters [70].

Savitzky-Golay Filter
The Savitzky-Golay FIR smoothing Alter (SG) or polynomial smoothing Alter is useful 

in appAcations where it is important to preserve the width of an impulse, such as 

spectroscopy [71-73]. The idea of SG Altering is to And Alter coefAcients , that 

preserve higher moments of the signal, by approximating the underlying function by a 

polynomial of some order. FAter coefAcients are found by a least-square At, which 

selects Cn that minimises the total mean-square error.

An SG Alter can be applied to a series of uniformly spaced data values 

For each point / , a polynomial is least-squares Atted to all -t- 1 points

m the window, then is set to be the value of that polynomial at position * (ordinate
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Figure 2.40: Demonstrating principle of SG polynomial filter.
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ridges (maxima) and valley (minima) structures.

SG filters derive directly from a particular formulation of the data-smoothing 

problem in the time or spatial domain only and do not introduce phase distortion. A 

thorough consideration of SG Filters for signal enhancement can be found in the book 

by Orfanidis [74]. Some other points to note regarding SG filtering are:

* The value of polynomial is not used at any other point other than at *.

* The frame length must be odd.
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* When moving to the next point , a whole new least-squares fit using the 

shifted window is calculated.

' All the least-squares fits do not have to be laboriously calculated in turn as 

described. Since the process of least-squares fitting involves only a linear matrix 

inversion, the coeRicients of a fitted polynomial are themselves linear in the 

values of the data, and the polynomial coefficients can be computed with a 

linear filter.

» It was been shown by Bromba et al. [75] that SG Alters are approximately 

optimal smoothing Alters for signals that exhibit polynomial characteristics, 

(such as the ridge-vaUey pattern of the linescan proAle).

SG Alters are attractive in the application of groove cross-section enhancement kom 

NCFSM data because their design is determined by geometric heuristics, derived A-om 

knowledge of the spacing and complexity of the groove shape.

2.5 Optical Sensing Technology for Surface Measurement

The NCFSM method relies on the ability to measure grooved surfaces to high precision, 

over a large area. Atomic force microscopy provides very high spatial resolution [76], 

but is impractical for large specimens, such as phonogr(q)h recordings. Instead, the 

Sound Archive Project has favoured single-point displacement measuring sensors, 

combined with a raster scanning system to map the full surface topology of a grooved 

surface. Three optical sensing technologies have been investigated and are now 

described.

2.5.1 Triangulation Laser (TL)

The triangulation laser measurement principle is as follows: (see Figure 2.41)
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A laser beam is focused onto a target surface at a normal angle to the surface 

profile of interest.

The beam reflects off the target surface and passes through a custom designed 

receiver lens system, positioned off-axis, which collects the diffuse reflections 

and focuses a beam onto a charge-coupled device (CCD) sensing array, held 

within the sensor.

The CCD detects the position of maximum light intensity of the reflected beam, 

which is representative of the surface height displacement.

Surface displacements can typically be resolved to less than 1 pm.

The reflected hght used by the sensor requires unobstructed light transmission 

towards the off-axis receiver lens and detector. This means that measurement of 

steep surface inchnes is problematic, because the surface form can obstruct the 

path back to the detector.

Figure 2.41: The Triangulation Laser principle.
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2.5.2 Confocal laser (CL)

The confocal laser principle is shown in Figure 2.42 and is now described:

• A continuous wave red light (X—670 nm) laser source is passed through a 

collimator lens to limit divergence of the beam.

• An objective lens focuses this hght into a small spot on the target surface.

• The reflected hght passes back though the focusing lens and is diverted towards 

a pinhole using a beam splitter.

• The focusing lens is oscillated at high frequency using a tuning fork 

arrangement, such that the local point for the light spot caries as a function of 

the instantaneous tuning fork position.

• Surface height is then inferred by detecting the lens position at the point of 

maximum received light intensity, which is cross-referenced with a cahbrated 

height measurement.

Emitted

Fig. D Waveform of received light 

Figure 2.42: The confocal laser principle (Image from [77]).
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2.5.3 White Light Confocal Probe (WL)

The WL sensor also operates on the confocal principle (see Figure 2.43), but uses 

polychromatic (white) light and unlike the CL sensor, does not contain moving optical 

components. This WL sensor operates as follows:

• A polychromatic light source is focused onto the target surface.

• Lens-induced chromatic aberration causes the light to be split into a continuous 

distribution by wavelength, whose individual focal points vary with wavelength.

• Reflections from the surface are transmitted through the confocal system to a 

spectrometer system via fibre optic cable.

• The wavelength corresponding to the highest detected intensity at wavelength 

Xm is representative of the distance between the sensor lens and target surface, 

which is calibrated to relate wavelength to a given surface height.

Figure 2.43: White Light confocal measurement principle. (Image adapted from [78])
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In order to assess the quality of surface reproduction and suitability of these sensors 

(LT, CL, WL), for the Sound Archive Project's NCFSM system, a benchmarking

o^ Mmsws by ta^n^ ^nkce

measurements of a machined reference cylinder and a Blue Amberol Edison cylinder. 

Figure 2.44 gives a comparison of various sensor parameters for the three optical 

sensors. These parameters are now described:

Spot size
Each sensor has a finite spot size parameter, thus each measurement results from an 

averaging process of contributions from throughout of the light spot. The displacement 

measurement is taken for a finite period of time as the sensor moves past the required 

grid position. The surface area addressed by the sensor during a single measurement is 

therefore elongated through the movement of the linear stage system.

Sampling Frequency
This is the number of displacement measurements the sensor is capable of taking per 

second and has a direct bearing on the scan time; hence a higher sampling frequency is 

preferable.

Gauge range
This is the range over which the sensor can record displacement data, within some 

Axed standoff distance. Many cylinders recordings Eire non-concentric due to 

imperfections in the manufacturing processes and factors such as creep, caused by long­

term storage. As a result, the sensor may go out of range, and data points may be 

missed.

Axial resolution
This is the ability of the sensor to resolve the smallest displacement change. It is 

equivalent in signal processing terms to the 'bit' resolution of an analogue to digital 

converter (e.g. 16-bit ADC can resolve Em analogue signal at 2"^^ , i.e. 65536 discrete 

values).

2.5.4 Benchmarking of Optical Displacement Sensors
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Angular tolerance
The ability of the sensor to measure surfaces incline is dehned by the limit of angular 

tolerance. If the slope of the grooves on a cylinder exceeds the angular tolerance, the 

sensor is unable to produce a displacement measurement. This poses problems for 

groove shapes with steep gradients, for example, 78 rpm discs, which have 45°/45° 

groove walls.

Scan time
The time taken to acquire and store data. This is determined by the sampling 

increments in i and 0, the speed of the linear stages and sampling hequency of the 

sensor. Scan times shown in Figure 2.44 correspond to the values using a sampling 

hequency in this particular study [76], shown in parentheses, with a grid sampling of 

Az = 10pm and A8 = 0.1°.

Sensor Spot size 
(pm)

Sample
frequency (Hz)

Gauge range 
(mm)

Axial
resolution

(nm)

Angular
tolerance
(degrees)

Scan time for 
10mm length 

(hours)
WL 7 1000(1000) 0.35 27 1 22
CL 2 1400 (82) 0.6 10 17 160
TL 30 2000 (2000) 10 1000 17 19.5

Figure 2.44: Comparison of sensor parameters used in benchmarking exercise. Sampling 
frequencies in parentheses represent the elective data acquisition rates by the scanning system, 

which is affected by sensor averaging processes.

Sensor Choice for NCFSM Method
Figure 2.45 shows linescan and surface measurements taken 6om the same region of the 

Edison cylinder examined in [76]. Due to the TL sensor's large spot size and insuSicient 

axial resolution the linescan shows a noisy groove structure. The TL sensor was found 

to have neither the resolution nor the accuracy required for sound reproduction and 

was disregarded as a viable sensor. The WL and CL measurements are very similar, 

showing a groove structure that is smooth, and periodic, horn which sound 

reproduction was possible. The CL sensor was able to resolve the groove structure 

sufRciently, but oidy when operated at very low sampling rates and was hence 

disregarded due to longer scan times. The WL sensor oAGered the highest angular 

tolerance (27°), best axial resolution (10 nm) at high sample rates (1 kHz) and was 

deemed subjectively to produce the highest quality sound reproduction over the CL
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sensor. The benchmarking exercise concluded that for typical cyhnder recordings, the 

confocal white light probe (WL) was the preferred sensor of choice.

The recovered audio signal from a Blue Amberol cylinder was also examined in 

order to determine the axial resolution requirements for resolving the smallest 

amplitude modulations, likely to be encountered on typical cylinder recordings. 

Frequency analysis (see Fig. 2.46) of a quiet section from a Blue Amberol cylinder 

measured by the WL sensor showed that groove displacement amplitudes attributed to 

vocal sounds in the 2.4-3.2 kHz range were less than 50 nm in places. The 10 nm axial 

resolution offered by commercial WL sensors can reach this requirement for resolving 

the sub-50nm amplitude spectra observed for a Blue Amberol cylinder [79].

TL surface profile • Blue Amberol Cylinder 

-17,005

-17 01

^Angular increment, -I? 025 
degrees

0.3 0.4 0.5 0 6 0.7 0 8 0 9
Distance along Itnescan, mm

CL surface profile - Blue Amberol Cylinder 
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-16.44 
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Figure 2.45: Surface and Linescan measurements from Edison cylinder for the three investigated
sensors (Image from [76]).
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Displacement amplitude spectra, nm
T

2.5 3 3.5

frequency, kHz

Figure 2.46: FFT analysis of sound recovered from a Blue Amberol cylinder, measured by WL 
sensor. Insert plot shows a zoomed view of the 2.4r3.2 kHz range, attributed to vocal content. 

Observed displacement amplitudes in this range are around 50nm (Image from [76]).

2.6 Chapter Summary

In this chapter, the technology required to record and reproduce sound on grooved 

recordings has been discussed. Modem stylus playback systems are capable of archiving 

the majority of mass-produced recordings with very high audio resolution (192 kHz/ 24- 

bit). There are cases however where stylus playback is not an option, for example, 

playback of broken cylinders/discs, and early tinfoil recordings. An optical playback 

system for archival purposes is therefore highly desirable.

Several research groups have investigated methods for reproducing sound 

optically. Methods of optical reproduction in situ (ORIS) are not suitable for archiving 

damaged recordings, due to the lack of control when tracking complicated groove 

structures. The advantage of the non-contact full surface mapping (NCFSM) method 

with signal reproduction in post-processing, is the ability to control more precisely 

where one places the ‘virtual stylus’. This means that in theory, signal reproduction 

from the NCFSM method can be far more accurate, and can be applied to more 

recording specimens, than ORIS methods.
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recordings using the NCFSM method, but only for specimens in 'good' surface 

condkkm. Tbe use thdr qm^hratk fating nn^;hod h unhhe^ to be optinud 

cylinders with grooves in poorer surface condition, or those that are cut with non- 

parabohc shaped cutting tools. One of the objectives in this thesis is therefore 

to develop robust techniques for tracking of grooves in poor surface 

condition, for specimens any groove shape type.

In this chapter, grayscale imaging methods were also described. The 

VisualAudio and IRENE systems described are capable of reproducing the signals from 

laterally cut discs with a playback sample rate greater than 96 kHz (which is the 

recommended sample rate for archival purposes by lASA). The surface area occupied 

by 1 pixel with the grayscale imaging systems discussed in this chapter is typically 0.25 

- 1 pm in size. Grayscale pixel values relate to the reflected light intensity and not 

absolute surface depth measurements. As such, grayscale imaging methods are not 

suitable for reproducing signals from vertically cut groove recordings, such as wax 

cylinders or tinfoils. This limitation is the main reason why the Sound Archive Project 

has chosen to develop an absolute depth measuring system. Such a system has the 

potential for archiving any grooved recording - be it vertically or laterally recorded. 

Another objective of this thesis shall therefore be to develop signal 

reproduction methods from discrete surface maps of both vertically and 

laterally encoded recordings, measured by the NCFSM system.

Stotzer et al. [54,57] described methods for quantifying the signal output of 

their grayscale imaging method for disc reproduction, in terms of signal-to-noise ratio 

(SNR) and Total Harmonic Distortion (THD). To date, there have been no attempts to 

quantify the output of a NCFSM system for cylinders. The ability to quantii^ 

signal reproduction hrom data produced by the NCFSM system developed 

by the Sound Archive Project provides another objective for this thesis.

In general, grooved recordings are made up of a series of ridges and valleys, 

hence the detection of these features provides one of the primary tasks in post­

processing. The Savitzky-Golay (SG) polynomial-smoothing Alter has been identified as
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a useful tool for enhancing and detecting ridge-valley structures, due to its ability to 

preserve the width and position of impulsive data. In the case of grooved data, these 

'impulses' can be considered as the positions of ridges and vaheys.

In terms of frequency response and signal fidelity, early acoustic recordings are 

considered 'low-fidelity', by today's standards. Despite this, the resolution requirements 

are very demanding, even for today's optical systems, with cylinder recordings requiring 

groove displacements to be resolved to 10 nm or less. For flat disc recordings, the 

measurement requirements are even more demanding than for cylinders, due to larger 

surface area, lower playback speeds and greater frequency response. In this chapter, 

three competing sensor technologies were compared. It was concluded that the White 

light (WL) sensor provided the most suitable sensing technology for the Sound Archive 

Project. A flnnl objective for this thesis is to consider noise or distortion 

introduced by the measurement process, and to incorporate methods for 

overcoming them in post processing.
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Chapter 3

Surface Measurement

3.1 Introduction

Prior to audio signal reproduction, the recording specimen is measured by a non- 

contact, full surface mapping method (NCPSM). The full surface topology of the 

specimen (be it cylinder, or disk), is mapped via single-point sensor, combined with 

a raster scanning system, which results in a discrete representation of the 

continuous surface. It is the role of this chapter to present details of the NCFSM 

method, and its implications for audio signal reproduction.

The sensor technology available for surface measurement was discussed in 

Chapter 2. It was concluded that the white light (WL) sensor was most suitable for 

the NCFSM system, due to its ability to resolve sub-micron groove modulations 

typically associated with the sound carrying groove. In this chapter, the two WL 

sensor systems for measurement of cylinders and flat media are described. 

Particular attention is given to the measurement and resolution requirements for 

sound reproduction. The naming conventions of data sets described throughout 

this thesis are introduced. Sensor parameters such as axial resolution, gauge range 

and data acquisition rates are considered. Some inherent implications and 

limitations of the NCFSM method are also discussed. AH measurement systems 

introduce some form of unwanted noise or distortion to the desired signal. For this 

reason, sources of noise and distortion associated with the NCFSM method are 

discussed and quantified, again, with respect to audio signal reproduction.
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3.2 Cylinder Measurement System

3.2.1 Methodology

Research carried out in collaboration with TaiCaan Technologies and the University 

of Southampton, resulted in the development of a measurement system for discrete 

surface mapping of cylinder recordings. Figure 3.1 shows a Black Edison cylinder 

mounted onto the measurement system, with the three measurement axes depicted. 

A schematic of the cylinder system is shown in Figure 3.2.

The cylinder specimen is mounted onto a mandrel, coupled to a rotary 

stage, which allows for rotation m the f)-axis. A second, two-axis (a>-z) linear stage 

system is used to position the sensor. The arstage traverses the WL sensor parallel 

to the cylinder's a>axis, recording z^values (depth) at discrete z-positions, triggered 

by the motion controller. The z^stage, is Rxed orthogonally to the axaxis and 

controls the sensor's stand-oH distance from the specimen. This can be adjusted to 

ensure that the surface remains within the sensor's gauge range. The sensor maps 

the continuous cylinder surface f(a;,^), via a succession of linear scan measurements 

(linescan), at incremental azimuth angles. Each measurement in results from

an averaging process of contributions from throughout the white light spot, which 

has a finite size 7 pm diameter.

Due to the number of samples required for the surface scans, it is 

impractical for the linear stages to stop at each raster point so the displacement 

measurement is triggered for a Anite period of time as the sensor moves past the 

required grid position. The surface area addressed by the sensor during a single 

measurement is therefore elongated through the stage's movement. Appendix B 

gives the specifications of the cylinder measurement system developed for the Sound 

Archive Project.

74



Figure 3.1: Cylinder mounted on mandrel showing three measurement axes (z, 6 and z). 
The WL sensor is mounted upon x-y translation stages. Linescan measurements are 

recorded by traversing the linear stage parallel to the cyhnder along the r-axis. 
Sensor stand-off distance can be adjusted by advancing the sensor platform in the 
radial (z) direction. The rotary stage increments the cylinder’s rotational position

{6) between linescans.

Figure 3.2: Cylinder measurement system schematic with measurement axes shown.
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3.2.2 Data Definitions

Tte and de6d^k)na of deda aM^und by the NCFSNI inetl^xk and

described throughout this thesis is now given:

Linescan, Zj(x)

The j-th Zinescnn, denoted by ^(z), is the linear scan of relative surface heights 

(mm) measured along the araxis at Axed rotational index: j = [0, 360°]. Figure 

3.3(a-b) show example linescan measurements A-om two diKerent cylinder 

specimens.

Measurement grid increments, Az, A 6

The discrete grid over which the cylinder is mapped is deAned by the two spatial 

increments, Ar (in microns) and A 0 (in degrees), which are the linescan and 

rotational increments of the motion system respectively. This measurement grid is 

shown in Figure 3.4.

Discrete Surface, Z(a:^,6j)

We denote the discrete surface by .^(r,,^), which is a matrix of rvalues (surface 

heights), measured at grid positions, r, and The discrete surface is constructed 

by concatenating a succession of linescans. Figure 3.5 shows a discrete surface 

measured &om a Blue Amberol cylinder.

Discrete Surface Patch,

The full cylinder surface is typically measured in # surface patches (discussed in 

Section 3.2.4). A scanning segmentation script produced prior to full surface 

measurement gives the positional grid indices, and for the JV surface

patches. The J^th surface patch is therefore denoted by
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Linescan Measurement from Blue Amberol Cylinder (JBTBM)

Linescan Measurement from Early Graphophone Cylinder (GRAPH)
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Figure 3.3: Linescan measurements from a) Blue Amberol (JBTBM) and b) early 
Graphophone cylinder (GRAPH). Profile length in both examples is 2mm. Note 

that due to the steep incline of the groove cross-section in b), much of the data at 
the side wall is unmeasured by the sensor. Unmeasured data has be linearly 

interpolated for visualisation purposes.

Figure 3.4: The discrete measurement grid, defined by the increments, Aar and Ad, over 
which the continuous surface is discretised. Four cyhnder grooves are shown here.
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Figure 3.5: Discrete surface plot of 2 mm segment from a Blue Amberol cylinder 
(JBTBM). This particular cylinder is non-concentric (a perfect cylinder would 

assume a flat form at fixed ^^-offset).

3.2.3 Measurement requirements for Cylinder Reproduction

To ensure that sound can be accurately recovered from a cylinder, the sampling 

resolution of the measurement system must be considered, to avoid aliasing and to 

optimise scanning time. We consider the linescan, circumferential and axial 

resolution of the measurement system, and their effect on audio signal reproduction.
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Llnescan Sampling, Az

The choice of Aa: determines the number of samples over which the groove cross- 

section is resolved along the linescan dimension. This is dependent upon the groove 

pitch A, , and complexity of the groove cross-section. Strictly, to avoid aliasing of 

the fundamental groove structure, with spatial wavelength A,, the following equality 

(Nyquist limit) must be satisfied:

At < (1)

In order to resolve spatial wavelengths less than A^ (damage structures for 

instance), the choice of Aa; must be much lower than (1) suggests. For a cylinder 

recorded with 200 tpi, a linescan grid spacing of Az = 10 pm, gives approximately 

13 samples per groove cross-section. This sampling has been previously judged to 

provide sufbcient resolution for sound reproduction [5].

CircumSerentlal Sampling, AO

The choice of AO (in degrees) determines the playback sample rate ^ , for the 

recovered audio signal. Assuming that the cylinder was recorded with a constant 

surface speed of (revolutions per minute), and the full cylinder circumference is 

sampled with AO (°) the estimated playback sample rate (in Hertz) is given by:

(2)

Strictly, to avoid aliasing of the audio signal by the Nyquist criterion, we have:

2/,. (3)

where is the maximum jfrequency (Hz) of recorded information on the recording. 

For cylinder recordings, this upper limit is around 5 kHz. For 160 rpm cylinders, an 

angular sampling of AO = 0.1° gives a playback sample rate of 9.6 kHz, thus by the 

Nyquist criterion, this spatial sampling is insufGcient for reproduction of frequencies
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above 4.8 kHz. The technical committee of the International Association of Sound 

and Audiovisual Archives (lASA) recommend a minimum sample rate of 48 kHz, at 

24-bit word length for digitizing analogue recordings [33]. With the non-contact 

system, a playback sample rate of 96 kHz is achievable with an angular sampling of 

A6 — 0.01° (for cylinders recorded at 160 rpm). Cylinders recorded at lower speeds 

(e g. Tinfoil, early Graphophone), of 60 - 100 rpm will require A6 < 0.01° to 

achieve the same playback sampling frequency. A table of standard playback 

sample rates and values for AO is shown in Figure 3.6.

Sampling Scheme

AO / IV linescans

Cylinder recording speed and estimated playback

sampling hrequency for given sampling scheme

60 rpm 100 rpm 160 rpm

0.1° / Ar= 3601 3.6 kHz 6 kHz 9.6 kHz

0.05° / AT = 7201 7.2 kHz 12 kHz 19.2 kHz

0.02° / AT = 18001 18 kHz 30 kHz 48 kHz

0.01° / Ar= 36001 36 kHz 60 kHz 96 kHz

Figure 3.6: Table of estimated playback sample rates for four standardised 
circumferential sampling grids, for various cylinder recording speeds.

Dual consideration of Az and AO

For one complete cylinder rotation, the apposition of a single groove moves through 

a distance of Ay Assuming a perfect hehcal trajectory it is possible to estimate the 

apdistance s,, a groove wiU have shifted along the apaxis between consecutive 

linescans, based on the selection of circumferential increment, AO (in degrees) by:

A6
360

(4)
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For a groove pitch of A* =127 pm [A, = 254 pm] this shift is f, = 35 nm ]70 nm) for 

= 0.1° and g, = 3.5 nm [7 nm] for /10 = 0.01°. These values are small compared 

to the %-sampling grid typically used (10 pm).

Axial resolution of Sensor, Az

The third sampling dimension is the axial resolution of the sensor, Az which is the 

ability of the sensor to resolve displacements in the z-axis. It was shown previously 

in Chapter 2.5.4, that in order to resolve the smallest displacement amplitudes 

(high frequency, low amplitude) for typical cylinder recordings, an axial resolution 

in the order of 10 nm is required. For vertically modulated grooves, Az determines 

the dynamic range of the digital audio signal. Current hardware permits a 

measurement dynamic range of -15-Bit (3.5 x lO"" discrete z-values), over the 

sensor's full gauge range (0.35 mm), at a fixed of&et distance (note that this ofket 

distance is generally adjusted during measurement, in order to account from surface 

eccentricity). In order to relate 2lz to the dynamic range of the digital audio signal, 

the range over which the groove depth modulates in the z-axis, must be known. A 

typical range value for a cylinder described later in this thesis is 10 pm for a 1 kHz 

tone, measured from peak-to-trough. The WL sensor has an axial resolution of 

Az = 10 nm, which in this case gives an equivalent digital audio bit-depth of just 

under 10-bit (1,000 discrete z-values).

3.2.4 Surface Scanning Segmentation Strategy

In many cases of high resolution imaging of large areas, it is common for a complete 

scene to be composed of a number of diAerent measurements, taken by multiple 

sensors and/or at multiple locations. Multiple scene reconstruction introduces an 

extra complexity in post-processmg, but does improve data handling and saving of 

large data sets. The main reason for requiring multiple scene reconstruction with 

the NCFSM method is due to a limitation of the optics - namely the sensor's gauge 

range.
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At a fixed standoff distance, there is a finite range (gauge range) over which 

tire seruaor cmi resolrne displarxmrents. TThe igrocrve chqpth (Of cyiinckrr reccuduigs is 

typicaJly 15 - 30 pun, \vhich is v/eU \vithin the (operating igaug^: nang^ (rf tire chcNXur 

\vhite hglit sensor, (350 |unr, Ewae Ajypeirdbc Ilcnvever, dire to the (d^ects cf pKxrr 

stor(^;e, iwsJTpuig cr ciexq), tire niaorosocqrrc hxmi of irylurder recordurgs k {generally 

non-concentric. This lack of concentricity has implications for the scanning process.

In order to measure the full surface topology of non-eoneentrie cylinders, the 

staurd-off (distance laiust lx; ad^ru^xxl ttueuglrout tire scamiing irrocess, in ruder to 

keep the surface within the sensor's gauge range. Three scanning strategies have 

been considered [79]:

u.

m.

Optimum sensor standoi^ distance adjustment based on preceding linescan 

z^-range.

Adaptive control of the sensor stage to track the surface, ensuring that the 

surface remains in operating range of the sensor.

Scan surface m a series of segments, which can stitched together in post- 

prrxessing, with sensor standoff distance fixed h)r a given segment.

Strategy (i) was shown to be successful in some cases, however for certain cylinders 

(e g. Blue Amberol), the variation in macroscopic form along a given linescan 

exceeds the sensor's gauge range, which makes it sub-optimal for full surface 

preservation. Misalignment of the cylinder on the mandrel can also cause the 

specimen to out of range of the sensor.

Strategy (ii), was also avoided in the system design because the movement 

of the z-axis stage has the potential to influence measurement accuracy, as a result 

of stage position uncertainties.

Instead, strategy (iii) was chosen, whereby the cylinder scan is divided into 

a number of manageable segments, with the sensor hxed at a pre-determined 

standoff distance. An initial, low resolution 'preview scan' is obtained prior to the 

high resolution measurement, in order to record the macroscopic form of the
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specimen. An optimisation routine then determines the minimum number of 

segments scans (stando^ adjustments) required to map the full surface.

For a cylinder of length Z, the optimisation for selecting the minimum 

number of st&nd-o^ adjustments A, for surfeice segmentation can be summarised by 

the following list of constraints:

Minimise subject to the following constraints [79]:

1. Range of the surface height within a segment all within sensor's gauge range

2. Rectangular segments

3. Equal angular range for a given set of linescan axis subdivisions, to simplify 

data stitching

4. Bach segment must exceed a minimum linescan length, 1

5. Segments must exceed a minimum Eirea, to avoid overly complex solution

6. Segments must not exceed a maximum area, for data handling, data saving and 

to minimise data loss in the event of system failure.

The optimisation procedure operates by dividing the linescan axis at rotational 

angle 6/, into an integer number of subdivisions m, where m — 1,2,3...nW(Z,//). For 

each subdivision scheme, the angular range is incrementally increased until the 

constraints are contravened at presenting a (1 x m) vector of possible

segment widths. The linescan division scheme m that maximises the area per 

segment for the current nominal angular range is adopted, and thus determines the 

segment's end point The process repeats for rotation angles exceeding For a 

given surface segment, the sensor standoff distance is specified such that the 

midpoint of the sensor's working range coincides with the mean height of the 

surface segment.

The likelihood of the surface going out of range is minimised by speci^ing a 

conservative gauge range parameter for the optimisation program, for example, by 

specifying 90% of the actual sensor's gauge range. Figure 3.7 demonstrates the
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preview scan used to determine the optimal sensor standoff distance adjustments for 

each discrete surface patch.

(a) Preview scan data (b) Segmented surface for scan

■-16.1

--16.2

.16.3 0 50

-16.4

-16.5 “

-16.6

1-16.7

120 240 360
Rotation angle, 6

120 240
Rotation angle, 6

Figure 3.7: (a) Low spatial resolution preview scan of cylinder used to produce
segmented scanning shown in (b), optimised based on sensor’s gauge range and 

minimising the number of sensor standoff distance adjustments. Each rectangle in 
(b) represents a discrete surface patch area.

Note: This figure (from [79]) was taken at an early stage of the segmentation 
strategy. The final strategy developed ensured strips of equal z-width around the 

circumference, as shown in Fig. 3.8.

Errors with Segmentation strategy

The scanning optimisation routine generally ensures that the sensor remains within 

operating distance of the segment being measured. However, in some cases, there is 

noticeable data loss towards the edges of the segment boundaries (see Fig. 3.8 and 

3.9). This data loss occurs when a surface is locally more eccentric, and the range 

threshold set following the preview scan of the optimisation routine is no longer 

sufficient. The current measurement system does not include a data integrity check 

to mitigate for such circumstances. In these cases, data will need to be re-scanned 

using a new stand-off distance, or new segmentation strategy.

84



^(mm)

6001

5001

4001 -

3001 -

2001

1001 - 85 6

1 , 2
. V..... .......... . 1 ..1

3

601 1201 1801 2401

-5.2

-5.3

-5.4

-5.5

•5.6

--5.7

1-5.8

1-5.9

1-6
3001 3601

Figure 3.8: Wax cylinder surface (IRISH) acquired in 23 segments, with segmentation 
map overlaid. Green regions denote positions of missing data, where the sensor has 
gone out of range. Data loss generally occurs towards the segment boundaries. The 
red box highlights a large amount of data loss, at the joins between segments 12-13.
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Figure 3.9: 3D surface plot of red boxed region, shown m Fig. 3.8, showing increased 
data loss at segment joins, due to sensor out of range issues.
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3.2.5 Discussion of Scanning Method

Choice of Linescan Strategy

Scanning across the grooves in a linescan fashion, as opposed to mapping the 

cylinder via a succession of circumferential sweeps, may seem counter-intuitive, 

because the sound is primarily encoded in the ^-direction. However, a linescan 

strategy has the following advantages for reducing scan times:

I. Sensor gauge range - it has been found that the orange over which the 

surface deviates from a perfect cylinder is less along the liuescan (araxis), than 

for a circumferential sweep. This means that the sensor stand-off distance does 

not have to be updated as frequently for linescans measurements when 

compEued to circumferential sweeps, to ensure the sensor remains in range. 

This results in reduced scan times.

n. Speed of linear stages - The stage can operate at a higher speed when 

compared with the rotary stage, which reduces scanning time.

Constant Measurement Grid Assumption

Throughout measurement, a constant grid spacing is assumed in both z and 0 axes. 

This means that only the .^-matrix (depth) and measurement grid uecfora, and ^ 

need to be stored. This reduces data rates by two thirds, and allows for operations 

which require a constant grid spacing, without the need for interpolation.

3.3 Air Bearing System for Flat Media

A second measurement system was developed for full surface mapping of flat media, 

such as discs recordings and unravelled tinfoil sheets. The air-bearing system which 

was custom-made for the needs of the Sound Archive Project, is similar to that used 

for silicon wafer inspection in the semiconductor industry. The sensor is mounted on 

an overhead gantry system pointing downwards onto the disc, with vertical standoff
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distance controlled using a high resolution linear z>-stage. The air-bearing system 

specification is given in Appendix C. Figure 3.10 shows this air-bearing system with 

its measurement axes depicted.

Figure 3.10: Air-bearing system shown here measuring a 78 rpm disc.

3.3.1 Methodology

The principle of measurement and use of WL single-point sensor is similar to that 

of the cyUnder system. For discs, a discrete surface is buUt up by a succession of 

radial linescans measurements, taken from the disc centre toward its outer 

circumference. The a>-axis is taken from the disc origin (centre) along its radius. The 

disc is rotated via a rotational stage, in increments of A0.

Example linescan data from a 78 rpm disc is shown in Figure 3.11 and a 

surface measurement of a 5mm ring is shown in Figure 3.12 and 3.13. Due to the 

45° gradient of the groove wall, the WL sensor is unable to measure the full groove 

cross-section. Instead, only the groove bottom and tops (land) are measured. A new 

scanning strategy is proposed for future work, based on orienting the sensor at 45°, 

(orthogonal to a single groove wall), in order to resolve these features.
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0.5 2.5
x(mm) 4.5

Figure 3.11: PrelLminary linescan measiirement of a 78 rpm disc. Groove wall data is 
largely unmeasured by the sensor due to the 45° incline, which exceeds the angular

tolerance of the WL sensor.

Figure 3.12: Uninterpolated 3D surface plot of 78 rpm disc grooves measured by the 
WL sensor. In general, the groove tops (land) is well imaged by the sensor. Lateral 

modulations corresponding to the sound are visible.
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Figure 3.13: Surface intensity image plot of 78 rpm disc. Dark blue data found at the 
groove wall is unmeasured by the sensor.

3.3.2 Measurement requirements for Disc Reproduction

As with cylinders, it is possible to relate the measurement sampling grid of 

monaurally recorded discs to the resolution of the output audio signal. Consider a 

single groove channel modulated only in the radial plane (ayaxis). To avoid 

intercutting between adjacent grooves, there is a maximum groove displacement 

limit, which is dependent upon the pitch of the groove spiral and width of the 

cutting tool facet. This pitch for 78 rpm discs, the inter-groove spacing for an 

unmodulated groove spiral typically 211 - 357 pm.

Fadeyev et al. [6] noted that the maximum groove displacement (maximum 

displacement from an unmodulated path) for 78rpm flat disc is approximately 100- 

125 pm. Taking the largest case, the maximum groove displacement (from peak to 

trough) for a single groove is 250 pm. Assuming that the audio signal is defined 

purely by the groove modulation in x, the choice of linescan sampling Ax
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determines the maximum dynamic range (bit-depth), available iBrom the discrete 

surface measurement. In order to obtain a 16-bit dynamic range (2^^ discrete a;- 

values), for a disc with = 250 pm, the linescan sampling required is -Az = 3.8 

nm.

Appendix C shows that the air-bearing linear stages are capable of providing 

the sensor with a positional resolution of Az = 2 nm, which in theory means that a 

16-bit dynamic range is achievable. In reality however, the system resolution is 

limited by the size of the sensor spot, which for the SAP system developed is 7pm. 

Attempts to reduce the WL sensor spots size resulted in an increase in missing 

data, due to a reduction in the reflected light intensity. Figure 3.14 gives a 

summary of the best dyneimic range achievable for monaural discs with 

= 250pm.

Linescan Sampling,

Az (pm)

Number of discrete

values over

Equivalent dynamic

Range

10 25 < 5-bit

5 50 < 6-bit

1 250 < 8-bit

0.1 2500 < 11-bit

0.01 25000 < 15.bit

Figure 3.14: Lmescan sampling and equivalent dynamic range values for a 78 rpm flat 
disc recording, measured using the air-bearing system.

The measurement requirements for flat disc records are more demanding than for 

cylinders. This is largely due to the fact that the rotational playback speed of flat 

discs is slower than with cylinders, (33-78 rpm for discs, as opposed to 160rpm for 

cylinders). A longer duration for one disc revolution means that the angular 

sampling grid spacing, A6/ must be increased. Figure 3.15 shows a comparison of 

sampling required to achieve standard playback sample rates.

The upper h-equency limit of recorded sound for discs is typically higher 

than for cylinders (>8 kHz) meaning that a finer angular sampling grid is required.
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In addition, the larger grooved surface area of discs (12", 33rpm disc: 0.055 m^, as 

opposed to 0.017 for a typical 4" Amberol cylinder), means that a larger 

ineasin^m^a^ ^ lequhed. rhe% Ihchms condnned rnem tha^ the nnanor^ 

requirements for storage of disc surface data are much greater than for cylinders.

Desired Playback Sampling for 78 rpm disc Sampling for 160 rpm cylinder

Sample rate, ^ AT linescans Aa C) AT linescans AOC)

12 kHz 9231 0.039 4500 0.08

24 kHz 18,462 0.0195 9000 0.04

48 kHz 36,923 0.00975 18000 0.02

96 kHz 73,846 0.004875 36000 0.01

Figure 3.15: Comparison of angular sampling requirements for 78rpm flat disc and 
160rpm cylinder recording. (17 linescaas is the number of linescans required for full

360° measurement).

3.4 Noise &: Distortion caused by Surface Measurement

This section describes the sources of noise and distortion which can be introduced 

by the NCPSM measurement system.

General Acquisition Noise

All measurement systems are prone to adding some unwanted noise. Sources of 

noise include:

* Thermal noise - generated by the random movements of thermally 

energised particles. This noise is associated with temperature-dependent 

random movements of free particles. Although the average movement of 

random particles is zero, the fluctuations about this average constitute 

thermal noise. Thermal noise is generally considered to have a flat 

spectrum, i.e. white noise. Differences in temperature and air flow in the 

laboratory can also cause the specimen under test to deform over time.
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' Electromagnetic noise - any electrical device which generates, consumes 

or transmits electrical signals are potential sources of electromagnetic noise. 

Common sources of electromagnetic noise are transformers, A/C power 

lines and fluorescent lamps.

' Acquisition Error - when the sensor is unable to obtain an accurate 

measurement, the sensor generally returns 'NaN' (not a number), to denote 

that measurement has failed. On some occasions however, it has been 

observed (especially at points where surface gradient is close to the angular 

tolerance of the sensor) that 'false' measurements are returned, as opposed 

to 'faded' measurements (NaN). These 'false positives' manifest themselves 

as depth values which are must greater or lower than the surrounding data 

points.

Imaging of Debris

The sensor measures the 3D surface with respect to a 2-D image plane. Any objects, 

(e.g. cotton fibres, grit, dust), lying above the image plane wdl obstruct the 

underlying groove structure beneath (see Fig. 3.16 for example). This results in a 

loss of information, as it is impossible to know exactly the nature of the groove 

below the obstruction. The effect of this for the extracted audio signal will be heard 

as impulsive noise. It is therefore advisable that prior to measurement, any loose 

debris lying on top of the grooves is removed via compressed air gun (or otherwise), 

to ensure that only the groove structure and originally recorded sound is measured 

by the sensor.

Measurement Drift in z-axls

As previously stated, fluctuations in temperature in the measurement lab can cause 

the surface to deform slowly with time, causing a drift in the absolute z;- 

measurement. Measurement drift has implications for audio signal reproduction, 

especially at segment joins. Figure 3.17 shows an example of a cylinder surface
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measurement which exhibits measurement drift. In this case, the reproduced signal 

will experience impulsive noise with every cylinder rotation.

Obstruction

Imaging plane

Underlying groove structure

Figure 3.16: Debris lying on the cylinder surface is obstructing four of the underlying
grooves.

Linescan (360°) Linescan z, (0°)

Figure 3.17: Example of measurement drift. A z-offset exists between hnescans at 0 and
360”.
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Linescan x-offset error

During the development of the measurement systems for the SAP, avoffeet errors 

have been observed between consecutive lines. This is caused by errors in the 

acquisition software when logging the apposition of the sensor. An a;-offset error is 

seen as a misalignment between linescans (see Figure 3.18b for example). To test 

for typical linescan offset error of the cylinder measurement system, a repeatability 

test was carried out. Repeated hnescan measurements of a test cylinder (TC2) were 

recorded over a 12 hour period with a linescan grid spacing of Ax = 1pm. Relative 

x-offsets were calculated by cross-correlating the 1^ linescan with subsequent 

linescan measurements and detecting the peak lag in x. Figure 3.19 shows the 

linescan offset error in x, recorded over a 12-hour period. In this particular example 

with the cylinder measurement system, the cumulative x-offset error after 12 hours 

was 4 pm.

Figure 3.18: Linescan X-Offset error. Consecutive linescans are shown here measured 
from a cylinder surface (PBEAR), (a) well aligned, and (b) offset by approximately 

2 measurement points, equivalent to 20pm.
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Figure 3.19: Repeatability measuxemeiit test (Ax = 1 nm) to show typical linescan offset 
error of the cyhnder measurement system. Total drift in this is example (repeated 
linescan measurements of TC2 cyhnder) after 12 hours of measurement is = 3 p,m.

3.5 Chapter Summary

In this chapter, the NCFSM method has been described. Definitions of the data, 

including the linescan, discrete surface and measurement grid have been given. The 

measurement parameters have been considered with regards to the minimum 

requirements for sound reproduction. Due to the limited gauge range of the sensor, 

a scanning segmentation strategy is required for specimens with high eccentricity.

With all discrete measurements, the grid resolution over which the surface 

is measured is particularly important. There is a trade off between data 

redundancy, scan time, and loss of audio signal quality. Archivists are likely to 

want as much data as possible, but care must be taken to ensure that data sets 

don’t become unmanageable with modem computing systems.

Overcoming measurement error in the sound reproduction step is key. Errors 

introduced by the measurement process include drift in both the x and z axes. 

Problems associated with the NCFSM method include the introduction of outhers 

due to debris, or foreign material lying above the imaging plane. Under this 

condition, NCFSM is less advantageous when compared with stylus reproduction, 

which has the advantage of ‘dislodging’ debris during playback. Despite this, the
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NCPSM method will allow for reproduction of surfaces which are considered 

unplayable via stylus.

The measurement requirements for disc recordings are more demanding than 

for cylinders, in terms of data storage, scan time and the ability to resolve the full 

groove cross-section. In its current design, the air-bearing system is not capable of 

resolving the groove cross-section of a 45/45° disc sufficiently for accurate signal 

reproduction, duo to the angular tolerance of the sensor. In order to overcome this 

issue, it may be necessary to orient the sensor(s) orthogonally to the groove walk, 

however this remains an exercise for future research.
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Chapter 4

Signal Reproduction Methods

4.1 Introduction

The NCFSM method described in Chapter 3 results in a discrete representation of the 

sudwe. "TMs oudm^ the nwtimds ami

development for audio signal reproduction hrom data acquired by the NCFSM method. 

The majority of this chapter regards cylinder recordings, as this has been the main 

focus of the Sound Archive Project to date. Signal reproduction from non-finalised disc 

data is also described.

The primary aim for signal reproduction is to obtain an accurate transcription 

of the original encoded sound. The task of signal reproduction can be thought of as 

simulating the action of a reproduction stylus, as it traces over the groove. 

Alternatively, we can consider signal reproduction as an estimate of the trace encoded 

by the originai cutting tool. Accuracy of signal reproduction is dependent on both the 

measurement and sound recovery stages. Noise and distortion introduced by the 

measurement system must be taken into account when designing signal recovery 

methods. Every effort must also be made to ensure that the algorithms themselves do 

not introduce uncharacteristic noise or distortion.
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This chapter is laid out as follows. To start, a consideration of how the signal is 

eaicotled cni the (liscrete smnhuce for cylinder aini disc (lata is giv^m. ]\ietlK>ds (leveio{)ed 

for signal reprcxiuction hrom cylinder and disc surface measurement are then described. 

Ijn tloB case of cylinders, nietluods (ure ckaaonObed ikyr g(X)d land pcxir surflwx; cc«rditkyn. 

ITiror^gbout tikis cliapyter, tlus raiicmale ikyr tlus inryklkods clioseii (une ccmsidenxi land 

icornpkared ivith (yrhyr niethrxls ckyvelopw&d Fikdeynev arid Ilaiier [5] ikyr ingpial 

reproduction from the NCFSM method.

4.2 Cylinder Signal Encoding

This section outlines the signal encoding principles for discrete surface measurements of 

cylinder recordings. It should be noted that these considerations also apply to 

reprcyduction 6rom tinfoils, which also employ the hill-and-dale mcxie of recording.

4.2.1 Signal Traces

For cylinder (or tinfoil) recordings, the audio signal is encoded primarily in the 2)-plane 

(depth) denoted by This signal is produced by the radial motion (mrxiulation in z) 

of the cutting tool in response to the incident acoustic pressure. Negative and positive 

pressures produce shallower and deeper grooves respectively (see the linescan model in 

Figure 4.1).

Sound is recorded in a single channel (monaurally), and can be extracted by 

estimating the vertical modulation of the groove cross-section along a trajectory formed 

by the cutting tool. In addition to the primary z-modulation z., two secondary signals, 

% and %, can be observed as latereil variations in z, towards the ridge (see Fig. 4.2). 

Assuming that the cutting facet is symmetric and tapered, then and z,; are 180° out 

of phase with each other. Figure 4.2 shows the three signal traces z^ , and % for a 

vertically cut groove cylinder.

In terms of signal resolution, the limiting factor for the primary depth signal, z^ 

is the vertical resolution Az, of the sensor. For signals, and the resolution is 

determined by the linescan grid spacing Az, used by the linear stage system. In general, 

for the WL measurement system described in Chapter 3, Ai >> Az (typically Aa; = 10
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lim and Az = 10 nm). Under these typical measurement conditions, can therefore be 

resolved to 1000 times greater resolution than, and Z;;. As a result, the signal traces 

lare chsre^^arckxl in ikhe scmncl lextraKrWcm pucxcecbire for cylinders.

4.2.2 Stylus Trajectory

The recording stylus encodes a continuous helical groove of pitch, which propagates 

along the cylinder a>-axis. When the cylinder surface is measured, via the NCFSM 

method, this trajectory is mapped to a 2-D matrix of surface heights, as shown

in Figure 4.3. In this representation, the discrete stylus trajectory is considered as the 

set of trajectories: +....6^}, which when appropriately ordered and

concatenated, forms the complete stylus trajectory. The subscript n denotes the 

positional index of the M-th groove found along the a^axis. This index is referred to 

subsequently in this chapter as the groove seed.

LAND C LAND

A - Unmodulated groove (zero pressure) 
B - Shallow groove (negative pressure) 
C - Deep groove (positive pressure)

A # B# C 

A_ constant

Figure 4.1: Idealised liuescan model for vertically cut recording. The groove pitch A, 
remains constant from groove to groove, but the distance between adjacent groove 

ridges is variable and is dependent upon the depth of cut.
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z(min)

Figure 4.2: Consideration of signal traces for vertically cut groove recordings. The primary 
depth modulation, z, and lateral variations in x, {xi and %) are shown.

i
I

360°

Continuous Stylus 
Trajectory

Discrete Stylus 
Trajectory

Figure 4.3: Figure to demonstrate the consideration of a discrete stylus trajectory when the 
continuous cylinder surface is mapped to a 2-D matrix of Surface Heights.
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4.3 I)isc Sigpial IO]AC()<din{g

ITiki aectkyn (xyoskiers th^ enctxiuig jkf ]iM)nc^)hc»iK (iiac recorcb, iwnodirDed

using the lateral (side-to-side) recording mode. To date, stereophonic records have not 

txxm iiivestlgated tlie Somwi .Ajxdirve IProject. ]h; shoiikl Ibe iiotetl tlu^ cmnnmt 

rnesaurementa hxnn the niethcxi ck) next incluck! cmss-sectioned (lata lat thie

gro<yM3 v/alk (i&s ^vas slKywTi in (31u^pter 3, 1?^;. 3.11-3.13), vdlere tlie surface inrhuA 

(KKceeck) tile ar^pilar toleramx; of tile sensen. Ilenc*: ix) <ok^xwn lan audio signal, special 

comiickEratkm of tlw! iK^paal traces is ckxxudlxxl. Ilevelopuiumts in tlu; (li»c nreasiuMuiwant 

system will hopefully ensure that the full groove cross-section is measured.

4.3.1 Signal Traces

The audio signal is encoded in radial variations of the groove cross-section found along 

a spiral trajectory. Radial modulations for discs measured by the NCFSM system 

correspond to a variation of the groove caross-section position in the a;-axis, (as opposed 

to 2^axi8 for cylinders). The 'v-' or 'u-shaped' groove cross-section is composed of two 

groove walls IVt and PFg, (left and right) which are angled at d: 45° from the disc 

surface normal. Each groove wall has two termination points at: (i) the interface 

between wall and the land (surface between adjacent grooves) and (ii) the interface 

between and IF); (at the groove bottom). For preliminary data acquired from the 

NCFSM method, we can extract the audio signal from a;.positional data of three signal 

traces, aiid v4g, (shown in Fig. 4.4), which are the termination points at the left

groove wall, right groove wall, and groove bottom.

For an ideal disc, the groove width, w, (axiistance between termination points 

^a) Aiid depth, d, (axiistanc* 6om the land to the groove bottom) are constant 

throughout the recording. These constant features can therefore be used to obtain the 

signal traces, by constructing rules based on these ideal distances.
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X

Figure 4.4: Idealised groove cross-section of laterally encoded (monophonic) disc. The audio 
signal can be obtained &om preliminary data measured by the NCFSM system by 

detecting the three termination points of the groove walls, and A,.

4.3.2 Stylus tr^ectory

An unmodulated disc groove follows a concentric spiral of constant pitch, which 

starts from the outer disc radius, and propagates towards the disc origin. Figure 4.5 

shows the moping of the unmodulated stylus trajectory for discs measured by the 

NCPSM method. As with cylinders, the discrete stylus trajectory is considered as the 

set of trajectories: {o, + a« 4-. ..&»}, which when appropriately ordered and 

concatenated, forms the complete stylus trajectory.

C
§

360°

Discrete Stylus 
Trajectory,

Figure 4.5: Continuous and Discrete stylus trajectory considerations for laterally encoded
discs, measured by the NCFSM method.
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4.4 Methods Developed for Cylinder Recordings

THiki section (describes thwe rnethcxls ckrvek)ped for s^gnsJ i^qorodwrbicni from c;/Umier 

recordings measured by the NCFSM method.

4.4.1 Overview of Procedure

Signal reproduction from cylinders is decomposed into the following stages:

1 Data Import and Pre-Processlnip: data acquired by the measurement system is 
imported into MATLAB. The full surface is constructed from surface segments, (as 
per the method described in Section 3.2.4). This stage is discussed in Section
4.4.2.

2. Groove Parameter Estimation: the groove pitch, A, and nominal height, 
(from peak-to-trough) of the cylinder grooves is automatically estimated. This 
stage is discussed in Section 4.4.3.

3. Outlier Detection: data which may be attributed to damage and/or debris is 
identified to suppress noise introduced by the measurement system. This step is 
discussed in Section 4.4.4.

4. Groqvb SqW Dbtbction: the groove seed, gives the position of each groove 
VEiUey along the linescan axis. This ensures that all sound carrying grooves are 
included in the final track. This is discussed in Section 4.4.5.

5. Stylus Trajectory Estimation: an approximation to the ayg path traced by a 
stylus, is formed. Two methods of stylus trajectory estimation are described for 
dealing with cylinders in good and poor surface condition. These methods are 
discussed in Section 4.4.6.

6. Depth Signal efftlmation: a local approximation of the discrete groove depth 
found along the stylus trajectory estimate in Step 5) is formed. This depth signal 
corresponds to the primary signal trace, z., in which the sound is encoded. Four 
different depth estimation schemes are considered in this chapter. These methods 
are discussed in Section 4.4.7.

7. Signal Correction and l^nAhmAtion! errors introduced by the measurement 
system such as measurement drift at segment boundaries are accounted for. 
Equalisation can also be applied if necessary to approximate the velocity response 
of stylus replay. This is discussed in Section 4.4.8.

4.4.2 Data Import and Pre-Processing

The purpose of this stage is to ensure that measured data can be manipulated in the 

MATLAB workspace environment and that the full surface is reconstructed
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FLeccfduigs auM: tyiyk:aU)r loieaanired in a numtxar <of seg^rwait scauis, from 

which the full surf6W:e is constructed, by stitching segments together.

Data Import

IDfUba recoiried the irwaasureiiuait systeun is stoixxi in am text fUe, loiown as a

'tai' file. The tai-file header gives information about the number of scans point m z amd 

the measurement grid spacmg, stage position offsets, as well as scanning times, and 

precision mode. Data in the tad-file is stored in the proceeding rows, with each row 

containing three floating-point values that correspond to %, 0, and z measurement 

points respectively (note that '0' is referred to as 'y' in the tai file). Assuming a 

constant grid spacing for the measurement vectors, and 0, only the a^-data and 

measurement grid indices are required for processing. This reduces the amount of data 

stored by 66%, and is necessary for processing on a standard desktop PC, due to 

memory constraints. Tai-Gle data is imported into MATLAB, and ^-values are reshaped 

to form a 2-D matrix of size, f x J, where / and J denote the number of measurement 

points in z- and 8-axes respectively.

Data Stitching

In Section 3.2.4, a scanning strategy was described for measurement of non-concentric 

cylinders, in which the full surface is mapped in a number of segments at Axed .2- 

standoff positions. The z-offset of the measurement stage is recorded for each segment 

scan and is accounted for when saving z^values to file. Despite this, there often remains 

a z^offset error between segment joins. In Chapter 3, it was stated that the effect of 

miSEiligned surface segments would result in impulsive noise for the output audio signal, 

due to a mismatch in a^-position at the segment joins. To avoid such distortions, the 

segments must be are accurately positioned and aligned prior to signal extraction.

A cylinder surface is generally scanned in a number of surface patches, with the 

Urth surface patch denoted by The grid positions,[x",0J], of each surface

patch are stored in a script determined by the scanning optimisation routine, as
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described in Section 3.2.4. From this script, a segment map is generated which includes 

the positional information of each segment (see Figure 4.6).

Figure 4.6: Segment map for a cylinder recording, showing positional information of 23 
surface patches. This segmentation scheme covers an area of 65mm by 360° (grid 

spacing: AO =0.1°, Ax = 10 pm). Dashed hues denote the ^joins between segments.

Unlike some image registration applications, the NCFSM scanning strategy does not 

typically include any overlap between adjacent surface patches. In light of this, surface 

stitching is performed by examining the interface (joins) between adjacent segments.

One of the constraints imposed by the scanning routine ensures that cylinder 

bands of constant width (along the x-axis) are measured, i.e. in the case of Figure 4.6, 

the patches: Zj - constitute a cylinder band of constant width. This simplifies 

surface stitching, in that segment registration need only occur at theta joins, e.g. the 

boundary which lies between Z^ and Z^.

An initial search for 0-joins between segments is carried out from the positional 

information of the scanning scheme script. It is then possible to adjust for any z-offset 

errors, by shifting each surface patch in z. This routine is carried out iteratively, until
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all surface patches are aligned in z. The ^^corrections are determined by examining the 

surface boundary linescan profiles, (e.g. Zt{x,d^J} and Zs{x,di) ), and minimising the 

mean error of the two profiles. When all surface patches have been aligned in this way, 

the full surface, Z{xi,d^ is formed for subsequent processing.

4.4.3 Groove Parameter Estimation

Each recorded specimen has unique groove characteristics. In order to ensirre that the 

sound extraction procedure is automatic and robust, some parameters of the grooved 

surface must be estimated. These features, (shown in Fig. 4.7) can be used as input 

parameters for later stages in the sound extraction process, such as outlier removal, 

groove seed detection, and filtering operations. The features we wish to detect are:

• Groove pitch, : the average distance in x between adjacent groove valleys.

• Groove Height, : the average distance in z from peak to trough of the groove.

Figure 4.7: Linescan from Blue Amberol cylinder, demonstrating the groove pitch, 4,, and
groove height H, parameters.
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GrcMDve Pitch Estimation

Through the recording process, the linescan has a periodic structure, with adjacent 

grooves separated by a constant distance corresponding to the groove pitch. In most 

cases, c&ii be derived trom historical records or by observation, but for completeness 

and robustness, it is estimated by spectral analysis of the linescan. The periodic 

structure of the linescan can be modelled as a single complex sinusoid plus noise term:

Xa:) = AoC08(27[Aba;+^) + n(a;) (1)

* The amplitude of the model gives an approximation of the peak to trough 

distance of the linescan and can be used as a threshold for outlier detection.

* The frequency term gives the fundamental spatial frequency of the model, 

from which the groove spacing, A,, is derived,

* The phase term gives information as to the relative position of the grooves 

along the ayaxis.

* The noise term, n(a:), includes a low frequency component (surface form), and 

Gaussian noise (surface roughness).

The maximum likelihood estimate for the frequency of a single sinusoid in white 

Gaussian noise can be found by locating the hrequency at which the Fourier transform 

of the signal attains its maximum [80]. The discrete Fourier transform (DFT) of the j- 

th linescan, is given by the complex sequence Z,(A), where A; denotes the A^th spatial

frequency bin. The fundamental spatial frequency of the linescan. At, is related to via 

the reciprocEil relationship of period and frequency and is found by calculating the 

expectation, E, for all linescans:

At, = E [ maz | z/A:^)| ], g : [O^SOO" (2)
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where is the range of possible frequency bins in which Ag is valid, which for cylinder 

recordings of the era is between 3.9 and 7.9 nun"^ (for 200 and 100 tpi respectively). The 

groove spacing rounded to the nearest integer (7V1WT) sample:

A,. — ) (3)

Average Groove Height Estimation

An approximation for can be obtained by observing the dominant amphtude at 

frequency for an ensemble of linescan measurements:

(4)

Due the vertical encoding process, the average groove height is not strictly constant 

for all groove cross-sections, and is dependent upon the depth of cut. The variation in 

is however small when compared with macroscopic debris features, such as dust. 

For this reason, it is a useful parameter for identifying outlying data points on the basis 

of a ^^-threshold envelope.

4.4.4 Outlier Removal

In order to minimise the introduction of impulsive noise to the recovered signal, 

samples on the surface which are attributed to surface damage or debris, must

be removed. In addition to these 'naturally occurring outliers', artificial outliers 

introduced by errors in the acquisition system must also be removed. Impulsive noise 

reduction is typically carried out in the time-domain for phonograph recordings, using 

audio signal processing techniques [25-27]. With the NCFSM method, impulsive noise 

can be removed 'at source', prior to audio signal extraction, by examining samples in 

the spatial domain.

Hawkins [81] dejSnes an outlier as 'an observation which deviates so much 6:om 

other observations as to arouse suspicions that it was generated by a diSerent 

mechanism'. In the case of NCFSM data, the following may cause these 'diKerent 

mechanisms':
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1. Additive Debris - caused by foreign objects that lie above the imaging plane 

of the underlying groove structure. Examples of additive debris are particulates 

(e.g. dust), or fibres (e.g. hair).

2. Subtractive Damage - caused by the removal of material 6rom the grooved 

surface. Examples of subtractive damage include scratches caused by poor 

handling / stylus replay, or 'pitting' caused by mould growth.

3. Acquisition Error — errors introduced by the NCFSM acquisition system that 

are not inherent to the specimen. Outliers introduced by measurement error can 

be introduced at positions of the surface that exceed the angular tolerance of 

the sensor or at positions on the surface which exceed the sensor's operating 

range. Additionally, random outliers have been observed due to errors in the 

acquisition system.

In previous work by Fadeyev et al. [5], outlier rejection hrom NCFSM cylinder data was 

achieved by fitting a quadratic to the groove shape and observing samples whose 

residual error exceeded a threshold. This method is well suited to a Blue Amberol 

cylinder, whose groove shape resembles a parabola. To achieve a method of outlier 

removal, which is robust for all specimens, (regardless of groove shape), an outlier 

removal stage based on threshold Biters and geometric considerations of the ideal 

groove structure is now described. This process relies on the groove pitch, and 

average peak-to-trough height, /f, , as deBned in section 4.4.3. Two outlier removal 

stages have been developed:

Stage 1: Outlier removal via Median and SG Filter

The first stage is based on a similarity measure from a median Bltered linescan, denoted 

by The median statistic is the centre of a rank-ordered distribution and has a well- 

known ability to remove isolated outliers (referred to as 'salt and pepper' noise in image 

processing [82]). Isolated outlier samples may be caused be random errors introduced by 

the acquisition system for instance, or small regions of isolated debris.
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\Vhen a smtab^ imxban bikT b af^)lKd to WK Ibw^can, ia^abxi

outlier samples will appear at either end of a rank ordered list and are removed by the 

median process. By comparing raw linescan data with the median Rltered linescan, 

outliers c(m txs ideidified loy ()bserTdng seunjples v/hc**; atewolute chffereiuDe from 

exceeds a threshold. The difference threshold is set to 0.5151^ The median filter operates 

on a block length Z, = Az/4 (rounded to the nearest integer sample), i.e. a quarter of the 

groove pitch period. Over this block length, Z the median filter was found to 

discriminate well against isolated outliers.

A second similarity measure &om a Savitzky-Golay (SG) smoothed linescan.

is also carried out at this stage. In this case, the order of the Alter (quartic), and 

the frame length is set to In this way, the SG Alter operates over a Aame range 

equivalent to the groove pitch, and in this limit, a maximum of 3 turning points are 

assumed, the two ridges (maxima) and the valley (minima).

The procedure for outlier removal based on these two filtered linescans is as

follows:

For the ^th linescan,

Compute the Median and SG (z,,) dltered Unescans
Compute the absolute differences:

and:

Outliers In z,(a;) are considered at If:

or:

Values at are replaced with NaN (^not a number')

The procedure is carried out iteratively with median and SG filters for each linescan 

until no outliers are detected. Figure 4.8 shows an example of outliers identified by via 

the median Altered linescan test.
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Figure 4.8: Example of median filtered linescan for outlier removal with Blue Amberol 
cylinder linescan, (outliers identified are highlighted by green markers).

Stage 2: Groove Envelope Function Test

Outlier Stage 1 may not detect all outlying samples, if there are sustained (as opposed 

to isolated) regions of damage. The purpose of Outher Test 2 is to detect regions of 

outliers, which may be caused by fibres or scratches, lying across the groove structure 

for instance. To do this, two envelope functions are formed: and z^p, which are the

lower and upper envelope functions respectively. These envelope functions are formed 

by detecting ridge and valley points of each groove. Sets of ridge points i?(x^) / valley 

points V(xfr) are determined by locating samples in z/xi), which are higher / lower 

than a neighbourhood of X; ± A^2 samples. If ridge / valley candidates happen to be 

located at outlier positions, they are iteratively removed firom the set of B.(xj^) and 

V(x!f), if they exceed a z-distance threshold of ±0.5^ from neighbouring candidates.

Linescan envelopes functions are generated by linearly interpolating at node 

positions specified at E(xjy) and V(xj^). An example of these linescan envelopes functions 

are shown in Figure 4.10. Outlying samples are then removed if they deviate by more
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than 0.25ff; above/below the two envelope functions and Outliers identified by 

this procedure are shown in Figure 4.9. In this example, the expected ridge node 

candidate between — 250 - 300, is removed from the list of as it exceeds a

distance of 0.5Hz &om surrounding candidates. The procedure for outlier removal via 

the groove envelope test is carried out as follows:

FOR the ^th linescan, z^(z):
Determine a list of ridge, and valley candidates
A ridge candidate Is found at IF:

A valley candidate Is found at z, IF:

z^(zt) < z^(a^/3: Zk+./a)

Remove candidates &om R^Zjv;) and F^z^y;) IF :

|R(XN)- R(xN.i) I > 0.5H.
|V(XN). V(xM.i) I > 0.5H.

Form upper and lower (z^u,) envelope functions, using valid and
F(zjv)l nodes. Outliers In z^(z) are considered at z^ If:

or:

Values at a^(zj are replaced with NaN ('not a number')

Figure 4.10 shows a Blue Amberol cylinder surface (JBTBM) with outliers 

identified via the outlier tests described above. It should be noted, that no attempt has 

been made to replace the regions caused by damage or debris sites and such 

reconstruction operations lie beyond the scope of this work. The fact that outliers have 

been identihed and stored as AaA means that when an audio signal is created, 

samples in the time series can be interpolated. This process ensures that impulsive noise 

caused by debris or measurement error is minimised.
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Figure 4.9: Example of linescan envelopes used for outlier removal with TCI linescan 
(outliers identified denoted by green markers). Triangles denote ridge, E(%) and valley, 

F(%) nodes used to form the linescan envelopes.

-5.05

5.15

Figure 4.10: 3D surface and 2D intensity plots of a Blue Ambcrol cylinder (PBEAR) to 
demonstrating outlier removal. Outliers identified are highlighted by black markers
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4.4.5 Grcx)ve Seed Detection

The purpose of this stage is to determine the a>-mdex of grooves along the surface at 

which the recorded track exists, which involves valley detection. This task is aided by 

prior knowledge of the groove spacing A, determined by Eq. (3).

The t-th groove seed, y* is found by locating the medial axis of each groove 

valley along the linescan at 0 — 0°. For smooth, symmetric groove cross-sections, the 

medial axis, is indexed by the local minimum point of the groove and can be found via 

a simple neighbourhood search. In cases where the groove cross-section is rough and/or 

asymmetric the medial axis does not always lie at the local minimum point. To ensure 

that each groove is indexed by its medial axis, an appropriately designed Savitzky- 

Golay (SG) polynomial smoothing filter is applied to the linescan z/i) to form the 

filtered linescan z/(z).

In Chapter 2, Savitzky-Golay (SG) polynomial smoothing Alters were described. 

SG Alters were initially developed to identify the relative widths and heights of spectral 

peaks in noisy spectrometric data [71]. In this work, the SG Alter can be used in a 

similar way, to locate the medial axis of a groove valley.

The Aame length T, of the SG Alter is chosen to match the groove pitch, In 

this way, the SG Alter operates locally on each groove valley, replacing the rough 

groove cross-section with a smoothed version. Figure 4.11 shows a noisy linescan (data 

Aom TCI cylinder). Altered with a cubic SG Alter (F = 3) with Aame length T = 25, 

(the approximate number of samples across one groove cross-section for a 100 tpi 

cylinder, measured with Az = 10 pm). It can be seen that the position of minima in the 

Altered linescan, ^'(z) are located closer to the middle (medial axis) of the groove 

valley, than minima found using the raw linescan z^(z).

The local minima of this SG Altered linescan are used to determine the groove 

seed. The A^th groove seed, g* is found by locating the minimum point in a linescan 

neighbourhood: looping over the index :. The search neighbourhood is

set to ::6A:/4 liuescan samples to ensure that minima are not falsely located Aom 

adjacent grooves. Figure 4.12 shows the groove seed positions Aom a cylinder surface 

(TCI) overlaid onto the surface formed by the noisy linescans shown in Figure 4.11.
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Figure 4.11: Demonstration of groove seed detection. The abscissa of local groove mmima 
from the raw linescan profile (TCI) Zj{x), varies from one groove to the next due to the 
roughness of the cutting tool. Abscissa of minima from the filtered linescan, z’j (x) are 

spaced equidistantly by an expected distance of 0.254mm. The abscissa of local minima 
of z’j (x) provide the groove seed position.

10.02

Figure 4.12: Groove seed positions overlaid onto 2D surface plot constructed from example 
of noisy linescari data (TCI) shown in Figure 4.11.
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4.4.6 Stylus Trajectory Estimation

In previous work on NCFSM cylinder audio reproduction [5], the estimation of stylus 

trajectory (uid g^cove dearth vnere not comuctened rndeqoenckuith^, l)ut as a single prcKxxa. 

In tlus ivcMdt, sigpial recKXvery is cmisidered ui tvM) iuckqpeiuient stages--s;1?rhis trajectory 

estimation and audio signal estimation.

The purpose of stylus trajectory estimation is to form the vector, .A which 

approximates the approximate path traced by the stylus in a; and 0. This trajectory 

vector is used as the framework for a local estimate of groove depth, h-om which the 

final audio signal is derived. Reasons for forming a stylus trajectory in this way prior to 

estimating the audio signal directly arc:

" Coherency: In ensures that the entire audio signal is extracted coherently and 

that no local tracking errors occur (as is common with stylus reproduction, the 

stylus 'skips' across the surface).

' Visualisation: The trajectory overlaid onto the surface can be use to find 

potential problems with the groove structure, for example groove misalignment 

(in the case of reconstructed cylinders).

* Robustness: It ensures that the "virtual stylus' has some inherent knowledge of 

where to go, in the case that it arrives at an obstruction or damage site.

* Speed: A coarse estimate for the stylus trajectory can be found quickly, and 

can provide the user with a rough idea of the audio content.

For an ideal cylinder recording, the helical trajectory produced by the cutting tool 

varies at a constant rate along the Praxis. When the surface is unwrapped to a 2-D 

matrix of surface heights (see Fig. 4.3), this ideal helix appears as a series of straight 

line trajectories, separated by the groove pitch spanning &om 6/ = 0 - 360°. Due to 

the eccentricity of most cylinder surfaces, coupled with the geometric projection of the 

sensor's imaging plane, trajectories generally appear curved. The tracking of these 

curves forms the task of stylus trajectory estimation.
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Methods of stylus trajectory estimation have been developed for cylinders in two 

categories:

1. Cylinders that have a consistent groove structure and are generally in good 

surface condition.

2. Cylinders with a complex groove structure and/or with poor surface condition.

For cylinders in good condition (e.g. commercial Edison cylinders), trajectory 

estimation is fully automated, and requires only the measured surface data and

measurement grid parameters (Az, A^) as inputs. This method uses the phase 

information (^) of our liuescan model, introduced in Eq. (1).

For complex or poor condition cylinders, (e.g. broken, damaged grooves, multi- 

session recording), some manual interaction is required, because the groove trajectory is 

often ambiguous and thus difficult to track automatically. This method is based on 

local feature point tracking of groove minima features.

Method for Cylinders in Good condition

Figure 4.13 shows that if we observe a single groove valley at linescan at ^ — 0" and 

track its shift along the z-axis around the cylinder circumference until linescan at 0 = 

360°, the z-position of the valley propagates through a distance of For a cylinder 

recorded with constant pitch, this shift is approximately equal for all grooves. An 

estimate of this shift vector denoted by r = 'r(^), c&ii therefore be used to form an 

approximate stylus trajectory.

The shift vector r = ^(0), can found by estimating the relative phase (shift) 

between linescans hrom 0 to 360°. With determined from Eq. (2), the phase estimate 

of the j-fA linescan is given by:

ip =arctan (5)
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Figure 4.13: Linescan measurements taken at six angular intervals from ^ — 0 - 360° 
(llnescams have been o%et in z-axis to aid visualisation). The path traced by r 
i^pdxaeidsthe shiAin the highlighted groove vaJl^y.TThisEhuft sector is 

approximately equal for aH groove valleys and can be estimated by calculating the 
relative phase shift between adjacent linescans.

Trine inesult from ISq. (5) is given in rewluans, thus ui orcher ibo oletain r, the ]pluu)e an^ghe 

vector , must be scaled such that a phase shift of 2^^ radians is equal to the distance

. If the phase variation between successive linescans exceeds 2n: (in the case of highly 

non-concentric cylinders for instance), a discontinuity occurs in y,. The procedure for

constructing a continuous, natural phase variation is known as phase-unwrapping [83] 

and is accomplished by adding 4-/- 2;F to (Py, when absolute jumps between consecutive

elements of mre greater than or equal to ;r.

Discontinuous and continuous phase estimates from an Edison cylinder surface 

are shown in Figure 4.14.
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Liaescan index, 6^

Figure 4.14: Trajectory estimation via examination of the phase angle at frequency , for 
all linescans around the cylinder circumference. Discontinuous phase estimate (a) and 

continuous, imwrapped phase estimate (b).

It shrxiki twe nrykxi tlmt aii eqiiKnakmt trajectcuyr estimate coukl lx: otd:auied 

using crogs-ccurelation txdrwtxm linescans, l)ut dm: to the luiescan modellmg ste^) 

developed in Section 4.4.3, it makes sense to make use of the phase information already 

provided by the Fourier transform.

The resultant shift vector r, is rounded to the nearest grid position along the ay 

axis, so that the discrete surface data can be referenced. Figure 4.15 shows examples of 

phase shift vectors r, overlaid onto four different cylinder specimens. The vector r is 

then used as a template, to form the approximate stylus trajectory for the full surface.

In general, r characterises the average trajectory for all grooves of the recorded 

surface. However, in cases where the surface is heavily deformed/eccentric, the estimate 

is updated at intervals along the ayaxis. The size of these update regions is chosen 

typically to be every 10 mm for standard 4" Edison cylinders. Figure 4.16 shows two
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surface regions of an Edison cylinder (PBEAR) to demonstrate how the t estimate 

varies for a highly non-concentric cylinder, from one end to the other.

JBTBM BIRDS

Phase shift estimate, t

PBEAR IRISH

Figure 4.15: Four different cylinder surface plots with groove phase shift estimates t 
overlaid. The cylinder BIRDS most closely resembles a straight Une, suggesting that the

surface is most concentric.
(Surfaces have been de-trended in the z-axis to aid visualisation)
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PBl-'AR surface region .r ■ 1 ()-11 mm PUliAR surlacc region .r ■ SO-81 mm

Figure 4.16: Two regions of the same cylinder, PBEAR (of recorded length = 90mm), 
demonstrating the variability in stylus trajectory curve r from one length of the cyhnder 

to the other. Reasons for this variability in r are surface deformation, imperfect 
recording apparatus or a difference in geometric projection of the sensor’s imaging plane

from one length to the other.

Following groove seed detection, (as described in Section 4.4.5) an approximate stylus 

trajectory, containing x-d point-pair coordinates, denoted by A„, is constructed (see 

Fig. 4.17b) by positioning t at appositions specified by the Apth groove seed, ... g^:

A„ G{x^,ej =

[r+gj vef

[T + gJ [df

(6)

Where A „ is of size n rows by 2-columns, n is the number of groove cross-sections 

found along the trajectory. The column vectors + and [0]^are both of length J, 

corresponding to the number of linescans measured over the cylinder circumference.
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360

Figure 4.17: (a) Scaled, discretised shift estimation vector t, overlaid onto a cylinder surface, 
(b) Formation of stylus trajectory vector A^, using the phase shift estimate t and groove

seed positions, pi, g, ... .

The DFT method described provides a global (as opposed to local) method of trajectory 

estimation. By this we mean that the overall shift of the groove is assumed to be 

approximately equal over the full surface and a global. This global treatment of 

trajectory estimation has advantages over local tracking methods - namely its ability to
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correct for linescan offset-error, introduced by the measurement process. Figure 4.18 

shows the q)j and t estimates for a cylinder specimen scanned in 19 segments. This

cyUnder measurement exhibits hnescan offset-error of up to 20 pm. Figure 4.18 also 

shows how the trajectory estimation stage has accounted for this linescan offset error, 

where local tracking methods may have failed to cope with discontinuities between 

segments.

-0.08

0.07
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0.05

0.04

0.03

a

0.02

- 0.01

jj-o.oi

360

-n
(b) III'

36 54 72 90 108 126 144 162 180 198 216 234 252 270 288 306 324 342 360

eC)
Figure 4.18: Example of (a) cylinder surface (TCI) exhibiting x-offset error, scanned in 19 

segments (segment joins denoted by change m colour). The (b) groove phase shift 
estimate derived from the surface in (a), demonstrating the ability of this method to

account for x-offset error.
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Ix)cal tiviclcir^g iruetliCKi ftxr c^^lunwleurs vvitli cxazr^plecK gproo\ne stiruwcture

Ih tb^ caae of (xinie {q>ecuiMaa8, trajectcf}' estimation via tlie 101PT7 inetliod

(iescribetl ah^rve v/iU iwyb Rnanrant em a^xmrate trajectof)r estimate, liw! ix) Local suiface 

complexity. Examples of cylinders with complex groove structures include:

* IHlearvUhK dmma^ged (cylirwieurs - (3r(X)ves niay 1* cxm^pieteh^ (iestroyxxl lor 

follow a highly variable trajectory, which do not conform to the global helix of 

the recorded surface.

* Broken recordings - when broken hragments of cylinders have been re­

assembled (see Figure 2.16b for example) the grooves do not generally match up 

exactly. This means that the helical trajectory is discontinuous, and cannot be 

well estimated using the phase shift estimation method.

' Multi-session recordings - some cylinders were not always recorded fully in 

one continuous helix, but as a series of independent recording events. 

Recordings of this type will generally have a blank region, between adjacent 

tracks, so that each treick was distinguishable, and could be played back 

independently.

In the cases above, it is more appropriate to track each groove on a local basis, in order 

to account for extra complexity. To do this, a second trajectory estimation method was 

developed, based on the local tracking of groove features. This method of feature point 

tracking is similar to work carried out with images of flat disc recordings (See Pig 2.28 

for instance) but in this case, the medial axis of the groove valley is tracked as opposed 

to grayscale image intensity. This procedure is as follows:

1) SG altering - linescan data is smoothed using a cubic SG filter with the same 

parameters (P=3, described in Section 4.4.4 to form the smoothed surface,

Z'(a;,0). This stage ensures that the medial ridge-valley structure is enhanced, 

whilst reducing surface noise.
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2) Minima Detection - using Z'{x,d), a feature map of groove minima is produced 

by locating the local minimum point of the SG filtered surface, by the method 

described for groove seed detection in 4.4.5. Figure 4.11 showed how the SG 

filtered linescan has local minima positioned along the medial axis of the groove. 

Minima locations are stored in a logical array, with ‘ones’ at locations where 

minima have been detected, and ‘zeros’ elsewhere. These minima locations form the 

features to track. A minima map from a damaged and reconstructed cylinder, is 

shown in Figure 4.19.

en

Figure 4.19: Minima map produced from damaged, reconstructed cylinder (EVAN). The 
main line structures indicate the medial axis of the grooves. Additional spurious feature

points are due to damage sites.
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3) Feature Point Tracking - Once all minima have been located, the next stage is 

to track feature points in the minima map, in order to estimate the trajectory produced 

by the cutting stylus. Initial algorithm development carried out by Fadeyev and Haber 

accomplished this tracking by examining each linescan individually. Groove minima 

positions in the next linescan were searched for in some minimal distance along the 

cylinder axis. There are two potential problems when applying this technique to a 

minima map:

i. The minimal distance constraint breaks down if minima exist in-between adjacent 

groove trajectories, due to damage sites etc. The effect of this can be that the track 

skips from one groove to the next.

ii. Computation time is high - for a cylinder with 700 grooves, scanned with 36,000 

linescans, over 2 x 10^ neighbourhood searches must be carried out.

To overcome these issues, a two-dimensional moving window denoted by ly, 

is used to track the minima map, instead of treating each linescan individually. The 

dimensions of IF are [At/2 x W,), corresponding to the linescan and circumferential 

dimensions respectively. The choice of At/2 ensures that minima pixels inside IF do not 

belong to adjacent grooves. The value of is dependent on the 8-grid sampling and 

groove pitch and is calculated such that in a range of linescans, the a-distance 

shifted by the groove trajectory St , does not exceed half a linescan sample. Assuming a 

linearly varying trajectory, this is calculated by:

1
2A

360
Ae (7)

Where At is given in linescan samples, and A8 is given in degrees. The calculation of AT, 

ensures that within the limits of IF , minima positions approximate a straight-line 

segment, which is useful for the tracking step. Following the design of IF, tracking of 

mmima features is carried out as follows (this is shown graphically in Fig 4.20):
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Figure 4.20: Figure to demonstrate the local tracking of groove minima using the 2-D 
moving window, W. (Minima map is derived from GRAPH surface)

I. Tracking starts at 0 = 0°, with the central a>mdex of W positioned at the first groove 

seed index, g,.

11. A straight-line function: x = md -f c, is least-squares fitted to minima pixels inside 

the window W.

HI. The window progresses by N. samples along the 0-axis, and its central z-position is 

updated to equal the last ordinate position of x found in (H). 

rv. W advances in steps of N, samples until reaching the linescan at 0 = 360°.
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V. A spline interpolant is fitted to nodes given by the central positions of the tracking 

window IV to form a single groove trajectory denoted by o*, for the Mh groove.

VI. Steps I-V are repeated for all other groove seed positions, given in

VII. The full stylus trajectory is formed by concatenating the individual groove 

trajectories:

(8)

Figure 4.21 gives an example of the trajectories formed by this local minima tracking 

method.

Figure 4.21: Example of minima map (from GRAPH) with stylus trajectory vector overlaid. 
Individual groove trajectories: Uj, a^.., % , found in the minima tracking-stage are

depicted by different colours.
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Manual tracking

In the case of heavily damaged surfaces when the groove structure is ambiguous, (for 

example, the minima map shown in Fig. 4.19), some manual tracking is required, to 

ensure that the stylus trajectory follows a coherent path. In this case, it is necessary to 

manually modify the nodes produced by the minima-tracking step, to ensure that 

grooves hne up correctly. This can be accomplished interactively in MATLAB. The red 

region in Figure 4.22 gives an example of manual tracking for the minima map shown 

in Figure 4.19. In the case of this cyhnder, (which was broken and reconstructed), the 

correct groove structure was too ambiguous to be followed completely automatically, 

and needed to be tracked manually.

_A„ - tracked automatically via 
moving window method A„ - Manually tracked

Figure 4.22: Stylus trajectory, A„ derived from the minima map shown in Fig. 4.19 via a 
combination of manual and moving window tracking methods. This particular surface 
(EVAN) has a complex damage structure towards 0 — 180° and manual tracking was 

required here to ensure that the grooves lined up appropriately.
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4.4.7 Groove Depth Estimation

The trajectory detenomed in 4.4.6, gives an approximation to the path followed 

by a reproduction stylus. In general, this trajectory indexes the medial axis of each 

groove cross-section, and is used as the initial location to estimate the groove depth.

The signal, z.(n) is deOned as the local radial displacement of the groove cross- 

section, corresponding to the depth trace of the encoded sound. The n^th sample in this 

sequence is obtained by forming an estimate of the groove depth, in the vicinity of the 

m-th trajectory position: A,

It should be noted that a number of different estimates for z.(n) can be derived 

from the same specimen, for example through model fitting methods (e.g. quadratic 

fitting in [5]), or by averaging samples across the groove cross-section. In order to 

determine the optimum method for estimating z.(n), we start by considering the 

composition of the optically measured groove. In the following section, six criteria for 

estimating z.(n) are stated and several estimation schemes are considered.

Composition of Optically Measured Groove

A consideration of the measured groove cross-section composition &om ideal cutting 

facet to measured groove is shown in Figure 4.23. Ideally, we would like to obtain the 

original depth trace produced by the cutting facet. This is impossible in practice due to 

the following factors:

' Micro-roughness - inherently caused by surface imperfections.

* Groove wear - inherently caused by stylus playback or poor storage.

* Debris - caused be foreign objects that lie above the groove image plane.

* Sensor and quantisation noise - inherent to the measurement system.

Despite the outlier detection stage in Section 4.4.4, samples attributed to local 

damage/debris may still exist across the groove cross-section. In order to
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noise which can be introduced by surfeice roughness and debris measured by the optical 

method, the 6rst two criteria for estimating Zn(n) can be stated as:

CRITERION 1: The estimate for Za(ft) should incorporate some form of 
smoothing across the groove cross-section, in order to suppress higher 
spatial hrequencies, attributed to microscopic surface roughness and/or 
measurement noise.

CRITERION 2: Samples across the groove cross-section attributed to 
damage and/or debris, should be identified and not included when 
estimating Za(n).

Ideal Groove Measured Groove

Ideal cutting facet shape -|-
-Micro-roughness 
-Measurement noise Debris / Damage

Figure 4.23: Consideration of cylinder groove cross-section horn original cutting facet to
measured groove.

For an ideal vertically cut groove, the cutting facet modulates in the ^-plane as a solid 

body. This means that in theory, if one treicks a consistent apposition across the groove 

cross-section, for all grooves, the relative variation in depth (^paxis) should be the same, 

regardless of apposition. Figure 4.24 shows three depth variations, and s,, from

consecutive linescans taken at grid positions, a:i, ag, and a^. In this example it is clear 

that s,! hence the solid body assumption does not hold true. Reasons for this

include:
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Local regions of the groove-cross section are likely to have been subject to 

varying amounts of deformation, as a result of stylus playback.

Debris and mould growth are likely to be randomly distributed over the surface. 

Quantisation and discretisation error due to the measurement process.

The recording process is imperfect.

Figure 4.24; Two groove cross-sections taken from adjacent cylinder linescans (TCI). The 
three arrows indicate depth variations, fa consistent r-position across the

groove cross-section. The variability in distance suggests that we cannot assume that
the groove moves as a solid body.

Due to the lack of the solid body assumption and conditions stated above, the third 

criterion for estimating Za(n) is:

CRITERION 3: The estimate for Za(n) for a given cross-section should not 
be based on a single ^^sample, but by a set of samples across the groove.
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Groove Ridge Data

Care must be taken when including depth information from the groove ridge in order to 

avoid introducing temporal distortion (echo). In [78], it was observed that estimates for 

which used samples towards the groove ridge exhibited temporal distortion, or 

^echo'. This phenomenon was brst noted with the laser-beam reflection method in [40], 

when the reproducing laser beam was wide compared with the groove width. Similarly 

in [5], Fadeyev et al. note that groove ridge data, provided audible, albeit noisy sound 

content, but with interference from different times in the recording. Echo is introduced 

due to the superposition of adjacent grooves at times f and f-t- T, where T is the time 

taken for one complete cylinder rotation (0.375 seconds in this case for 160 rpm). This 

leads us to the fourth criterion for estimating Zo(f):

CRITERION 4: In order to avoid introducing temporal distortion, the 
estimate for should not use data in the vicinity of the groove ridge
(top).

Rationale (or 1-D Estimate of Groove Depth

Due to the fact that the surface is buUt up by linear scans, measured independently of 

one another, and coupled with the issue of a>offset error (shown in Chapter 3, Figure 

3.20), it is more appropriate to consider an estimate for z.(n) on a 'linescan-by-linescan' 

basis, along the z-axis only (as opposed to obtaining a smoothed estimate in both a: and 

0 simultaneously). This rationale was also adopted in the work by Fadeyev et al. [5]. It 

is assumed that despite z-offset errors, the relative 2:-values (however shifted in %) must 

stUl be valid, for each groove cross-section.

With stylus reproduction, if a reproducer slides laterally (along the a>-axis) 

across a vertically modulated groove, distortion will result, because the points of 

contact are no longer at a consistent depth in the groove for all time instances. A 

similar distortion may result with NCFSM signal reproduction if the Za('n,) estimate is 

taken hrom inconsistent positions across the groove. These considerations lead to 

criterion dve:
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CRITERION 5: Each sample in Za(n) should be estimated on a linescan-by- 
linescan basis, at a consistent apposition across the groove.

Groove Shape

With stylus replay, reproducers of different geometry are often experimented with, in 

order to obtain desirable signal reproduction. This experimentation is due to the fact 

that the cutting facet used for many early recordings was not standardised, and so an 

ideal reproducer is initially unknown. Moreover, cylinders are likely to have undergone 

varying amounts of playback, and hence exhibit unique wear characteristics.

Figure 4.25 shows the clear variability in groove cross-section for three different 

cyUnder specimens measured by the NCFSM method. Knowledge of the original groove 

shape is therefore important for signal reproduction and will differ for each specimen. 

This consideration forms the final criterion for estimating Za{n):

CRITERION 6: The average groove shape for a particular specimen should 
be known when estimating Za{n).

;r(mm) ;r(mm)z(mm)
Figure 4.25: Average groove shape from three cyUnder specimens. In (a), the groove 

(GRAPH) shows a wear feature produced by a reproduction stylus. In (b) the groove 
(JBTBM) has a paraboUc cross-section. In (c) the groove (TCI) has an irregular shape, 
due to the manufacturing process. (Red denotes regions where data is generally missing 

due to the angular tolerance of the sensor)

134



Schemes for Estimating Groove Depth

la this thesis, the following schemes have been considered for obtaining an estimate for

Z.N :

u.

m.

IV.

Single point ,2-data streams, (using raw ^ata, no averaging of samples) [84] 

Averaging samples across the groove cross-section [85].

SG Polynomial Altering method [85].

Model fitting methods [5].

Scheme (1) : Single point z-data streams

This is the simplest estimation method, whereby Zg(n) is derived from a single raw 

value found edong the stylus trajectory vector For example, one might take the 

minimum point of each groove found along as an estimate for Zn(n), or a data-stream 

that was 30 pm to the left of the groove's medial axis for instance.

Examples of single point z-data streams are shown m Figure 4.26. Scheme (i) 

was investigated qualitatively in [84] by examining data streams taken from three 

different positions across the groove cross-section. The cylinder in question was a 

moulded Blue Amberol cylinder (JBTBM) with smooth, symmetric groove cross-section 

(as shown in Fig 4.26). A frequency analysis of the three signal estimates depicted in 

Figure 4.26 is shown in Figure 4.27. This figure shows how the signal-to-noise ratio 

(SNR) varies as a function of apposition across the groove cross-section. In general for 

this specimen, the SNR increases as the depth estimate approaches the groove bottom. 

This is to be expected for a parabolic groove shape, because the curvature of the groove 

is steeper at the side-wall, than at the bottom. The variation in z from data streams 

taken at the groove wall is therefore greater than at the groove bottom, and this 

increased variance leads to a greater noise level in this case.

The use of single-point data streams relies on the solid body assumption holding 

true, which, as Figure 4.24 showed, is not the case, (especially for noisy groove cross- 

sections). Although this scheme does not comply with Criterion 3 (and others), it is
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worthy of consideration, because in theory, local regions of the groove may have 

undergone varying amounts of wear. In this situation, taking z^data streams from 

undamaged regions across the cross-section could result in a better signal.

10

Figure 4.26: Single-point data streams estimates for zj^n) taken at tluee different positions 
across the groove cross-section (JBTBM).

Frequency

Figure 4.27: PSD estimates derived from the data-streams depicted in Figure 4.26. In this 
example, the signal-to-noise ratio increases as the data stream position tends towards

the groove bottom.
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Scheme (11) : Averaging Samples across the groove cross-section

This scheme aims to address Criterion 1 &: 3, whereby z.(n) is obtained by taking the 

mean depth of a distribution of samples across the groove cross-section, found along the 

stylus trajectory vector ^4^. To explore averaging of samples, we introduce the notion of 

a 'groove matrix'.

The groove matrix, denoted by C, is simply a matrix of groove cross-sections (z^- 

values), found along the trajectory vector ^4^. G is of size n-rows by m^columns where n 

is the number of groove-cross sections (equivalent to the number of samples in the time 

domain) and m is the number of samples across the groove-cross section 

(m — A,,).

An estimate for Zg(n) is derived from G by an un-weighted mean averaging process 

across the n-th row of G

(») =

(9)

The mean average is taken from the central column of the G, which corresponds 

to the medial axis of the groove cross-section. The number of points included in the 

average varies from A=1 (central column of the G only) to points (±12 samples

either side of the central column of G).

The advantage of averaging an ensemble of points (as opposed to taking a single 

depth sample) is a suppression of high frequency noise, caused by surface roughness. 

Scheme (ii) therefore complies with Criterion 1 & 3.

Averaging is a low pass filtering operation since its effect is to allow lower 

spatial frequencies to be retained, while suppressing higher frequency components. The 

mean of a larger distribution will remove more surface noise, but will result in a loss of 

signal power. Care must be taken in the limit where A A,, because ridge data from 

adjacent grooves can introduce temporal distortion (Criterion 4).

There are problems associated with averaging samples to obtain z„(n). Applying 

sample averaging to cross-sections without first removing outliers (Criterion 2) is not
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ideal, because outlying z^data points will skew the distribution, resulting in a loss of 

signal accuracy. Additionally for vertically cut grooves, the distance between adjacent 

groove ridges is dependent on the depth of cut (see Fig. 4.2), thus the number of 

samples attributed to a single groove cross-section can varies throughout the duration 

of the recording. This suggests that obtaining the mean of a hxed number of samples A 

for all groove cross-sections could introduce bias, if A is greater than the smallest 

groove width encountered in the specimen.

Scheme (ill): SG Polynomial filtering method

A third method has been developed [85] which utilises the SG polynomial smoothing 

filter to obtEiin an estimate for The rationale behind this method is to incorporate 

a niter that suppresses surface roughness (Criterion 1), and also ensures that depth 

estimates are taken from a consistent apposition across the groove (Criterion 5). In 

addition, different combinations of SG Alter parameters can be experimented with, in 

the same way that different reproducers are used with stylus reproduction. The method 

for obtaining an estimate for Zg(n) is as follows:

* Raw surface data is filtered along each linescan via an SG filter of polynomial 

order P, and frame length T to form the SG Altered surface, .Z'(a:{,61^).

* Along the trajectory estimate A^the radial displacement estimate is found 

by locating the local minimum point of the Altered surface:

= min { Z'(AJ }

" SG Alters with diAerent combinations of order P = {1, 3... 9} and Aame length 

2 = {11, 13,... 25} can be used to obtain unique groove minima at different 

positions in the groove cross-section.

In this method, the SG filter is used to smooth the groove cross-section, in order to 

reduce the eAect of surface roughness, caused by the cutting tool. The local Tninimiun 

of the smoothed cross-section, min{ f'(AJ } is then used as an estimate of Za(n). The
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rationale behind this method is that by exploring different SG filter types of varying 

polynomial order and frame length, a number of unique estimates for Za{n) can be found 

(see Fig. 4.28 for example). This method is therefore analogous to experimenting with 

different styli tips, as is common with stylus reproduction.

Figure 4.28: Figure to demonstrate estimating %(n), via different SG filters. Horizontal lines 
correspond to the depth estimate of the given SG filter with P (polynomial order) and

filter length (L, in samples).

The SG filtering scheme described meets more of the six criteria than schemes (i) & (ii) 

and has the advantage of being adaptable to different groove types (by using different 

combinations of P and L). It does not however provide any inherent error checking, to 

account for damage and debris. The issue of impulsive noise rejection (Criterion 2) 

and groove shape (Criterion 6) implores us to explore scheme (iv).
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Scheme (iv) : Model Gttlng Methods

In scheme (iv), a groove shape model M(a:), is fitted to the discrete groove cross-section. 

The minimum point of M(a:) is then used as the estimate for Zo(m). One of the 

advantages of this scheme is that samples attributed to debris/damage, (which may not 

have been removed in stage 4.4.4) can be identiOed and removed by examining the 

similaurity of raw .2>-data with M(a;). This means that impulsive noise can be reduced and 

a more accurate estimate for the true groove depth is obtained.

Model-Gtting methods rely on the groove shape model M(a;) bearing strong 

similarity to the measured groove cross-section. For cylinders in good surface condition, 

the shape of the groove cross-section does not vary greatly over the recording duration. 

Exceptions to this rule will be regions of groove damage, debris sites and periods of 

extreme loudness or quietness during the recording.

A constrained quadratic Atting method was previously described in [5] for a Blue 

Amberol cylinder with smooth, symmetric groove cross-section, (shown in Fig. 4.25b). 

For this particular case, the parabola model agreed well with the groove shape. In [5], 

outliers we identified as those which deviated from the constrained quadratic fit by 

more than 3o, where o was the individual point error, based on the width of the 

distribution of fitted residuals. Outliers were removed, and then the fit was re-iterated. 

Fit iterations stopped if no points deviated by more than then 3a (or only 5 samples 

across the groove remained).

For some cylinder specimens, (see Fig. 4.26a-c for example), the groove cross- 

section is irregular, asymmetric and is not necessarily a parabola. This means that 

constrained quadratic fitting, as described in [5], is not appropriate to all cylinder 

specimens and is therefore discounted as an optimum solution for aZZ cylinder 

specimens.

In order to account for Criterion 6 and to design a model-fitting method 

suitable for aH cylinder types, a unique groove shape model M(a;) must be derived 

directly from the surface data for each specimen. The method for forming M(a;) is as 

follows:
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Using form the Groove matrix G, from G is of size n by samples,

where n is the length of (the number of point pairs) and A^is the number 

of samples across the full groove cross-section.

The mean of each groove cross-section is subtracted from each row in G to 

form the groove matrix G, with 'zero-mean'.

A groove shape template, M(a:) is formed by taking the mean across columns in 

G,.

To avoid fitting to samples at the groove ridge (Criterion 4), an additional 

constraint of the groove model is to consider samples only in the lower half of 

M(z). It is assumed that the shape of groove in the lower half is a consistent 

characteristic for all groove cross-sections, regardless of depth. Examples of 

groove shape models derived from two different cylinder specimens are shown in 

Figure 4.29.
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Figure 4.29: Groove shape model for two different cylinder specimens: (a) Black Amberol 
cylinder (BIRDS) and (b) custom-made wax cylinder (TCI). The model used for fitting, 

M(x) is formed using only samples from the lower half of the groove cross-section to 
account for deep and shallow grooves, with different groove widths, and to avoid fitting

to the groove ridge.
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In [5], the constrained quadratic function is fitted via method of least squares. In the 

method described here, the groove model M(z) is fitted to the n^th groove cross-section, 

vm a ]^^*-sqmm% minimisation W fbnn t^ nmdd,

= M(z) 4- c. (see Fig. 4.30). We want to determine c, such that the distance 

between Atted model and is minimised. Using the method of least squares, the 

residual square error between and which we wish to minimise is given by:

(10)
t-7

Since we are seeking to find the constant, c, which gives the minimum error, by 

differentiation we obtain:

2[G,-(M,+c)] = 0

- nc = 0

If

So the required Atting function is simply:

fi, == M(-|- —-Mj
n (11)

The groove depth estimate for the n-th groove section is then given by the minimum 

ordinate of F„(a;): %(n) = mm{F^(a;)}

The method of least squEires Atting assumes that groove data has a normal 

(Gaussian) distribution. This means that if outliers exist in Gn, the Atting becomes 

inaccurate. Despite the outlier removal stage described in Section 4.4.4, local outliers
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(which do not resemble the groove shape template) may still exist and need to be 

removed from the fit. At each a>offset samples which deviate from the fitted template 

by more than were considered outliers and removed the fitting process is reformed 

with outliers set to NaN. For the n-th groove, if 50% or more of the samples in the n^th 

groove cross-section are equal to NaN, a valid depth estimate could not be obtained, 

and the value of 2g(n) is set to NaN

Figure 4.30: Procedure for fitting groove shape model, (a) raw groove cross-section G„, (b) 
the groove shape model, (with lower half shown in green) and (c) the fitted groove 

shape model via method of least squares to obtain groove depth estimate z^{n).

The trajectory estimate found in 4.4.6 provides an approximation to the medial 

axis of the groove cross-section. In order to ensure that the model M(x) is positioned 

correctly in the groove, a local 2-D cross-correlation is carried out. The fitted model F„ 

is obtained at local offsets about the a>-position, given by A„. The fitted groove model 

with as-offset t, is denoted by, F„ (x -1- %). The local x-offset neighbourhood k is set to 

±30 p,m, which is the maximum expected drift assumed around the initial estimate in 

A„. This procedure also ensures that any remaining outhers not identified in Section 

4.4.4 are not included in the fitting process for F„. This method is shown graphically in 

Figure 4.31 and is now described:

■ For the Tvth trajectory position given by A„, perform a sliding-correlation with 

M(x) and the .^(A„), to find F„ (x ± t) at offset t = [-30/rm : Ax : 30^).

■ Obtain the x-offset, with minimum, mean absolute 2-point error, min {|C'(t)|}
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At this offset check for outlying data points, based on a z-point error threshold. 

Remove outliers at this offset and re-perform previous steps until no outliers exist. 

Take min{Fj^x)} as the depth estimate for zj^n).

-12.24-

-12.242,- (a)

Figure 4.31: (a) The groove shape model, M{x) is shifted across the linescan data Zj and the 
absolute mean error between the model and linescan data is computed. The error 

function shown in (b) is used to update the initial trajectory estimate, A„.
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Additional Outlier Removal from Depth Estimate

For each groove cross-section, the residual fitting error between the groove model M{x) 

and raw data is stored in the vector This error vector Sji^ gives a ‘groove shape

likelihood function’, which can be used to discriminate between groove cross-sections 

that do not resemble the groove model, M{x). Values from the groove shape likelihood 

function, which exceeded 3a were found not to resemble the groove model, M{x) 

sufficiently and are flagged as outliers in the displacement signal 2a(n).

Despite the groove shape similarity test, impulsive noise may still result in the 

case some cases. For example, debris or damage present in the groove can unwittingly 

resemble the model M{x), despite being locally much higher or lower than surrounding 

groove cross sections. Again, it is possible to make use of the average groove height 

parameter, as a means of identifying such outliers. Consecutive depth estimates 

Za{n+l), and Za{n) whose absolute difference exceeds can be flagged as outliers. 

This stage reduces the requirement for impulsive noise removal in the audio signal 

domain, by making use of the groove geometry in the spatial domain. Figure 4.32 shows 

the effect of these additional outlier removal stages.

Figure 4.32: Impulsive noise removal by examining the groove shape likelihood function and 
observation of consecutive samples whose absolute difference exceeds 0.55^
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4.4.8 Equalisation and Signal Correction

In this section, the raw, unaltered depth estimate Zg(7i) is adjusted to overcome issues 

of z^ffset error (discussed in Chapter 3, Section 3.4), and is output to an audio signal 

file (.wav) that is suitable for playback.

Equalisation

For recordings that exhibit constant velocity characteristics (over a limited kequency 

range), such as cylinder recordings, the maximum amplitude of the recorded groove 

displacement decreases as the frequency of the recorded signal increases. Furthermore, 

the frequency response for acoustically recorded media is limited to within a bandwidth 

of -200HZ-5 kHz, due to the characteristics of the horn and mechanical recording 

process. In order to produce a signal which approximates a flat frequency response over 

this given frequency range, a Alter should be implemented which incorporates both the 

constant velocity constraint (differentiating Alter) and the limited bandwidth in which 

the sound is audible (band pass Alter).

Different numerical differentiation methods (e.g. forward/backward/central 

difference), will introduce diAerent Arequency responses to the resultant signal. Due to 

the complex transfer function of the horn, mechanical linkage, and specimen's surface 

condition, the required equalisation is likely to vary from cylinder to cylinder. It is 

therefore suggested that any Anal equalisation, (prior to pubhc access) is left to the 

expertise of the transfer engineer or sound archivist.

Regardless of which Altering method is used, the most important stage in the 

signal reproduction chain following surface measurement, is to obtain the most accurate 

estimate of the displacement track, Zn(n), with minimum distortion. The ideal 

equalisation required for purposes of providing public access to rare sound recordings 

remains a subjective task should be leA in the hands of the sound archivist.
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Correcting for z-sensor drift

Due to the measurement process and sensor drift, ^offsets generally occur between 

segment joins. In Chapter 3, Figure 3.17, an example of this offset was shown between 

linescans at the wraparound point between 0=0° and 6 = 360°. The effect of this 

z-offset for the final audio signal will be a discontinuity, at regular intervals of nT 

samples, where n is the number of linescans between joined segments, or the number of 

linescans for a complete cylinder rotation.

This offset is accounted for by adjusting the displacement signal Za{n) every nT 

samples, by calculating the z-offsets and adjusting the displacement track accordingly, 

such that the error between samples z^nT+l) and z^nT) is zero. For surfaces 

measured in multiple segments, this z-correction is carried out between each segment 

join, using knowledge of the segmentation scheme described in Section 4.4.2. Figure 

4.33 shows the uncorrected and corrected displacement track, from the surface of a 

Blue Amberol cylinder. The effect of this stage is a reduction in repetitive impulsive 

noise.
Uncorrected Offset

Figure 4.33: Uncorrcctcd (top) and corrected displacement signals (bottom), from Blue
Amberol cylinder (JBTBM).
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Low Frequency Noise Removal

The measured surface data typically has a significant low frequency component, due to 

the eccentricity of the surface. This results in low frequency noise, which is perceived as 

a ‘thump’, or ‘rumble’. This noise was not produced by the original incident acoustic 

pressure, and should thus be removed. For non-contact sound reproduction, low 

frequency noise is produced by the following phenomena:

1. Eccentric surface form, due to radial deformation of the cylinder. 

Typically, this noise is sub-audible and occurs at the frequency of rotation, 

which is 2.67 Hz for 160 rpm cylinder.

2. Occurrence of segment joins. For a surface scanned in segments there often 

exists differences in surface orientation between adjacent scans. This may be 

due to the adjustment in the sensor offset distance, causing small changes in 

sensor orthogonality. For a 160rpni cylinder scanned in 20 segments, a low 

frequency noise peak in the spectrum is observed at 53.3 Hz (2.67 Hz x 20).

Low frequency noise can be removed by applying a high pass filter, with a cut off 

frequency of around 150 - 200 Hz. The frequency response of such a filter, implemented 

as a 4‘'' order digital Butterworth filter is shown in Figure 4.34.

Frequency Response of 4th Order Butterworth High Pass Filter

Figure 4.34: High pass filter frequency response (implemented via digital Butterworth filter,
4th order, with cut-off frequency of 150 Hz.
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Un-filtered and filtered displacement signals (with the filter design given in figure 4.34) 

are shown in figure 4.35.

Unfilterad Dispiacement

High Pass Filtared Displacamant

0.005

E
s.

-0.005 -

-0.01

Figure 4.35: Un-filtered (top) and high-pass filtered (bottom) displacement signal, from Blue
Amberol cylinder (JBTBM).

4.5 Methods developed for Disc Media

This section briefly outlines some preliminary investigations into signal reproduction of 

discs measured via the NCFSM method.

Reproduction of laterally encoded, monaural discs rehes on the abihty to resolve 

modulations along the a>axis (Imescan axis), as opposed to modulations in the z^plane 

for cyhnders. Despite this distinction, the same methods of groove seed detection and 

groove shift estimation for cylinders can be applied to disc surfaces.

As was shown in Figure 3.11-3.13 in Chapter 3, the air-bearing system measures the 

land (groove tops) and bottom of the groove only. From preliminary scans, it was also 

found that the groove tops (land), imaged better the groove bottom. Although not ideal
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for surface preservation, enough information is available for signal recovery, albeit with 

poor audio Adelity.

The sensor's angular tolerance (and inability to resolve 45° surface inclines) is used 

to form an edge detection scheme. Due to a lack of information at the groove wails, 

depth information &om the linescan is disregarded and instead, the surface is treated as 

a binary surface map, with 'ones' at the position of measured data, and 'zeros' at the 

position of unmeasured data. From this a simple edge detection scheme is used, based 

on the Gnding of edge pairs. The criteria for choosing these edge pairs is based a 

distance corresponding to the groove width. The groove width for monaural disc 

recordings is approximately constant throughout the recording. This method is now 

described:

1. The surface data is transformed into a binary map, with 'zeros' at the position 

of measured data and 'ones' at the position of unmeasured data (see Fig. 4.36)

2. The groove seed is determined by searching for minima along the interpolated 

linescan at 0°.

3. A groove phase shift estimate is determined for the surface (see Fig. 4.37), as 

per the method described for cylinders from the binary map. A skeleton stylus 

trajectory is formed as per the method described for cylinders in Elq. (6).

4. Edge points along the binary linescan are simply detected by observing when 

the value changes from 'O' to '!', and '!' to 'O'.

5. The left and right groove waU signals 3:;; are found by examining edge

pairs separated by an optimum distance, specided by the groove width (shown 

in Figures 4.38-4.39).

6. Steps 4-5 are repeated for aU grooves found along the trajectory formed in step 

(3).
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Measured Data [] Unmeasured Data

on

Figure 4.36: Binary map of 78 rpm disc surface.

O Groove Seed position, g„ Groove phase shift estimate, r,.

360

Figure 4.37: Binary map of 78 rpm disc record with groove seed positions and groove phase
shift estimate overlaid.
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Figure 4.38: Close up of single 78 groove showing left and right edge candidate detection 
and the ideal groove width distance W„ used to select correct edge candidate pairs.

Xi Left Groove Wall Right Groove Wall

360

Figure 4.39: Binary map of 78 rpm disc record with left and right groove wall traces
overlaid.

153



4.6 Chapter Summary

thk an 8-sti^^ has bwm 6^ andm

reproduction from NCFSM measurements of cylinder recordings. Two stylus trajectory 

nudhwk ha^ Ixen dM^ped &u c^dh^am hi {^wd ami ]^xu smhme 

condition. Both methods rely on the determination of groove pitch, and some o prion 

knowledge of the groove structure. The advantage of estimating the stylus trajectory 

via the phase shift estimation method is its ability to account for linescan 

ayoffsets encountered with troublesome datasets, for example, the TCI data shown in 

Figure 4.16. The local tracking method is slower than the groove shift estimation 

method, but is necessary for tracking damaged groove structures, or multi-track 

recordings for instance. In certain circumstances, manual tracking of the grooves is 

required, however this stage is simpliGed by transforming the 3D surface map into a 

binary map of feature points (minima map). The choice of tracking method depends on 

the condition of the surface, whether or not z-ofket errors exist, and the type of 

recording, hence it is encouraged that the surface data is visually inspected, prior to 

selecting the groove tracking method.

In Section 4.4.7, four di^erent groove depth estimation schemes have been 

considered, with a view to obtaining the optimum groove depth estimate. To veri^ 

which scheme produces the best signal reproduction, a quantitative signal analysis shall 

be carried out in the next chapter. The various depth estimation methods schemes can 

be rated in terms of signal-to-noise ratio (SNR), and toteil harmonic distortion (THD). 

This shall be accomplished using a cylinder recording (TCI), encoded with test signals.

The methods developed from preliminary measurements of a 78 rpm disc should 

be seen as a proof of concept and not as a Gnal method for signal reproduction from the 

air-bearing surface data. Improvements to the scanning methods should provide a signal 

with higher Gdelity. It has been shown that similar groove seed and groove shift 

estimation, and local tracking methods developed for cylinder signal reproduction, can 

also be apphed to disc surfaces.
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Chapter 5

Results

5.1 Chapter Overview

TThis chapter (tetaik tlie results arid arialysis <)f s^pial repwKxiiKtiKHi raettKxis ckr/elopexl 

in Clha^yter 4 froiu the rf(]FSh4 inethuodL "ITie rnajcnity of tliis ch(q)ter Ikxruses on 

quantitatively assessing the depth estimation schemes described in Chapter 4, Section 

4.4.7. Results in this chapter are described for four cases:

i) Test-tone cylinder (custom made cylinder for quantitative analysis)

ii) Cylinders in good condition - commercial cylinder recording (typically 

transferred by stylus methods)

iii) Cylinders in poor condition (a broken cylinder which was reconstructed)

iv) Plat media - tinfoil recording, measured via the air-bearing system.

The test-tone cylinder in case (i) provides a means of quantitatively assessing signal 

reproduction methods, using signals of known type. Prom these results, conclusions can 

be drawn as to the optimal method of signal reproduction and comparisons can be 

made with stylus replay.
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Cases (ii) and (iii) represent a quantitative analysis of signal reproduction. These 

testuig {irocedures aHov/ for a (dinect ccurqaariaon ()f tike ISXJPShi iiw^diod with i^^^his 

neprochicthru. "V/heie jpossible, niethoth; are sought ix) quantib^ signal cpiaht]: 

numerically. Sound reproduction quality of musical signals is however a subjective 

irurtixKr ck^^enckuit cm tlu: ludxmer, arul the reacter is eruaourag^xi t() eaqikne signals 

described in this thesis here: [86].

5.2 Test Cylinder

Unlike calibrated 78 rpm disc recordings manufactured by the Audio Engineering 

Society [87], standardised cylinder test specimens are not commercially available for 

testing purposes. Meulengracht-Madsen produced acoustically recorded cylinders with 

original phonograph apparatus, encoded with pure-tones, for the purposes of evaluating 

his own playback apparatus [32], however the whereabouts and condition of these 

cylinders is unknown.

In order to quantitatively assess the audio signals reproduced via the NCFSM 

method, a custom-made test cylinder was produced at Poppy Records [88] (see Pig. 

5.1). The production of a test cylinder has the following desirable properties:

' It provides a benchmarking tool for both the scanning and signal reproduction 

stages.

* It is possible to have control over the playback conditions, prior to scanning, 

(i.e. the grooves can be left untouched from stylus replay).

* A measure of signal to noise ratio (SNR) of the non-contact sound extraction 

method can be calculated numerically (as Stotzer et al. investigated for discs 

[54,57]), and can be used to conclude which the optimal depth estimation 

scheme, described in Chapter 4, Section 4.4.7.

In contrast to Meulengracht-Madsen's experiments, the recording stylus was not driven 

by acoustic pressure, but was directly cut by an electrical transducer. This bypasses the 

complex hrequency response introduced by recording horns and allows for recording
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above the 5 kHz limit if necessary. A wax cylinder blank was firstly ‘shaved’ using a 

skimming device, to produce an unmodulated surface on which to cut. WAVE files 

were generated, with each tone being of equal amplitude, and recorded onto CD (16-bit 

/ 44.1 kHz). The CD output was fed into a recording amplifier with input at standard 

BBC line level (0 dBm into 600 Q). The cutting tool head is then driven directly by the 

electrical current fed fi-om the amplifier. Pure tones (sinusoids) in the range of 200 Hz - 

5 kHz were recorded in three second tone bursts onto a cylinder rotating at 160rpm, 

with a pitch of 100 tpi. An image of this cylinder is shown in Figure 5.2 and a 

description of the tones encoded and cylinder description is given in Figures 5.3-5.4.

A second test cylinder, (TC2), was also recorded at Poppy Records, with a 

series of different waveforms (Sawtooth, Square, Triangular), and a tone sweep to test 

for signal reproducibility. Due to problems with the skimming apparatus and time 

constraints regarding measurement, the second cylinder was not measured satisfactorily 

to provide significant results. A comparison of the two measured test cylinder surfaces 

are shown in Figure 5.5-5.6.

Figure 5.1: Electrical apparatus used at Poppy Records [88] for production of test cylinder
recording. The cylinder is not shown mounted onto the mandrel here.
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Figure 5.2: Image of test cylinder (TCI) encoded with sinusoids, produced at Poppy
Records [88]. Bands of tones are visible. The cylinder was produced by an electrical cutting 

process, as opposed to acoustic coupling of a hom-diaphragm arrangement, as with the original
Phonograph.
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Figure 5.3: Details of recorded tones for TCI cyhnder. Each tone has a recording duration
of 3 seconds.
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Parameter Value
Production Year 2006

Length 100 mm
Diameter 55.56 mm

Recording Speed 160 rpm
Recording Pitch, tpi 

(Xx)
100 tpi (254 pm)

FlecorcUi^; hiethwod Electrical, direct cut

Recording Description Test tones

Recording Material Black wax cylinder

Measurement Sampling
Az = 10 pm
A^ = o.or
Az — 10 nm

Scan details 
(measurement points)

1 segment: 98 mm x 36°
(9801 X 3600)

18 segments; 98 mm x 18°
(18 X 9801 X 1800)

Total Measurement: 98 mm x
360°

(9801 X 36000)

Total ScEin Time --MO hours

Playback Sample rate 96 kHz

5.4: I)escr^ptkHioftest cyUiKier ^r(]l) iMxxxnibig andmeafmuMarua^ck^k&Us.
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Tea Cylinder 1

Tea Cylinders

Figure 5.5: Comparison of linescan measurements taken from test cylinders produced at
Poppy Records. The groove structure in test cylinder 2 is noisier and less defined due to issues

with the cylinder shaving process.

Test Cylinder 1 Test Cylinder 2

Figure 5.6: Comparison of surface measurements taken from test cylinders produced at
Poppy Records. With test cylinder 2, a residual groove structure is visible towards the groove 

ridge (top), due to ‘re-shaving’ of the cyhnder during the recording process.
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5.2.1 Testing Details

smnpUng in 5^ gr^a appModmntdy 25 (i^:a pouita p^ gxom^

cross-section, and a playback sample rate of /, = 96 kHz. The cylinder was measured in 

19 surfewae patclwa. Ilie iixxyvrmad sigpials eocbibitecl soine freqm:nc)r rnodula^ioii arid 

heirmonic distortion, which is in part due to the condition of the recording apparatus 

shown in Figure 5.1.

Following data import, and outher removal, the TCI surface was segmented 

into 15 regions, with each region containmg one of the Rfteen, three-second tone bursts, 

as defined in Figure 5.4. A stylus trajectory for each of the 15 TCI tone surfaces 

was determined using the phase shift estimation method, described in Section 4.4.6. 

The phase shift estimation method was required in these circumstances because the 

data sets exhibited ax)ffset of error, especially between the segment joins. The four 

depth estimation schemes described in Chapter 4, Section 4.4.7 were derived &om the 

surface:

Scheme 1: Single-point data streams. Zn-Xojy , found at consistent ag-offset position 

across the groove cross-section, usmg trajectory A„. The a:-offset vector is the 

set of integers: = [-6, 6]. An a>offset of = 0 is equivalent to the depth

estimate found along the trajectory A^.

Scheme 2: Averaginijr RAmnles across the groove cross-section - the mean of 

samples around the central arposition, given by A^. # is the set of integers: 

# = [0,12]. An average of = 12, gives a 25 point average across the full groove 

cross-section, where A, = 25 samples (-250pm). The case where is equivalent 

to the depth estimate found along the trajectory A^.

Scheme 3: SG Polynomial Filtering method. - denotes the depth signal

estimate given by Savitzky-Golay (SG) Altering method described in Section 4.4.7. 

The depth estimate is derived from the SG filtered surface of order

f={l,3,5,7,9} and filter length
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Schenm4: MWel Atting method = (kpth pnxkK^d Ma

Stting method which incorporates outher rejection described in Section 4.4.7. The 

groove model M(a;) is derived for each of the 15 tone surfeices.

5.2.2 Signal Quality Metrics

In previous work with test disc recordings Stotzer [57] used two signal quality metrics 

to quantify signal reproduction from the VisualAudio method. With the test cylinder 

(TCI), a similar analysis can be carried out to assess the quality of sinusoidal signal 

reproduction and critically assess the four depth estimation schemes described above. 

The metrics used here to assess for each depth signal estimate are the signal to noise 

ratio (SNR) and total harmonic distortion (THD).

Signal to Noise Ratio

The signal to noise ratio (SNR) is computed by locating the peak frequency and then 

calculating the total noise power in the remaining frequency bins of the DFT, 

(considered to be noise). This is expressed in decibels and is given by:

= lOlog10

DeGnitions of the signal and noise powers, and Pm , are not immediately obvious 

for pseudo-sinusoidal signals which are frequency modulated and contain harmonic 

distortion. Care must therefore be taken when deciding what constitutes the signal and 

noise. For example, it is questionable whether energy Rom harmonics in the spectrum 

should be considered as part of the signal or noise band. The choice of Requency band 

in which to search for is complicated by the fact that the recovered signals exhibit 

frequency modulation due to the recording process. Other factors affecting the 

calculation include window length and frequency resolution of the DFT.

For each groove depth estimate defined in Section 5.2.1, the following procedure 

was carried for each tone:
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" ^ of 2.5 of cle^ tone bnn^ waa i^wn the dqybh

estimate.

* The short-time Fourier transform (STFT) is used to carry out spectral analysis 

on windowed segments of the each tone. Each frequency window has of duration 0.125 

seconds, with a frequency bin resolution of 2 Hz.

' The signal power is found by locating the peak in the power spectrum 

(fundamental frequency) around the 7z-th tone of interest,

' Frequencies which contribute to the noise power band were considered in two 

ranges:

i. Below : 150 Hz 0.95/,

ii. Above/, : (1.05/,) 20 kHz.

* Harmonic frequencies (integer multiples of /,) above the fundamental were 

considered as undesirable and were included in the noise power band. Frequencies 

below 150Hz were not included in the noise band calculation, as these were attributed 

to the surface form and not the audio signal.

* SNR and THD are calculated for each of the windowed segment, and the mean 

of these metrics is taken as the SNR and THD scores.

Total Harmonic Distortion analysis

Total Harmonic Distortion (THD) gives a measure of the geometric distortion of the 

sinusoid. The lower THD, the more the signal resembles a true sinusoid. It is deAned as 

the ratio of the sum of the powers of all harmonics components above the fundamental 

frequency, to the power of the fundamental. Expressed as a percentage, the THD is 

given by:

77n)(%) = loox

Where F„ is the Fourier component of the n-th harmonic, n = 1 denotes the 

fundamenteil frequency.
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In the case of a 1 kHz tone, the first four harmonics - 2 kHz, 3 kHz, 4 kHz and 5 kHz - 

are included in this calculation, as harmonics above 5 kHz become lost in background 

noise.

5.2.3 SNR and THD Results

SNR and THD results for the four depth estimation schemes (as described in 5.2.1), are 

shown in Figures 5.7 - 5.8 (tabulated results are given in Appendix D). It can be seen 

in Figure 5.7 that for all tones, the model-fitting method with outlier rejection (Scheme 

4, Za.M ) provides the highest SNR ratio score for the TCI cylinder. The SG filtering 

method (Scheme 3, Zo-p^l) provided better SNR scores than mean averaging (Scheme 2, 

Za-N, ) and Scheme 1 (averaging across the groove cross-section, Za.xoff)- Of all the 

schemes. Scheme 1 produced the lowest SNR score across the full frequency range.

4000200 500 1000 1600 2000 2500 3150
Frequency (Hz)

Figure 5.7: Results for best average SNR scores for the four different depth signal
estimation schemes, (higher SNR is better).

5000
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Figure 5.8: Results for best average THD scores for the four different depth signal
estimation schemes, (lower THD is better).

The SG-filtered depth estimate (Scheme 3) gave consistently low THD scores (bar 800 

Hz), however the combination of best filter parameters {P,L) varied from tone to tone. 

This demonstrates the ability of this method to obtain different variable signal quality 

by experimenting with different combinations of P and L which may be desirable to 

sound archivists.

Figure 5.9 shows the variation in SNR of the single point data streams 

(Scheme 1, z^-xo^ as a function of position across the groove, for the 1 kHz tone 

surface. It can be seen that for this sample, the SNR scores was greater towards the 

groove bottom, and lower at positions where the gradient of the groove shape is 

steeper. This is consistent with the results for a Blue Amberol cylinder, previously 

described in Section 4.4.7 and [84]. The variation in z from data streams taken at the 

groove wall is greater than at the groove bottom, and this increased variance leads to a 

greater noise level (and lower SNR).
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-6 -4 -2 0 2 4 6
a>offset, from trajectory estimate, (in samples, Ax — 10pm)

Figure 5.9: SNR vs. a;-position across the groove cross-section for Scheme 1, (single-point
data streams) for 1 kHz tone surface of TCI cylinder. The red dot, represents the aroffset at 
which the SNR was maximum. For this example the maximum is obtained from the centre of

the groove at x-offset = 0.

Figures 5.10 and 5.11 show SNR and THD scores as a function of the parameters N (for 

Scheme 2) and P-L (for Scheme 3), for the 1 kHz tone surface. Figure 5.10 shows how 

the SNR increases as the number of points in the average window, N increases, but care 

must be taken when interpreting this trend. The best SNR for Scheme 2 comes from a 

21pt mean average, however this signal did not have the lowest THD, and upon 

listening to the signal, an echo effect is noticeable. This kind of temporal distortion is 

not accounted for in the spectrum averaging technique and is discussed later. The 

signal which had lowest THD distortion (and hence the most sinusoidal) was from a 

15pt mean average. There is a rapid increase in THD above N — 19, and this is due to
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the average, which resulted in increased temporal (and hence, harmonic) distortion.

IVhMm avxan^guig is a Lovyjpass fiherin^gc^peralloi^, since haelfect is to alkyw lower 

i^patial fneqiKmcies to lx; retained, \vluist sr^ppressing lifgher frexpierKry comjporxmts. 

larger rnesm av^anage v/hl remcrM: niore rxyke (]i^;h freqmaicy), tmt can iMxluK^ tlie level 

of detail m the groove cross-section. The result of this for the recovered sinusoid signals 

is a reduction in peak signal power and increased harmonic distortion when AT is large 

(greater than 19 samples). In addition, by listening to signals where IV is large, 

temporal distortion is also present m the form of an echo. At 1 kHz, a 15pt mean 

produced a signal with lowest THD, reasonably high SNR score, no noticeable temporal 

distortion, and was therefore considered to be the best signal produced by Scheme 2.

Figure 6.11 shows how the SNR score for Scheme 3 decreases as the Olter order 

P is increased. This is due to the fact that higher order polynomial Alters retain the 

higher spatial Aequency content (roughness) of the groove cross-section, which results 

in increased high frequency noise for the audio signal. The highest SNR came hrom 

filter [P=l, Z,=15]. An SG Alter of order P = 1 is essentially an un-weighted, moving 

average Alter, similar to the mean averaging in Scheme 2. This similarity can be 

observed in Figure 5.10 and 5.11 by noticing that THD curves for Scheme 2 and 

Scheme 3, (P = 1) have similar trends. An echo eAect was also noticeable for 

[P = 1, 5= 19-25], as was found with Scheme 2 for large A.

Figure 5.12 shows a plot of measured Aequency versus measured sinusoid 

ampAtudes. It can be seen that at 4 kHz, the displacement amplitude of the recovered 

tone is 1pm (or 2 pm, Aom peak to peak). Comparisons of recovered signals at 400 Hz 

and 4 kHz are shown in Figure 5,13. At these two groove amplitudes, the sensor can 

resolve the sinusoid over approximately 1200 discrete depth values for 400 Hz, and 200 

discrete values for 4 kHz. This matter of quantisation, coupled with the fact that 

smaller amplitude signals become masked by surface noise is the reason why the SNR 

generally decreased with Aequency for all depth estimation methods.
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Figure 5.10; SNR & THD scores for Scheme 2 (averaging across the groove matrix), at IkHz.

Figure 5.11: SNR & THD scores for Scheme 3 (averaging across the groove matrix), at IkHz.
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Figure 5.12: Frequency vs. Amplitude for recovered sinusoidal signals on test cylinder (TCI)
via the NCFSM method.

Figure 5.13: Time histories of tones recovered from the test cyhnder (TCI) showing the
difference in amplitudes of the 400 Hz and 4 kHz tones. The range of displacement for the 4 

kHz tone (peak-to-peak) is approximately 2 pm, compared to 12 pm for the 400 Hz tone.
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5.2.4 Comparison of Optical and Stylus methods

Once the test cylinder (TCI) was fully scanned, a number of stylus transfers were 

produced by the British Library Sound Archive [4], using a stylus, htted with a stereo 

cartridge. In total, eight stylus transfers were made. The cylinder had not been played 

back by a stylus prior to this reproduction. All transfers were captured at 96kHz, 24-bit 

resolution WAVE Hies. The cylinder player outputted a stereo channel signal, which 

was summed to mono to cancel any reverse phase noise (as described by [4] in the 

accompanying transfer log).

No Altering or equalisation was applied to the transfer. The transfer engineer 

suggested that the audible 'wow' is in part due to the movement of the cylinder and 

off-centre mounting on the mandrel. It was noted that on initially mounting the 

cylinder on the mandrel, one end of the cylinder appeared elliptical, thus this end did 

not At well around the mandrel, and was free to move to a small degree.

Due to differences in equalisation and considerable 'wow' of the stylus transfer, 

direct SNR/THD comparisons between stylus and optical signals are not presented in 

this thesis. Subjective listening suggests that stylus reproduction has a higher SNR, in 

terms of a lower noise floor power and less impulsive noise, (the reader is encouraged to 

listen and compare tones here [86]). Despite the general Increase of SNR with the stylus 

method, it appears that the NCFSM has two advantages over conventional replay: (i) 

increased accuracy of waveform reproduction (lower harmonic distortion) and (ii) less 

susceptibility to 'wow', or frequency modulation.

Harmonic Distortion

The accuracy of sine-wave reproduction in terms of harmonic distortion and frequency 

modulation appears to be greater with the optical method. Figure 5.14 gives a 

comparison of frequency spectra for recovered 2 kHz tones from stylus and optical 

methods. Stylus reproduction appears to show increased harmonic distortion compared 

with the optical signal. This is likely due to the stylus-groove interaction, known as 

'tracing distortion' (discussed in Section 2.3.1), where the curvature of the reproduction
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stylus is large compared with the curve of the modulated groove. As a purely non- 

contact method, the NCFSM method is not affected by such effects due to contacting 

the groove.

Figure 5.14: Comparison of frequency spectra (PSD of 2.5 seconds of sustained tone,
NFFT=2048) for 2kHz tones recovered from test cylinder. The optical signal was high-pass 

filtered (/,=500Hz) and normalised to give the same RMS as the stylus transfer. Although the 
stylus transfer has a greater SNR than the optical method, it is seen here to exhibit more

harmonic distortion.

Frequency Modulation

The degree of frequency modulation was also compared by locating the position of the 

peak frequency in the DFT for windowed segments of recovered tones. The standard 

deviation in measured frequency from peaks in the DFT was used as an indication of 

frequency modulation. Figure 5.15 compares the measured frequency modulation for all 

tones reproduced from the test cylinder by optical and stylus methods. At 5 kHz, the 

frequency modulation with stylus reproduction is approximately ± 40 Hz, and for 

optical reproduction is less than ±10 Hz. The increased frequency modulation with 

stylus reproduction is largely due to the mounting of the cylinder on the mandrel. If
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iiK)Uiited iiLCorrecljy, tJie surAioe s^xaed of thue cylinder vriU ^rary, iinaandn^; tlnat for «i 

constant playback sample rate a modulation in Arequency occurs

Figure 5.15: Comparison of measured frequency modulation between optical and stylus
transfer of tones from the test cylinder (TCI). At 5kHz, the frequency modulation of the stylus 

signal is approaching ±42 Hz, compared with ±8 Hz for the optical transfer.

5.3 Results for Cylinders in Good Condition

Thus section describes results obtained &om a commercial Blue Amberol cylinder 

(recorded on celluloid), recorded in 1913, with a musical recording called ^The Preacher 

and the Bear" (PBBAR). This represents a cylinder in good surface condition, which 

would typically be played back via stylus, without risk of causing damage. The purpose 

of this analysis is to give a quantitative comparison of the NCPSM method with stylus 

replay, for cylinders in good condition. Details of the cylinder and scanning parameters 

are given in Figure 5.16.
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Parameter Value

Production Year 1913

Recording Method Acoustic

Material Celluloid

RPM 160

Recording Pitch, tpi
(X,)

200 tpi (127 pm)

Duration 4 mins

Description
(1560: Edison Blue Amberol)

"The Preacher and the Bear", Folk song.

Measurement Sampling
Az = 10 pm

AO = 0.1"
Az = 10 nm

Scan details 
(measurement points)

4 segments: 96 mm (z) by 90° (0)
(4 X 9601 X 900)

Total Measurement: 98 mm x 360° 
(9801 X 3600)

Playback sampling rate 9.6 kHz
Figure 5.16: Details of cylinder naed for testing wellrconditioned cylinder (PBEAR)

The groove pitch A, was correctly identified using Eq. (2) from Chapter 4 as 127 pm. 

With a linescan grid spacing of 10 pm, the groove cross-section was made up of 

approximately 13 samples.

For this cylinder, the stylus trajectory was estimated via the groove shift 

estimate described in Chapter 4. This method was chosen because the cylinder was 

considered to be in good surface condition, and also ayo%ets due to measurement error 

(especially at segment joins) were observed.

The groove shape model Rtting method was used to form an estimate for z.(n) 

as it produced the best SNR for the TCI dataset and the groove shape was observed to 

be relatively unchanged throughout the duration of the recording. A groove shape 

model M(a;) was formed and used to correct for linescan ai-ofkets. The groove shape 

model is shown in Figure 5.17 and the effect of reducing impulsive noise by identifying 

groove cross-sections that did not resemble the groove shape model (as discussed in 

Section 4.4.7) is shown in Figure 5.18.
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0.04

-0.04

Figure 5.17: Groove shape parameters for PBEAR cylinder.

Signal Prior to Groove Shape Error Analysis

6.6 6.65 6.7 6.75 6.8
Time (s)

6.85 6.9 6.95

Signal with Groove Shape Error Analysis

Figure 5.18: Segment of audio signal from PBEAR cylinder to show the effect of impulsive
noise removal via groove shape error analysis. The majority of impulsive noise attributed with 

debris and outlying data points has been removed in the bottom plot.
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In order to make comparisons with stylus replay, the PBEAR cylinder was transferred 

via stylus at the British Library Sound Archive, using the same apparatus as for the 

TCI transfer. No noise reduction was applied, in order to make a fair comparisons with 

the non-contact method. The same high-pass Glter was applied to both the stylus and 

optical replay in order to make a hke-for-like compeirison. This filter was a 4-th order 

Butterworth Alter (high-pass), with cut-off frequency of /. = 150Hz, (as was shown in 

Figure 4.34). The raw displacement signal Zn(n) was high pass filtered. (It should be 

noted that response from the magnetic stylus cartridge is a velocity signal, not the 

displacement as with ^^(n), hence equalisation is not identical)

Figure 5.19 shows a comparison of the optical and stylus time histories, and 

Figure 5.20 shows time-frequency plots of identical regions of the cylinder. The 

similarity of the time history between optical and stylus methods shows that optical 

reproduction is comparable with stylus replay. The optical playback sample rate of 

= 9.6 kHz means that the highest frequency which can be resolved by Nyquist 

criterion is 4.8 kHz. With stylus reproduction, a 96 kHz playback sample rate was used. 

From the spectrograms shown in Figure 5.20, most of the signal content attributed to 

the singing, voice or instruments lies below 4 kHz. The highlighted region in Figure 

5.20 shows that the stylus transfer has signal content which lies above 4.8 kHz, which 

suggests that the cylinder should be rescanned with revised 0-grid spacing, in order to 

make a direct comparison.

In general, the stylus transfer is of higher Adelity (due in part to its greater 

frequency sampling), with less surface noise and a better signal to noise ratio. The 

optical transfer suffers 6om more low frequency noise, caused by the surface 

eccentricity and a general lack of Adelity towards the higher end of the frequency 

spectrum. Again, the reader is encouraged to visit [86] for audible comparisons.
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Figure 5.19: Time history of optical (top) and stylus reproduction (bottom) from PBEAR
cylinder.

Figure 5.20: Time-frequency plots from identical regions of optical (top) and stylus
reproduction (bottom)of PBEAR cylinder. The highhghted region in the stylus transfer suggests 
that harmonic content attributed to vocals exists up to 4.8 kHz, which is approaching the upper 

reproducible limit of the optical transfer with A0 = 0.1°, = 9.6 kHz.
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5.4 Results for Cylinders in Poor Condition

This section gives an example of signal reproduction for a cylinder which is in very poor 

surface condition. The cylinder in question was originally broken and reconstructed and 

contains the voice of a Welsh Preacher, (Evan Roberts) with chorus. Figure 5.21 shows 

the reconstructed cylinder. Red regions introduced during the reconstruction denote 

missing portions of the cylinder, filled-in with wax. In these regions, signal dropout is 

certain. Details and measurement parameters of this cylinder are given in Figure 5.22.

Figure 5.21: Reconstructed cylinder (EVAN), believed to contain the voice of Welsh
preacher, Evan Roberts.

Figure 5.23 shows a surface plot of the cyhnder, highlighting the misalignment of 

cyhnder segments following the reconstruction process. The imphcation for signal 

reproduction is that the stylus trajectory no longer follows a perfect helix. For this 

reason, the cylinder was tracked using a combination of the minima-map tracking 

method described in section 4.4.6, and manually adjusting the trajectories node 

positions, by visually assessing where the track should go. This manual tracking was 

required because in some cases, the stylus trajectory became ambiguous.
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Parameter Value

Production Year 1905

Recording Method Acoustic

Material Wax

RPM -160

Groove pitch (tpi) 100

Druration -2 minutes

Description Dialogue from Welsh Preacher Evan Roberts and Chorus

Measurement details Measured in 35 unequal segments

Ax 10 pm

A6> 0.02°

Az 10 nm

Playback sampling frequency, /, 48 kHz

Figure 5.22: Parameters and measurement details of Evan Roberts Cylinder (EVANS)

no.15

0.1

0.05

a
0 s

-0.05

-0.1

-0.15

Figure 5.23: 2-D surface plot of damage region from Evan Roberts Cylinder (EVANS). The
dashed region indicates a region of the surface where no apparent groove structure is present. 
Within the bands shown by sohd lines groove modulations are clearly visible but the stylus 

trajectory follows an ambiguous path through the damage region. Manual tracking of the groove
is required in this case.
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for it v/as iiotecl tha^: the igrocrM; shape TKaus higii^: vaunaJoh! the

chiraiioii of the reccxrding, dire tx) ireav^r gpnooiM! clamag^;. Inattxwi, tlie S()-fUteiing; 

nietirod iveua iisecl to form tlie trade, ivitli ]paiaenieters JP == 1. JL == 15. TThis ivaa jialged 

subjectively to give the best SNR of all groove depth estimates.

TTlre ]3van Buotxarb; c]dUnrder hawi ]pre\doiisi^ Ibeem transferred s^ tire IBritish 

Library sound following its reconstruction (but prior to surface measurement) via the 

same ]playl)acl( lapioaratirs as pooevious transfers. TThe iinmtxer of pJa^/bswdks aird 

ecpializalioii is urikimvni, hcrvMrver it is c^oservixi tiuat a (certain (iniount 'cksnoising', 

and 'de-clicking' was carried out, using CEDAR [89].

Subjectively, the optical transfer appears to have better signal fidelity and less 

modulation in frequency. Additionally, the amount of 'skipping' of the track is greater 

with the stylus transfer. The condition of the surface shown in Figure 5.24 perhaps 

explains why this is so, because the stylus is unable to accurately track the groove 

where reconstructed segments are misaligned.

With the Evan Roberts cylinder, the advantage of tracking the groove in post­

processing is very clear. A stylus is not able to navigate the complex groove structure 

correctly, which means that 'skipping' and signal loss occurs. This is shown graphically 

in the spectrogram of Figure 5.24, whereby the tonal content can be seen to be more 

consistent with the optical transfer, than with the stylus, where there is a greater 

amount of signal drop out, due to incorrect tracking. Comparisons of audio from the 

stylus and optical transfers can again be found at [86].
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5.5 Tinfoil Sound Recovery

In October 2008, the British Library Sound Archive provided the SAP with a tinfoil for 

r^lay using the NCFSM method. Details of the recording are unknown, with httle 

documentation regarding the artefact, though it was believed by the curator to contain 

speech. There is no known stylus transfer of this recording, hence this represents the 

first attempt to playback the artefact. It is likely however, that the tinfoU was 

originally played back a number of times, given its poor surface condition.

A summary of the known tinfoil parameters and measurement details are given 

in Figure 5.25.

Parameter Value

Production Year Unknown, pre-1900

Recording Method Acoustic

Recorded Length 75mm

Groove pitch, tpi (XJ -8.5 (3000 pm)

Diameter (unravelled length) 325 mm

Material Tinfoil
RPM -60

Duration -20 seconds

Description Tinfoil recording of unknown origin.

Measurement details 24 Grooves over three sheets, measured in a total of 330 
surface patches (variable size).

Ar 5 pm

A;/ 25 pm
Az 10 nm

Assumed Playback sampling 
frequency 63.8 kHz

Figure 5.25: Details of Tinfoil recording and measurement parameters.

The tinfoil was broken into two separate pieces, with the larger piece (referred to as 

'Sheet 2' and 'Sheet 3'), folded in half and a smaller section ('Sheet 1'). An image 

acquired using a flat bed scanner is shown in Figure 5.26. This made scanning of the 

artefact more complex than for complete specimens.
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Due to its flattened surfeice, the air-bearing system was used to measure the tinfoil 

sheets. Unlike the disk measurement system which used x (translation), ^ (rotation) 

and z (depth) axes, the tinfoil was measured over an ayy-z grid, with sampling intervals 

Az and and Az. The tinfoil was oriented in such a way that measurements in T 

corresponded to the linescan axis, (as with cylinder measurement) and the y-axis 

corresponded to the playback direction (circumferential).

Each sheet was measured individually, with 24 grooves per sheet. Bach groove 

was sub-divided into a variable number of segments, which was dependent on the 

degree of deformation, and calculated using the optimisation routine described in 

Section 3.2.4. In total, 330 surface patches were acquired using the air-bearing system 

and stitched together.

One problem that was noted during scanning was that the tinfoil deformed 

noticeably over the course of measurement, due to airflow/temperature changes in the 

lab. Each groove was measured individually across Sheet 1, 2 and 3. The order in which 

the sheets 'Gtted together' was determined by noting two termination points of the 

groove track, where the recording tool had 'entered' and 'exited' the sheet.

Due to the complex construction of the discrete surface, each groove was 

tracked individually using the same methods used for the EVAl!f cylinder, using a 

minima map and tracking method, followed by some manual correction for regions 

where the grooves were tom, or did not exist. The depth estimation method that 

subjectively provided the best signal to noise ratio was a 7pt mean average (Scheme 2), 

found along the trajectory The exact playback speed of the tinfoil was unknown, as 

tinfoil phonographs were generally controlled via a hand crank. The sampling in the y- 

axis was chosen assuming a rotational speed of 60 rpm, which seemed reasonable for a 

hand-cranked cylinder (one rotation per second). On playback, it was estimated that a 

resultant sampling frequency of 63.8 kHz gave the most likely playback speed, based on 

the observed 6equencies attributed to speech. Figure 5.27 shows a short section of the 

recording, with vocal frequencies (500-1000 Hz) present. Speech intelligibility is very 

low and there is very little signal content above 1.2 kHz, but the signal content is 

clearly attributed to a human voice.
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Chapter 6

Conclusions and Future Work

6.1 Conclusions

In this tibesis, th« ckryeLoprcwait nietlKxis jkxr soimd refxxxiwytkMi ikcnn discrete 

surface maps of early mechanical recordings has been described. The non-contact 

measurement system that has been developed allows for accurate sound reproduction 

iicun cylinder rexxyrdinfg). "ITie (uiwMitaf^: of iirap{)uig tlie ftdl surface tx^polofry (as 

opposed to real-time optical playback) is that numerous estimates for the audio signed 

can be derived from a single data set in post-processing. In addition, the NCPSM 

method allows for playback of fragile media such as tinfoils, which is not possible 

with conventional contacting methods.

In order to extend the methods initially developed by Haber et. al, a thorough 

investigation into the noise generation processes caused by scanning and sound 

recovery methods was first carried out.

A stylus trajectory ^timation method based on the shift in relative phase 

between consecutive linescans has been described. Such a 'global' method of 

trajectory estimation has advantages in terms of reduced processing time, when 

compared with 'local' tracking of individual grooves, and has been found to be robust 

for the test cylinder recording. In cases of cylinders which may be damaged or 

broken, local tracking of groove features may stUl be required. The Evan Roberts 

cylinder (EVAN) highlighted one of the main advantages of the NCFSM method, and
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tracking of the groove in post-processing. It was shown that the same recording 

transferred via stylus was incorrectly tracked, which led to a loss of signal 

information.

In order to avoid the introduction of temporal distortion (echo), the use of 

data Arom the groove ridge is not advisable. In addition, it was shown that the 

selection of data points from the groove side-wall should be avoided, as noise variance 

was greater here than at the groove bottom.

Savitzky-Golay polynomial smoothing Alters are well suited for feature 

extraction from linescans with a known periodic structure. The ridge-valley features 

are easily identifiable by matching the Alter parameters with the features of interest.

The condition and geometry of groove cross-sections is highly variable across 

the diAerent specimens encountered in this work. Therefore, (in the same way that 

archivists experiment with different stylus types), a number of different signal 

estimation routines must be explored, in order to obtain an 'optimal signal'. What 

one considers 'optimal' for specimens containing musical signals is highly subjective, 

and is beyond the scope of this Thesis. It is highly likely that if the NCFSM method 

is to be used commerciaUy by sound archivists, that a number of different signals 

would be extracted, and then rated subjectively via a listening tests.

In an attempt to quantify the sound quahty, a test cylinder was specially 

produced, in order to obtain signal to noise ratio measurements. This process proved 

diAicult due to the lack of professionally available manufacturing equipment. It does 

however provide a unique reference for conducting signal to noise tests, and gives a 

way of directly comparing the NCPSM method with conventional stylus methods. 

For test signals such as sinusoids, it is possible to deduce and rate signal reproduction 

quantitatively, and to judge which estimate provided the optimal signal. A number of 

diAerent groove depth estimation methods were investigated and rated in terms of 

signal to noise ratio and total harmonic distortion. Criteria suggested in Section 4 

lead to the development of a groove model-Atting method, which accounted for 

linescan o^et and groove damage. It was found that this model Atting method, gave
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the best signal to noise ratio, and the Savitzky-Golay method produced the lowest 

total harmonic distortion for sinusoidal signals.

Due to the aecunMy inni e^^uKSs of anguhu rot^don at krw speed duru^; 

ineasmemmd^ the hnOFSNf n^thod chxs ru^ to be edketed by speed

fluctuations caused by the non-compliance with cylinder and mandrel. The resultant 

signal has been shown to suffer less horn speed fluctuations known as 'wow', which 

are commonly associated with stylus reproduction.

The interaction between stylus and groove, which causes geometric distortion 

('tracing distortion'), does not affect the NCFSM method. As a result, signal 

reproduction, (especially at high frequencies), may be considered more accurate with 

the NCFSM method than with stylus reproduction. This can be seen by reduced 

harmonic distortion, present in the test cylinder signal reproduction for NCFSM, 

when compared with the stylus reproduction.

The sound reproduction methods developed rely on an accurate measurement 

at the data acquisition stage. With all discrete measurement techniques, there is a 

compromise between data density, measurement time and memory constraints.

It can be concluded that in order for the NCFSM method to meet the 

recommended archival standards for digitisation of analogue media, a minimum of 

48 kHz playback sample rate is needed at 16-bit word length is required. The current 

system permits a playback sample rate of up to 96 kHz if required, but fails to meet 

the bit-resolution requirement of 16-bit by some margin. The abihty to resolve depth 

to suMcient resolution is the one of the limiting factors of an optical system.

Another limiting factor of the data acquisition system is the sensor gauge 

range. In order to measure the full surface of a cylinder recording using a single 

displacement sensor, it is required that the surface be scaimed in piece-wise segments. 

This is not ideal for mapping continuous surfaces. In fact, the increased number of 

scans increases the complexity of surface reconstruction.

Difficulties encountered from very early wax cylinders include poor surface 

condition, such as cracking, mould growth and wear caused to the groove structure 

through repeated stylus playback or poor storage. In cases where a cylinder is
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cracked, it is possible to scan the broken s^ments and then reconstruct the surface. 

In cases where the groove structure is damaged, it is possible to track more closely in 

post-processing, than with playback in situ.

6.2 Future Work

The measurement systems described in this thesis remain in development at time of 

writing. Future improvements to the data acquisition system are required - especially 

for measuring disc recordings. The measurement requirements for disc reproduction 

are more demanding than for cylinders, due to their increased surface area, slower 

playback speeds, and increased angle of groove wall. To obtain the equivalent of 16- 

bit audio resolution for discs, a grid sampling of approximately 4 nm is required. 

Investigation needs to be carried out as to whether this is realistically achievable with 

a WL sensor spot size currently of 7pm.

It future, multiple sensors may be required, in order to reduce scan times, and 

sensors. The sensor(8) may also need to be oriented differently, in order to resolve the 

45° groove walls of disc recordings for instance. This brings about another complexity 

to the signal reproduction stage, in that the surface must Grst be reconstructed from 

multiple surface patches, and possibly in a new coordinate system.

Throughout the project the surface segments have been acquired without any 

overlap. In many data stitching applications, it is advantageous to include an overlap 

between adjacent segments, in order to aid the registration process during image 

reconstruction. It is therefore suggested that a future implementation of the scanning 

software should incorporate an overlap between segments, to aid surface 

reconstruction.

The use of additional test cylinders to rate the NCFSM method quantitatively 

is of vital importance to the SAP. Such recordings are unfortunately not available as 

stock artefacts from sound archives, and must be specially made using custom 

recording equipment. The SAP is currently in possession of calibrated 78 rpm disc

188



recordings, which will be of great use for quantifying the signal reproduction hrom 

discs measured by the NCPSM method.

Futine ^^n^hm ^ desdmg wkh frAgmAut

recxmstriKrtkm, hi tlie csfMas of IxMiken reccmding^; hir iustauice, v/hicli luive riot bxeen 

reconstructed. In this case, the task for post-processing is similar to that of a 'jigsaw' 

puzzle. Boundaries and ridge orientations will likely form the features, which can be 

matched when piecing together the jigsaw. Coupled with this idea is the idea of 

'blind audio fragment reconstruction'. Is it possible for instance, to simply extract all 

audio information in the grooves and then reconstruct the audio signal automatically 

in the time domain, using statistical measures at the segment boundaries, or will this 

procedure always require manual interaction?

It may be possible to merge macroscopic, colour imaging with surface data 

from the NCFSM method, in order to identify mould or damage sites. Such a source 

of data fusion would be an advantage for automatically identifying troublesome areas.

From an archival perspective, there also needs to be a formal deGnition of a 

'preservation surface' for archival purposes. This would need to be derived by 

communicating with archivists as to their speciGc resolution requirements.
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Appendix A

Cylinder Reference Details

Below is a list of the naming conventions used throughout this thesis in reference to 

cylinder surfaces measured by the NCFSM method during the Sound Archive Project:

GRAPH - Graphophone wax cylinder, scanned at British museum.

TCI - Test cylinder, encoded with pure tones, produced at Poppy Records.

TC2 - Test cylinder, encoded with various waveforms at Poppy Records.

JBTBM - 'Just Before the Battle Mother', Blue Amberol Cylinder.

* PBEAR - "The Preacher and the Bear', Black Amberol Cylinder.

BBIRDS - 'Beautiful Birds Sing On', Black Amberol Cylinder

EVAN - Brown wax cylinder - voice of Evan Roberts and chorus.
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Appendix B

Cylinder measurement system

This section gives specifications of the non-contact full-surface mapping system 

ckr«;kq)ed Iry the Sound Vlrchive IProject for cylinder ixxxnxiingg. TThe cylinckr 

consists of:

* A STTL confocal white light probe,

* A Newport VP-25XL translational x-y stage,

' A Newport RV12- CCHL Rotary Stage.

A list of the measurement speciAcations are given below:

Parameter Value

Resolution of X-Y linear stages 100 nm

Resolution of Z-stage 10 nm

Sensor Spot Size (diameter) 7 pm

Z-axis sensor resolution (WL) 10 nm

Resolution of rotary stage o.oor

Gauge range 350 pm

Range of sensor movement in Z 25 mm
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Appendix C

Air-bearing measurement system

TThis i&ection gives s;x)ci6c(U;ie»is ()f the; air-bwMirbig system der/elopMad lay th^ Seaurud 

V\rchive iProject for nieasiaeiiwait of liiBc loiedia ajxi thifoU recoitUr^gs. 'Tiw; (Lu\txMirh^g 

system designed for measurement of tinfoil and disc media consists of:

* A S'l'lL confocal white light probe

* .A rfevndort d^uiamlDCivith 2 airdaearing aaos

* A Newport VP-25XL translational Z-stage

* A Newport URS150 Rotary Stage.

A list of the measurement speciGcations are given below:

Parameter Value

Resolution of X-Y linear stages 2 nm

Resolution of Z-stage 10 nm

Resolution of rotary stage 0.0005°

Z-axis sensor resolution (WL) 10 nm

Sensor spot size (diameter) 7 pm

Range of sensor movement in Z 25 mm

Range of measurement in X and Y 320mm
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Appendix D

SNR and THD Results

This section gives tabulated results of SNR and THD scores for the four depth 

estimation schemes described in Chapter 4.4.7 and 5.2.1, for the TCI test cylinder.

Tone (Hz)
Signai-to-Noke Ratio (dB)

^a-P,L [P^L]

200 29.14 [+1] 30.35 [3] 30.76 [1,15] 31.44

250 29.88 [+1] 30.40 [1] 30.46 [1,15] 30.98

315 30.29 [+2] 30.12 [2] 30.79 [1,19] 31.53

400 30.46 [+1] 31.88 [4] 31.89 [1,15] 32.28

500 29.45 [+2] 29.58 [1] 29.82 [1,11] 30.58

630 29.00 [-1] 29.34[1] 29.56 [1,17] 29.80

800 28.81 [0] 29.74 [1] 29.85 [1,19] 30.25

1000 28.43 [0] 30.30(5] 31.0 [1,15] 31.47

1250 28.03 [+1] 29.19 [4] 29.16 [1,11] 29.82

1800 26.63 [0] 28.09 [5] 28.22 [1,11] 28.64

2000 25.99 [+1] 27.54 [5] 27.74 [1,15] 27.71

2500 23.59 [+1] 25.03 [5] 25.32 [1,15] 25.71

3150 22.93 [+1] 24.38 [5] 24.44 [1,15] 25.02

4000 21.28 [+1] 22.66 [5] 22.76 [1,15] 23.03

5000 20.23 [+2] 21.06 [4] 21.49 [1,15] 21.71

Values in square brackets correspond to the parameters that gave the best SNR. Bold values denote the best result

across the four different estimation schemes.
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Tone (Hz)
Total Harmonic Distortion (%)

^a-M

200 2.38 [+2] 2^^pq 2.00 [3,19] 2U4

250 1.87 [+2] 2xn[^ 1.36 B),21] 1.74

315 1.72 [+1] 2.23 [1] 1.41[3,19] 1.84

400 1.63 1.74 [1] 1.53 [3,17] 1^^

500 2.98 [+2] 2.94 [1] 1.48 [3,17] 2U1

630 3.70 [-1] 5UM[^ 2.21^1,21] 3^^

800 3.29 [-1] 3^0M 3.83 [3,21] 3^4

1000 ZSO^^ 2.84 [4] 2.20 [9,21] 2.79

1250 2^0 2.21 M 1.72 [5,15] :U5

1600 2.53 227 2.25 [7,17] 2^3

2000 4.59 [+1] 4.09^^ 3.81[7,17] 4^6

2500 3.32 [+1] 3J^[^ 1.84 [3,15] 2^2

3150 4.34 [+1] 3.49^^ 3.35 [3,17] 3^6

4000 4.84 [4-1] 4.36 3.52 [1,15] 4^8

5000 4.00 [4-2] 3.74 [5] 3.25 [1,15] 3^6

Values in square brackets correspond to the parameters that gave the best SNR. Bold values denote the beet result
across the four different estimation schemes.
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A quantitative analysis of signal reproduction from cylinder 
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Sound reproduction via a noncontact surface mapping technique has great potential for sound 
archives, aiming to digitize content from early sound recordings such as wax cylinders, which may 
otherwise be “unplayable” with a stylus. If the noncontact techniques are to be considered a viable 
solution for sound archivists, a method for quantifying the quality of the reproduced signal needs to 
be developed. In this smdy, a specially produced test cylinder recording, encoded with sinusoids, 
provides the basis for the first quantitative analysis of signal reproduction from the noncontact full 
surface mapping method. The sampling and resolution of the measurement system are considered 
with respect to the requirements for digital archiving of cylinder recordings. Two different methods 
of audio signal estimation from a discrete groove cross section are described and rated in terms of 
signal-to-noise ratio and total harmonic distortion. Noncontact and stylus methods of sound 
reproduction are then compared using the same test cylinder. It is shown that noncontact methods 
appear to have distinct advantages over stylus reproduction, in terms of reduced harmonic distortion 
and lower frequency modulation. © 2008 Acoustical Society of America.

[DOI: 10.1121/1.2973238]

PACS number(s): 43.38.Ne, 43.38.Md, 43.58.Ry, 43.60.Dh [AJZ] Pages: 2042-2052

I. INTRODUCTION

Sound reproduction from early mechanical recordings 
via noncontact optical methods has been the topic of increas­
ing interest in recent years.A noncontact method ensures 
that no further damage or pressure is applied to the often 
fragile grooves, wherein the sound was originally encoded. 
In general, two noncontact reproduction strategies have been 
proposed in literature: (i) signal reproduction, in situ-}^ and 
(ii) surface mapping via optical sensors, followed by 
postprocessing.^' ^

In (i), accurate sound reproduction requires robust track­
ing of the grooves with a laser'“^ or an interferometer 
system,'* in situ. This strategy can be problematic in cases 
where the recording is damaged or deformed. Furthermore, 
only a single audio signal estimate can be obtained from 
each transfer attempt.

An alternative transfer strategy (ii) uses optical sensing 
to map the fuU surface of cylinder recordings. The philoso­
phy behind this technique is aimed at preservation of the full 
recorded surface, not real-time playback. Most of these ap­
proaches have stored a two-dimensional (2D) image of the 
surface, but recent work®”'" has measured the full three- 
dimensional (3D) surface topology. The advantage of map­
ping the full surface topology is that sound can be extracted 
from anywhere within the groove, any number of times, at 
any point in the future. Tracking of the grooves in postpro­
cessing can therefore be more accurate than in situ, espe­
cially in cases where the surface is highly deformed or dam­
aged. Furthermore, this technique has potential for 
recovering sound from broken artefacts, by scanning frag-

"Author to whom correspondence should be addressed. Electronic mail: 
m.hill@soton.ac.uk

ments of the recording, and then stitching data sets together.
In previous work'" based on (ii), signal reproduction 

from cylinder recordings has been judged qualitatively to 
provide “faithful playback of the recorded information.” In 
this smdy, we seek a method of quantifying the signal qual­
ity, in terms of metrics such as signal-to-noise ratio (SNR) 
and total harmonic distortion (THD). This is achieved 
through the use of a specially produced cylinder, encoded 
with sinusoids. In addition, the concept that multiple audio 
signal estimates can be derived from the same dataset is in­
vestigated, by comparing signal reproduction from two 
groove depth estimation methods. The noncontact signal re­
production described in this paper considers cylinder record­
ings only, but similar methods can also be applied to other 
early recordings such as phonograph tinfoil recordings and 
vertically cut disks.

This smdy is oiganized in the following way. Following 
a brief summary of cylinder recordings, the noncontact full 
surface mapping technique is described, with emphasis on 
sampling requirements for audio signal reproduction. In Sec. 
n, a review of previous work relating to signal reproduction 
and quality assessment from noncontact mapping methods is 
given. Section HI gives details of the sound reproduction 
process and signal quality testing methods. The results are 
discussed in Sec. IV, and conclusions are given in Sec. V.

A. Cylinder recordings

Cylinder recordings represent the earliest mechanical 
means for archiving and playing back sound. Recording sys­
tems and cylinder technology developed over many years, 
but the basic recording principles remained the same (see 
Fig. 1). In recording mode, a cylinder “blank” is set to rotate 

with constant angular velocity, d. A cutting tool (stylus).
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mailto:m.hill@soton.ac.uk


Acoustic Mechanical Recording,
Source, p(t) Linkage. ________

FIG. 1. Overview of the recording process few an acoustically recewded 
cylinder.

FIG. 3. A typical linescan of length Z,=0.5 mm, measured from a Blue 
Amberol cylinder, ca. 1912 (A%=10 /jm). ITiis cylinder was recorded with 
200 turns/in. and has a groove spacing of 127 /im. The groove seed, 
denoted by g„ is the nth groove cross section along the linescan.

which is coupled to a diaphragm-hom arrangement, ad­
vances along the cylinder axis (x-axis), via a lead screw with 
constant pitch, Prior to recording, the cutting stylus is 
forced into the outer cylinder surface, producing an unmodu­
lated cut of fixed radial depth. During recording, incident 
acoustic pressure variations are channeled via a horn from 
the surrounding air, toward a thin diaphragm, forcing die 
stylus to cut undulations that are normal to the surface (in the 
radial plane) about its mean cut depth. This radial modula­
tion, Zait), is often referred to as “hiU-and-dale” or “vertical,” 
as opposed to the majority of monophonic flat disk record­
ings, which are encoded with a “side-to-side” or “lateral” 
modulation. The encoded groove follows a helix of pitch 
with cross section dependent on the stylus tip geometry. Cyl­
inder recordings were typically recorded with a pitch of 
100—200 tums/in. at a rotational speed of 100—160 rpm. 
For the interested reader, a history of the acoustic era of 
recorded sound is given by MiUard*^ and Read and Welch.

Modem electrical reproduction of cylinder recordings is 
achieved by tracing over the surface modulations with a con­
tacting stylus. The stylus transducer converts the physical 
hiU-and-dale modulations into an electrical signal. Sound re­
production can also be achieved by mapping the full cylinder 
surface via a noncontact optical sensor and then estimating 
Za{t) in postprocessing.

B. Cylinder surface measurement and definitions

Figure 2 shows a cylinder recording mounted onto a 
noncontact measurement system. The methodology, which is 
typical of the approaches described in hterature^^" uses a 

single-point optical sensor to measure the full surface topol­
ogy of the cylinder recording. A motion system is used to 
traverse the sensor linearly along the cylinder’s axis, forming 
a “linescan.” The cylinder is mounted on a rotatable mandrel, 
allowing the sensor to map the continuous cylinder surface 
z{x, 6) via a succession of linescan measurements. An addi­
tional linear stage provides a third axis of motion orthogonal 
to the linescan axis, which controls the sensor’s standoff dis­
tance from the artefact to keep the surface within the sensor’s 
gauge range.

The discrete grid over which the cylinder is mapped is 
defined by the two spatial increments. Ax (in microns) and 
A0 (in degrees), which are the linescan and rotational incre­
ments of the motion system, respectively. We denote the dis­
crete surface height matrix by z(x,-, 6j). The yth linescan, de­
noted by Zy(x), is the linear scan measured along the x-axis at 
rotational index j. A typical linescan and surface map from a 
Blue Amberol cylinder is shown in Figs. 3 and 4.

FIG. 2. Cylinder recewding mounted on the measurement system, showing 
the three measurement axes.

FIG. 4. Surface measurement of a Blue Amberol cylindo’ surface. The sur­
face is built up through a succession of linescans. The large deviation in z is 
due to the lack of cylinder concentricity.
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C. Resolution requirements for sound reproduction

To ensure that sound can be accurately recovered from 
the cylinder, sampling resolution of the measurement system 
must be considered to avoid aliasing and to optimize scan­
ning time.

The choice of Ax determines the number of samples 
over which the groove cross section is resolved along the 
linescan. This is dependent on the cylinder pitch and com­
plexity of the groove cross section. For a cylinder recorded 
with 200 mms/in., a linescan grid spacing of A%= 10 /rm 
gives approximately 13 samples per groove cross section 
(see Fig. 3, for example). This sampling has been previously 
judged to provide sufficient resolution for sound 
reproduction.^"

The choice of A 0 (in degrees) determines the playback 
sample rate of the recovered audio signal. Assuming that 
the cylinder was recorded with a constant rotational speed of 
(I) (in rpm), the estimated playback sample rate is given by

fs =
6(0

Ae' (1)

To avoid aliasing of the signal by the Nyquist criterion, we 
have

(2)

where is the maximum frequency limit of the cylinder 
record. For cylinder recordings, this upper limit is around 
5 kHz.^°’‘® For 160 rpm cylinders, an angular sampling in­
crement of A0=O.1° gives a playback sample rate of 
9.6 kHz, which should be considered as an absolute mini­
mum for accurate sound reproduction. The technical commit­
tee of the International Association of Sound and Audiovi­
sual Archives (lASA) recommends a minimum sample rate 
of 48 kHz at 24 bit word length for digitizing analog 
recordings.'’ In some cases, a sampling of 96 kHz at 24 bits 
has been adopted.'’ With the noncontact system, a playback 
sample rate of 96 kHz is achievable with an angular sam­
pling of A0=O.O1° (for cylinders recorded at 160 rpm). The 
datasets discussed in this paper use a sampling increment of 
A^=0.01°, giving/j=96 kHz.

The third sampling dimension is the axial resolution of 
the sensor, Az, which is the ability of the sensor to resolve 
displacements in the z-plane. It was shown by Boltryk et al.~ 
that in order to resolve the smallest displacement amplimdes 
(high frequency and low ampUmde) for typical cylinder re­
cordings, an axial resolution in the order of 10 nm is re­
quired. For vertically modulated grooves, Az determines the 
dynamic range of the digital audio signal. Current hardware 
permits a measurement dynamic range of ~ 15 bits (3.5 
X lO'* discrete z-values) over the sensor’s full gauge range. 
However, in order to relate Az to the dynamic range of the 
digital audio signal, the range over which the groove depth 
modulates in the z-axis must be known. A typical range value 
for the test cylinder described in this smdy is 10 /xm (for a 
1 kHz tone, measured from peak to trough). The current sen­
sor has an axial resolution of Az=10 nm, which in this case 
gives an equivalent digital audio bit depth of just under 
10 bits (1000 discrete z-values).

II. REVIEW OF RELATED TECHNIQUES
A. Sound recovery from full surface mapping 
of cylinder recordings

Sound reproduction from full surface mapping of cylin­
der recordings presents a relatively recent area of research. 
There are currently no commonly used or universally ap­
proved methods for audio signal estimation from discrete 
surface maps of cylinders in hteramre.

In a previous collaborative smdy,'" between Lawrence 
Berkeley National Laboratory and the University of 
Southampton, a method was described for extracting sound 
from a discrete surface map of a Blue Amberol cylinder (ca. 
1912), measured via single-point optical displacement sen­
sor, as described in Sec. IB.

In Ref. 10, the radial displacement track encoded by the 
cutting tool zjf) is found by initially estimating the local 
minimum height (minima) of each groove cross section for 
all hnescans in the discrete surface, z(x,-, Oj). Groove minima 
data are then reorganized into a time series, which follows a 
helical trajectory. A list of groove valleys (minima) is ini­
tially located via a neighborhood search along each linescan, 
and outlying candidates are removed. A set of points in the 
Ath groove valley is then fitted to a quadratic function, 
Hk{x)=Aipt^+Bipc+Ci^. The quadratic term (AJ remains fixed 
and is chosen such that the curvature of the parabola is an 
approximation to that of the original cutting tool, which pro­
duced the recording. The depth (minimum ordinate) of the 
fitted quadratic curve is then used to form a radial displace­
ment track estimate, Za(t), corresponding to the encoded 
sound. The concept of three stand-alone data streams were 
considered: (1) the groove bottom (valley), (2) the groove 
top (ridge), and (3) the groove bottom position with respect 
to the groove top position (top-bottom).

It was noted that the use of the ridge data stream pro­
vided audible albeit noisy sound content, but with interfer­
ence from different times in the recording. This kind of tem­
poral distortion was also noted for playback systems in situ^’~ 

when the width of the laser beam spot was large compared 
with the groove width. The use of “top-bottom” subtraction'" 
was shown to remove low frequency structures (below 
150 Hz) due to surface form.

The audio signal reproduced by Fadeyev et ul'" was 
compared with a stylus transfer of the same recording. Visual 
comparisons of the time histories and spectra showed that the 
optical method provided an “accurate audio transcription,” 
compared with the stylus playback, but no quantitative 
analysis of the audio signal quality was presented. In this 
paper, we seek to evaluate signal reproduction of the noncon­
tact system for cylinders using quantitative measures. This 
allows for different audio signal estimates to be rated and 
compared numerically without subjectivity.

B. Signal quality testing for noncontact sound 
reproduction

An audio signal quality analysis was developed by 
Stotzer'^ for their noncontact reproduction method. This 
analysis was carried out to determine the feasibility of pho­
tographic methods of sound reproduction for flat disk record-
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ings and to make comparisons with stylus playback. The 
SNR and THD are determined through the use of test records 
encoded with single frequency tones. In this way, the recov­
ered signal is of known type; thus, the SNR and THD are 
calculated by estimating the ratio of powers in the signal and 
noise bands.

A summary of discrete-time methods for estimating the 
signal-to-noise power ratio estimates is given by Jenq.’* Two 
algorithms are described for estimating the SNR of a noisy 
sinusoid from discrete-time data. The first is based on esti­
mating directly the four parameters of a sine wave (ampli­
tude, frequency, phase, and dc offset), and the second is 
based on a spectrum averaging method via the discrete Fou­
rier transform (DFT).

Estimates for SNR using spectrum averaging techniques 
are given by Stotzer'^ for various test disks recorded with a 
300 Hz tone. The SNR is defined as the ratio between the 
signal power and noise power P„ for tracks containing a 
single frequency, /q. The SNR is expressed in decibels and is 
given by

SNR= 101og,o( ^ (3)

The signal and noise powers are derived horn discrete 
power spectral estimates of the recovered tonal waveform, 
where F^g is calculated over a frequency range of ±/mirgin 
around the center frequency, /q. (In Ref. 13, /margin=5 Hz.) 
The noise power F„ is the power in the remaining frequency 
bins, outside of the range from 100 Hz up to
10 kHz (these limits were chosen arbitrarily).

Another method of measuring the quality of sinusoidal 
signals is to examine the THD. The spectrum of an ideally 
recovered sinusoid should contain a single peak at the fun­
damental frequency. In practice, geometric distortion of the 
sine wave can be introduced at time of recording or at time 
of measurement. Harmonic distortion can also be introduced 
by errors in the signal recovery method itself and this effect 
must be minimized. Stotzer*^ gave the following definition 
for THD;

THD= 10 logigl (4)

where F^g is defined as in Eq. (3) and Fhann is the power of 
the harmonics (2/o,3/o,...) up to 10 kHz. Harmonic peaks 
are also considered on a fixed frequency width of ±/margin

margin”around the peak frequency with=5 Hz.

III. METHODOLOGY

A. Proposed methods of audio signal recovery
In previous work,'° the estimation of stylus trajectory 

and groove depth was not considered independently but as a 
single process. For damaged cylinder surfaces, it is useful to 
visually assess the estimated trajectory before extracting the 
sound to ensure that the trajectory is coherent (no skipping of 
grooves occurs) and complete (no regions containing sound 
are missed). For this reason, we consider sound recovery in 
two independent stages—^trajectory estimation and audio sig­
nal estimation—as was previously discussed.''

FIG. 5. Linescan measurements taken at six angular intervals from 0° to 
360® around the cylinder circumfctencc (linescans have been offset in the 
Z-axis for visualization purposes). The path traced by shows the shift 
along the x-axis of the highlighted groove valley. This shift vector remains 
approximately equal fw all groove valleys and can be estimated by calcu­
lating the relative phase shift between adjacent linescans.

1. Trajectory estimation

A method of rapidly approximating the trajectory pro­
duced by the cutting tool was previously introduced,'' by 
modeling the hnescan as a periodic signal and by measuring 
the relative shift between linescans around the circumfer­
ence. Reasons for adopting this strategy include the reduc­
tion in computation time and the ability to observe and ac­
count for any potential phase offsets between adjacent 
linescans caused by measurement error.

Through the recording process, the linescan has a peri­
odic strucmre with adjacent grooves separated by a constant 
distance corresponding to the groove pitch. In most cases, 
the groove spacing can be derived from historical records 
or by observation, but for completeness and records of un­
known type, it can be found numerically by spectral analysis 
of the linescan.

The DFT of the _/th linescan is given by the complex 
sequence Zj(k), where k denotes the Mr spatial frequency 
bin. The fundamental spatial frequency of the linescan ko is 
related to X^ via the reciprocal relationship of period and 
frequency and is determined by calculating the expectation 
for aU linescans as follows;

ko = F[max|Z/kp)|], j e ft[0 ° ,360 ° ], (5)

where kp is the range of possible frequency birrs in which kg 
is valid, which for cylinder recordings of the era is between
3.9 and 7.9 mm”' (for 200 and 100 tums/in., respectively).

Figure 5 shows that if we observe a single groove valley 
at linescan at 6=0° and track its shift along the z-axis around 
the cylinder circumference until linescan at 6=360°, the 
z-position of the valley propagates through a distance of X^. 
For a cylinder recorded with constant pitch, this shift is ap-
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-0.02

FIG. 6. (a) Scaled discretized shift estimation vector overlaid onto a 3D 
surface plot of the test cylinder data, (b) Formation of stylus trajectory 
vector A(x, ff) using the phase shift estimate r^g and groove seed positions, 
8l *§2^ ‘ • *Sn'

proximately equal for aU grooves. An estimate of this shift 
vector, can therefore be used to form an approximate 
stylus trajectory.

The shift vector g can found by first estimating the 
relative phase (shift) between linescans from 0° to 360°. 
With kQ determined from Eq. (6), the phase estimate of the 
yth Unescan is given by

(pj = arctan ft[0°,360°]. (6)

The result from Eq. (6) is given in radians; thus, in order to 
obtain g, the phase angle vector (pj must be scaled such 
that a phase shift of Itt rad is equal to the distance It 
should be noted that an equivalent trajectory estimate may 
also be obtained using cross-correlation between linescans, 
but in this example, a Fourier-based method is described.

The resultant shift vector g is then rounded to the 
nearest grid position along the x-axis, so that the discrete 
surface data can be referenced. Figure 6(a) shows an ex­
ample of g overlaid onto a discrete cyhnder surface map.

FIG. 7. The abscissa of local groove minima from the raw linescan profile, 
Zj(x), varies firom one groove to the next due to the roughness of the cutting 
tool. The abscissa of minima from the filtered linescan zj(x) can be seen to 
be spaced equidistantly, by a distance of X^=0.254 mm, which is the ex­
pected spacing for a cylinder recorded at 100 turns/in. The local minima of 
zj(x) form the groove seed positions, gi,g2,--- ,g„-

This shift vector can then be used as a “template” for 
segmenting the surface into groove regions (groove seed). 
The nth groove seed, g„ (see Fig. 3), is found by locating the 
medial axis of each groove valley at 0°. For smooth symmet­
ric groove cross sections, the medial axis is indexed by the 
local minimum point of the groove and can be found via a 
simple neighborhood search. In cases where the groove is 
rough and/or asymmetric (see Fig. 7, for example), the me­
dial axis does not always lie at the local minimum point.

To ensure that each groove is indexed by its medial axis, 
an appropriately designed Savitzky-Golay (SG) polynomial 
smoothing filter is applied to the linescan z/x) to form the 
filtered linescan zj(x).

SG filters were initially developed to identify the rela­
tive widths and heights of spectral peaks in noisy spectro- 
metric data.'® In this work, the SG filter can be used in a 

similar way to obtain the position of groove valleys (to the 
authors’ knowledge, this is the first time that SG filters have 
been applied to aid groove extraction). The SG filter works 
by a local polynomial regression (of degree P) on a distribu­
tion of length L (of at least P+1 equidistant samples) to 
determine the smoothed value for each point.

The frame length, L of the SG filter is chosen to match 
the groove pitch, In this way, the SG filter operates lo­
cally on each groove valley, replacing the rough groove cross 
section with a smoothed version. Figure 7 shows a linescan 
filtered with a cubic SG filter (P=3) with frame length L 

=25 (the approximate number of samples across one groove 
cross section for 100 tums/in. cylinder/Ax= 10 /xm). The po­
sition of minima in the filtered linescan, zj(x}, are located 
closer to the middle (medial axis) of the groove valley than 
the minima found using the raw linescan, z/x). The local 
minima of this SG filtered linescan are used to locate the 
groove seed positions.
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A stylus trajectory vector, A =A{x, 6), is then constructed 
[see Fig. 6(b)] by positioning at the groove seed posi­
tions, gi, g2,...,g„ by

[ef
A(x, 0) =

Loy

(7)

where A is of size nJ rows by two columns, n is the number 
of complete grooves, and J is the number of Unescans mea­
sured around the full cylinder circumference. The column 
vectors [r^^e+8iY and are both of length J.

2. Audio signal estimation
Trajectory estimation provides an approximation to the 

helical path traced by a reproduction stylus. The radial dis­
placement signal, Zait), which corresponds to the encoded 
sound, is recovered by a discrete estimate of the groove 
depth along the trajectory vector A, defined in Eq. (7).

Proposed schemes for deriving a discrete estimate for 
Zait), include the following:

(i) single point data streams (using raw z-data, no aver­
aging);

(ii) averaging samples across the groove cross section;''
(iii) stylus model, fitting based methods;
(iv) mle-based methods.

10 and

In previous work, the notion of a “groove matrix” was 
introduced. The groove matrix, denoted by G„ is a matrix of 
z-values of size n by m, where n is the number of groove 
cross sections (equivalent to the number of samples in the 
time domain) and m is the number of samples across the 
groove cross section found along the trajectory vector A.

Representing the groove depth by a single discrete data 
point (i) is not ideal for rough groove cross sections, as the 
selection of the sample is very sensitive to noise. Scheme (ii) 
was investigated previously by averaging data streams at the 
groove bottom and sidewall." The cylinder in question was a 
molded Blue Amberol cylinder. In this case, the groove 
shape was symmetric and the abscissa of groove minima 
remained relatively unchanged from one groove to the next. 
A comparative examination of three different signal esti­
mates in the time and frequency domains showed that the 
SNR increased as the estimate approached the bottom of the 
groove cross section.

The parabola fitting method'" described in Sec. HA, 
based on scheme (iii), is well suited for cylinder recordings 
with a smooth symmetric groove cross section, as shown in 
Fig. 8(b), where the quadratic fit agrees well with the groove 
shape. In some cases, however [see Figs. 8(a) and 8(c), for 
example], the cylinder groove cross section is irregular, 
asymmetric, and does not resemble the quadratic fit. This 
irregularity is likely to have been caused due to the rough­
ness of the cutting tool [as with the case of Fig. 8(c)] or as a 
result of wear due to repeated stylus playback [in the case of 
Fig. 8(a)].

The cylinder used for test purposes in this smdy has an 
irregular groove cross section, which is in contrast to the 
smooth groove cross section investigated previously.'"’" The

FIG. 8. Three groove valley examples. The smooth dark line in each plot 
shows a polynomial fit of order 2, which best fits the groove data, in a least 
squares sense. The Blue Amberol Cylinder (b) has strong agreement with the 
quadratic curve, whereas the gr^hophone (a) and test cylinder (c) example 
show a more complex groove shape, due to the cutting tool that produced 
the recording, and increased surface roughness or damage.

test cylinder, which contains signals of known type, allows 
for a quantitative assessment of signal quality and a compari­
son of the two different estimation methods for Zait)-

In this paper, we compare two methods of estimating the 
radial displacement track, Zait), based on schemes (ii) and 
(iii). Both methods use the trajectory A=A(x, 0), as defined 
by Eq. (7) as a guide for the approximate path followed by 
the cutting tool. These methods are now described.

a. Method A: Unweighted mean sample averaging 

across the groove matrix. A groove matrix G, of size n by 
m is formed from the trajectory vector A=A(a:, 0), where n is 
the number of samples in the time domain and m is the 
number of samples across the groove cross section.

Radial displacement estimates Zait) are then derived 
from Gi by an unweighted mean averaging process across the 
nth row of G,.

The mean average is taken from the central column 
of the G„ which corresponds to the medial axis of the groove 
cross section. The number of points included in the average 
varies from N= 1 (central column of the G, only) to N=25 

points (±12 samples either side of the centrd column of G,).

Method A provides the most simplistic estimate for 
the groove depth, based on averaging of samples across the 
groove cross section. By investigating different length 
sample averages, it is possible to observe the effects of mean 
averaging for the recovered signal in terms of SNR and 
THD.
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TABLE I. Description of test cylinder recording and measurement details.

Parameter Value

Length 100 mm
Diameter 55.56 mm

Recording speed 160 rpm
Recording pitch 100 tumg/in.

Recording method Electrical, direct cut
Recording medium Wax cylinder
Sampling details Aa:= 10 fim

Ag=o.or
Az=10 nm

Playback sample rate 96 kHz

b. Method B: Use of Savitzky-Golay filters of to locate 

unique groove minima. Raw surface data are filtered along 
each linescan via SG filter of polynomial order P and frame 
length L.

Along the trajectory vector A=A{x,d), the radial 
displacement estimate Za(t) is found by locating the local 
minimum point of the filtered surface.

Different SG filters of orders f={1,3,... ,9} and 
frame length L={11,13,... ,25} are used to obtain unique 
groove minima at different positions in the groove cross sec­
tion.

In Method B, a SG filter is used to firstly smooth the 
groove cross section in order to account for the increased 
surface roughness caused by the cutting tool. The local 
minima of the smoothed cross section are then used as an 
estimate of the groove depth. Through the use of different 
combinations of filter polynomial order {P) and filter length 
(L), an optimal filter can be found by evaluating the SNR 
and THD of the recovered signal.

The best signal estimates derived by Methods A and 
B can then be compared in terms of SNR and THD.

B. Method for comparing audio signal quality 
1. Details of test cylinder

A wax cylinder recording was produced for purposes of 
assessing the quality of the recovered signals. The cylinder 
was recorded at Poppy Records.'® The recording stylus was 

not driven by acoustic pressure but was directly cut by an 
electrical transducer. Pure tones (sinusoids) in the range 
200 Hz-5 kHz were recorded onto a cylinder at 160 rpm 
with a pitch of 100 tums/in. A geometrical description of the 
test cylinder is given in Table I.

Following the recording process, the groove structure 
remained untouched by stylus or cleaning. The surface map 
produced by the optical scamung system used a measure­
ment grid of [Ax=10/zm, A5=0.01°]. This sampling 
scheme gave approximately 25 data points per groove cross 
section and a playback sample rate fs=96 kHz. The recov­
ered signals exhibited some frequency modulation and har­
monic distortion, which is in part due to the nature of the 
recording process. The degree of noise and distortion intro­
duced at the time of recording is unknown. To this end, the 
experiment does not give an “absolute” measure of SNR/ 
THD, but is useful for a comparative study of different audio 
signal estimation methods and comparisons with stylus re­

play. Recovered signals from the 1 kHz tone region provide 
the basis for comparison of audio signal estimates.

2. SNR analysis
The SNR is computed by locating the peak frequency 

and then calculating the total noise power in the remaining 
frequency bins of the DPT (considered to be noise). Defini­
tions of the signal and noise powers, P^g and P„, as de­
scribed in Eq. (3) are not immediately obvious for pseudosi- 
nusoidal signals, which are frequency modulated and contain 
harmonic distortion. Care must therefore be taken when de­
ciding what constitutes the signal and noise. For example, it 
is questionable whether energy from harmonics in the spec­
trum should be considered as part of the signal or noise band. 
The choice of frequency band in which to search for P^g is 
complicated by the fact that the recovered signals were fre­
quency modulated. Other factors affecting the calculation in­
clude window length and frequency resolution of the DFT.

The short-time Fourier transform was used to carry out 
spectral analysis on windowed segments of the 1 kHz tone. 
Each frequency window was of duration 0.125 s, with a fre­
quency bin resolution of 2 Hz. The signal power P^g is 
found by locating the peak in the power spectrum (funda­
mental frequency) around 1 kHz.

Frequencies that contribute to the noise power band 
were considered in two ranges: (1) below 1 kHz: 
100-950 Hz and (2) above 1 kHz: 1050 Hz-10 kHz.

Harmonic frequencies above the fundamental were con­
sidered as undesirable and were also included in the noise 
band calculation. Frequencies below 100 Hz were not in­
cluded in the noise band calculation, as these were attributed 
to the surface form and not to the audio signal.

3. Total harmonic distortion analysis
The THD is the ratio of the sum of the powers of aU 

harmonics components above the fundamental frequency, to 
the power of the fundamental. Expressed as a percentage, the 
THD is given by

THD(%) = 100 X
^Fl + Fl + Fl+-+Fl

(8)

where F„ is the Fourier component of the nth harmonic; n 
= 1 denotes the fundamental frequency. In the case of the 
1 kHz tone, the first four harmonics (2, 3, 4, and 5 kHz) are 
included in this calculation, as harmonics above 5 kHz be­
come lost in background noise. The lower the harmonic dis­
tortion, the more the recovered signal resembles a trae sinu­
soid.

IV. RESULTS
A. Signal quality comparisons for Methods A and B

SNR and THD results for Method A are shown in Fig. 9. 
Figure 9(a) shows that the SNR increases as the number 

of points in the average window, N, increases, but care must 
be taken when interpreting this trend. The best SNR for 
Method A comes from a 21 point mean average (/V=21); 
however, this signal did not have the lowest THD [see Fig.
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Mean Average Length, N

FIG. 9. SNR (a) and THD (b) results for Method A (mean averaging across 
the groove matrix). Larger circles indicate the optimal points on the curve.

9(b)], and upon listening to the signal, a small echo effect 
was noticeable. This kind of temporal distortion is not ac­
counted for in the spectrum averaging technique and is dis­
cussed in Sec. IV B. The signal that had the lowest THD 
(and hence the “purest” sinusoid) was from a mean average 
of N=15.

Mean averaging is a low pass filtering operation since its 
effect is to allow lower spatial frequencies to be retained, 
while suppressing higher frequency components. A larger 
mean average will remove more noise (high frequency) but 
can reduce the level of detail in the groove cross section. The 
result of this for the recovered sinusoid is a reduction in peak 
signal power and increased harmonic distortion when N is 
large (greater than 19 samples). In addition, by listening to 
signals where N is large, temporal distortion is also present 
in the form of an echo. A mean average of N= 15 produced a 
signal with lowest THD, reasonably high SNR score, no no­
ticeable temporal distortion, and was therefore considered to 
be the best signal produced by Method A.

SNR and THD results for Method B for the different SG 
filters are shown in Fig. 10.

In general, the SNR decreased as the filter order P in­
creased. This is due to the fact that higher order polynomial 
filters retain the higher spatial frequency content (roughness) 
of the groove cross section (see Fig. 11), which results in 
increased high frequency noise for the audio signal. The 
highest SNR came from the filter [P= 1, L= 15]. A SG filter 
of order P=1 is essentially an unweighted moving average 
filter, similar to the mean averaging in Method A. This simi­
larity can be observed by noticing that the THD curves for 
Methods A and B (P=l) have similar trends. An echo effect 
was also noticeable for [P= 1, L= 19—25], as was found with 
Method A for large N.

With the exception of the first order filter (P=l), the

SG Filter Length, L

FIG. 10. SNR (a) and THD (b) results for Method B (SG filtering). Larger 
circles indicate the optimal points on the curve.

THD scores remained relatively constant as L increased. The 
lowest THD came from the higher order filters ([P=9, L 

=21], for example). This may be due to the fact that the 
unique groove minima produced by higher order SG filters 
tended toward the positions of raw groove minima, as op­
posed to being positioned higher up in the groove cross sec­
tion, where raw displacement data do not exist (as can be 
seen in Fig. 11).

FIG. 11. First and ninth order SG filters (L= 15) applied to the groove cross 
section of test cylinder data. The ninth order filter retains more of the higher 
spatial frequencies, whereas the first order filter produces a smoother cross 
section. Large circles indicate the position of unique groove minima from 
the filtered linescan used to form the displacement estimate, z„(r).
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TABLE n. Summary of best SNR and THD results for Methods A and B.

Method A Method B
(Mean averaging) (SG filtering)

Highest SNR (dB) 30.3 31.0
Lowest THD (%) 2.78 2.16

A summary of the best SNR and THD results is given in 
Table n. In both cases, an appropriately designed SG filter 
(Method B) gave better signal quality scores compared with 
simple mean averaging (Method A). This suggests that mean 
averaging is not optimal for noisy asymmetric groove cross 
sections, as seen with the test cylinder data.

B. Sources of noise and distortion

A time-frequency analysis shows that the recovered si­
nusoid signals exhibit the following types of noise and dis­
tortion.

1. Low frequency noise
The low frequency noise (below 200 Hz) is mainly due 

to the macroscopic surface form of the cylinder, which 
should be accounted for through an equalization stage. In 
order to match the velocity response of a magnetic cartridge 
(as is common with stylus reproduction), an appropriate 
equalization should be applied. In this paper we have only 
dealt with the raw displacement signals Zait), which were not 
equalized or differentiated in any way.

2. Impulsive noise
Impulsive noise can be caused by surface debris, which 

was not cleaned from the cylinder prior to scanning. Any 
debris that lies above the imaging plane will therefore be 
measured by the sensor. This can result in transients for the 
recovered audio signal, as can be seen by the vertical bands 
in the spectrograms in Figs. 12 and 13. In order to minimize 
this effect, any loose debris should be removed from the 
surface prior to scanning wherever possible. Additionally, if 
the cylinder surface is measured in piecewise segments (as is 
required for heavily warped surfaces, and the test cylinder 
in this case), impulsive noise can be introduced at segment 
joints if the segments are not appropriately aligned in soft­
ware prior to sound extraction.

3. Temporal distortion
It is observed that displacement estimates that used 

groove cross section data toward the tops of the groove ex­
hibited an echo. This phenomenon was first noted by Iwai et 
al} for real-time optical playback of phonograph cylinders, 
when the width of their laser beam was wide compared with 
the groove width. Similarly, Fadeyev et noted that 
groove ridge data provided audible albeit noisy sound con­
tent, but with interference from different times in the record­
ing. The test cylinder data allow us to quantify the interfer­
ence observed from the ridge data stream. Figure 12 shows a 
time-frequency analysis (spectrogram) of data streams de­
rived from the top and bottom of the groove cross section. It
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FIG. 12. Spectrogram analysis of signals recovered from the bottom (a) and 
top (b) of the groove cross section for the 500 Hz tone. An echo region is 
clearly visible in the ridge spectrogram (b) due to the superposition of ad­
jacent groove displacement data at times r and t+T. In addition, the ridge 
data stream has more harmonic distortion.

appears that an echo is introduced due to the superposition of 
adjacent grooves at times t and t+T, where T is the time 
taken for one complete rotation (0.375 s in this case for 
160 rpm). To avoid introducing temporal distortion, it is 
therefore suggested that the use of displacement data from 
the groove ridge should be avoided.

C. Comparison of stylus and noncontact reproduction

In addition to optical reproduction, the test cylinder au­
dio was also transferred using conventional stylus techniques

0.5 1 1.5 2
Time (a)

2.5

FIG. 13. Speefrogram comparisons for noncontact (a) and stylus reproduc­
tion (b) of 2 kHz tone. Harmonic distortion is greater with stylus reproduc­
tion. The noncontact method (a) shows less harmonic distortion than in (b) 
but more low frequency (below 500 Hz) and impulsive noise. In addition, 
frequency modulation is less apparent for the noncontact method.
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FIG. 14. Comparison of measured £requen<y modulation of tones recovered 
from the test cylinder via noncontact and stylus methods.

at the British Library Sound Archive. Due to difficulties in 
matching the equalization of the stylus and optical reproduc­
tion, direct signal quality comparisons are not presented in 
this paper. Subjective listening suggests that stylus reproduc­
tion has a higher SNR, in terms of a lower noise floor power 
and less impulsive noise (the increased impulsive noise 
found with optical reproduction is likely due to measurement 
of remaining debris above the imaging plane, as described in 
Sec. rV B 2). However, the accuracy of sine wave reproduc­
tion in terms of harmonic distortion and frequency modula­
tion appears to be greater with the noncontact method. Ex­
amples of the recovered signals from optical and stylus
methods can be found here.

1. Harmonic distortion

21

The spectrogram in Fig. 13 compares the reproduction 
of a 2 kHz tone from both stylus and optical methods. Stylus 
reproduction appears to show increased harmonic distortion 
compared with the optical signal. This is likely due to the 
stylus-groove relationship, known in literature,'^’^^ as “trac­
ing distortion,” which arises from the fact that the reproduc­
ing stylus tip is of finite size. When the stylus tip traces over 
a sinusoidal groove, a mismatch in curvature between the tip 
radius and the groove contour means that the reproduced 
signal is not sinusoidal.^" This geometric effect results in 

harmonic distortion. The noncontact method of sound repro­
duction is not affected by tracing distortion.

2. Frequency moduiation
The degree of frequency modulation was also compared 

by locating the position of the peak frequency in the DFT for 
windowed segments of recovered tones. The standard devia­
tion in measured frequency from peaks in the DFT was used 
as an indication of frequency modulation. Figure 14 shows 
frequency modulation for all tones reproduced from the test 
cylinder by optical and stylus methods. At 5 kHz, the fre­
quency modulation with stylus reproduction is approxi­
mately ±40 Hz, and for optical reproduction is less than 
± 10 Hz. The increased frequency modulation with stylus re­
production is likely due to the poor compliance of the cylin­
der bore with the rotating mandrel (due to lack of cylinder

concentricity). If mounted incorrectly, the surface speed of 
the cylinder will vary, meaning that for a constant playback 
sample rate a modulation in frequency occurs. In this par­
ticular case, it appears that the stylus reproduction is more 
heavily affected by speed fluctuations, than with the noncon­
tact method.

V. CONCLUSIONS

The noncontact full surface mapping system, which has 
been developed, allows for accurate sound reproduction from 
cylinder recordings. The advantage of mapping the full sur­
face topology (as opposed to optical playback in situ) is that 
numerous estimates for the audio signal can be derived from 
a single data set in postprocessing. To the authors’ knowl­
edge, this study represents the first quantitative analysis of 
test signal reproduction using the noncontact surface map­
ping method.

A stylus trajectory estimation method based on the shift 
in relative phase between consecutive linescans has been de­
scribed. Such a “global” method of trajectory estimation has 
advantages in terms of reduced processing time, when com­
pared with “local” tracking of individual grooves, and has 
been found to be robust for the test cylinder recording. For 
cylinders that may be damaged or broken, local tracking of 
groove features is still required.

The test cylinder encoded with sinusoids provides a ba­
sis for quantitative assessment of sound reproduction quality. 
Two different methods of estimating the radial displacement 
track from a discrete surface have been shown to produce 
variable audio signal quality, in terms of SNR and THD. The 
use of appropriately designed SG filters (Method B) to pro­
duce an estimate for the groove depth provided a better audio 
signal estimate signal in terms of SNR and THD compared 
with unweighted mean averaging across the groove matrix 
(Method A).

Audio signal estimation from discrete surface maps is 
not restricted to the two methods described in this paper. 
With stylus reproduction, the use of different styli are cho­
sen, based on the groove geometry and surface condition of 
the recording. The same principle applies to the noncontact 
method, in that the “optimal” method of signal reproduction 
is likely to be dependent on the cylinder under test. To im­
prove further the quality of the recovered signal, other rule- 
or model-based navigation methods may be used to avoid the 
introduction of outliers (caused by debris, etc.).

Care must be taken when obtaining an estimate for the 
groove depth. For example, the use of groove ridge data was 
shown to introduce temporal distortion (echo). Averaging 
across the full groove cross section to obtain an estimate for 
Zait) is therefore not advisable as the inclusion of ridge data 
from adjacent grooves can result in echo and increased har­
monic distortion.

The audio signal recovered via stylus reproduction ex­
hibited more frequency modulation and harmonic distortion 
compared with the optical method. Although this is a feature 
of this particular transfer (and not necessarily inherent for all 
stylus playback), it highlights some advantages of noncon­
tact reproduction. For example, geometric effects of the
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stylus-groove interaction, such as tracing distortion, do not 
affect optical reproduction. Additionally, in this particular 
case, the noncontact method appears to be less affected by 
speed irregularities, found with the stylus reproduction.

Difficulties encountered from very early wax cylinders 
include poor surface condition, such as cracking, mold 
growth, and wear caused to the groove structure through re­
peated stylus playback or poor storage. In cases where a 
cylinder is cracked, it is possible to scan the broken segments 
and then reconstruct the surface. In cases where the groove 
structure is damaged, it is possible to track more closely in 
postprocessing than with playback in situ.

Topics for further investigation in this field include the 
development of signal reproduction methods for cylinders in 
poor surface condition, including broken or shallow grooved 
recordings. In addition, a reduction in measurement time re­
mains a priority for the data acquisition process. The use of 
other specially produced test cylinders encoded with known 
waveforms may also provide further scientific analysis of 
signal reproduction from the noncontact full surface mapping 
method.
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SIGNAL PROCESSING METHODS FOR THE RECOVERY OF AUDIO 
FROM EARLY ACOUSTIC CYLINDER RECORDINGS, MEASURED VIA

NON-CONTACT OPTICAL SENSOR
A. J NASCE\ J. W. MCBRTOES M. HILL\ P. J BOLTRYK'

^ Electromechanical Research Group. University of Southampton, UK
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A non-contact method for the recovery of audio signals from early acoustic cyhnder recordings is presented. 
The cyhnder surface is scanned via optical displacement sensor, capable of submicron axial resolution. Sound recovery 
is achieved by estimating the trajectory of a playback stylus over the measured surface. The processing methods 
required to extract audio from a discrete height m^ are described. The signal to noise ratio of the extracted signal as a 
function of position across the groove cross-section is examined, for a Blue Amberol cylinder, (circa 1912).

INTRODUCTION
The development of non-contact, optical methods for 
the reproduction of audio from early mechanical sound 
carriers has been subject to some research in recent 
years, (see for example [1-4]). A non-contact method 
ensures that no further damage or pressure is applied to 
the fragile groove structure, wherein the audio signal 
was originally encoded. High resolution moping of the 
surface also has the potential for sound recovery from 
recordings which are broken, warped or otherwise 
unplayable via stylus methods. Such techniques have 
significant potential for sound archivists dealing with 
early acoustic recordings, who are aiming to maintain 
quality throughout the playback chain.

The philosophy behind mapping the full recorded 
surface (as opposed to real time playback) is aimed at 
providing sound archives with digital preservation 
copies of early mechanical sound carriers, and also to 
provide public access to early and rare sound 
collections.

In this paper the methodology and resolution 
requirements for the full surface mapping of an acoustic 
cylinder recording are described. The post-processing 
stages required for recovering the audio signal are then 
presented. These methods are based on parameter 
estimation and spectral examination of the scanned 
surface, via the Discrete Fourier Transform. An 
example of different signal estimates derived from the 
scanned surface, are compared and strategies for 
attaining the best signal to noise ratio, prior to filtering 
and equalisation are discussed.

means for archiving and playing back sound. In 
recording mode, the acoustic source is usually 
channelled via a horn towards a diaphragm that 
responds to the fluctuating acoustic pressure, p(t). The 
diaphragm in turn moves the cutting stylus, producing 
radial (hiU-and-dale) indentations on the cylinder 
surface. Upon playback, the same mechanism takes 
place, but in reverse, so the movement of the playback 
stylus produces a movement of the diaphragm, creating 
a fluctuating acoustic pressure that is representative of 
the recorded signal.

Figure 1: Simphfied model of the recording process for 
an acoustic cylinder recording

The aim of non-contact audio extraction is to obtain a 
signal which is representative of the acoustic signal that 
would be reproduced on playback from the physical 
indentations on the cylinder. Ideally, this reproduced 
signal should have a flat frequency response. In practice 
however, horn resonances and the mechanical 
impedance of the recording apparatus mean that the 
recovered signal will exhibit irregular spectral 
characteristics.

1.1 Acoustic Cylinder Recordings
Cylinder recordings represent the earliest mechanical

Over a limited frequency range (~150Hz - 4kHz) 
acoustic recordings approximate to a constant-velocity 
characteristic [5].
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Through the scanning process, the radial displacement 
^(0 produced by the cutting stylus can be estimated. 
Hence, to obtain a signal which is proportional to the 
acoustic pressure recorded, the first derivative of this 
vector should be taken to obtain a signal which is 
equivalent to the radial velocity of the stylus. For a 
continuous harmonic signal of the form: ^ ,
the first time derivative can be obtained, simply by 
multiplying by jco. For discrete signals, the limit over 
which the numerical gradient at any one point by 
defimtion, cannot be infinitesimal. Different numerical 
differentiation methods (e.g. forward/backward/central 
difference), will introduce different frequency responses 
to the resultant signal. It is therefore advised that some 
discrete filtering operation, incorporating both the 
differentiation stage and desired equalisation is applied 
to This approach has been implemented in previous 
work [2], via FFT filtering.

Due to the complex transfer function of the horn, 
mechanical linkage, and cylinder surface roughness, the 
required equalisation is likely to vary from cylinder to 
cylinder. It is therefore suggested here that any final 
equalisation is left to the expertise of the transfer 
engineer or sound archivist. Regardless of which 
filtering method is used (prior to public access), the 
most important stage in the playback chain foUowiug 
surface measurement, is to obtain the best estimate for 
the displacement track, ^{t).

2 NON-CONTACT SURFACE MEASUREMENT 
The cylinder surface is mapped via a single-point, 
displacement measuring sensor, coupled to a precision 
linear stage system The sensor traverses linearly, 
parallel to the cylinder axis, to measure a linescan. The 
Unescan, denoted by S„(x), is a linear scan of points, 
measured along the cylinder axis, at some fixed 
azimuth, 6 (see Fig. 2). The cylinder, mounted onto a 
mandrel, (which is coupled to a rotary stage system) is 
rotated, and linescans are recorded in this way until the 
full the surface is mapped over the full circumference. A 
typical surface height m^ fi-om a Blue Amberol 
cylinder is shown in Fig 3. More details regarding the 
sensor technology and acquisition process can be found 
in: [6]

-0.2 0 0.2 0.4
X - Position Along I.inescan Axis, (mm)

Figure 2: 2mm segment of linear scan from a Blue 
Amberol cylinder, circa. 1912 (Ax = 10pm).

' x(mm)

9(°) 270

Figure 3: 3-D surface plot of 2mm segment fi-om a Blue 
Amberol cylinder. This particular cylinder is non- 

concentric (a perfect cylinder would assume a flat form 
at a fixed z position). The implication for the extracted 
audio signal is a low frequency modulation at 2.67Hz, 

(this is the rotational frequency for 160rpm recordings).

3 SAMPLING AND RESOLUTION
The sensor acquires displacement measurements over a 
discrete sampling grid, with Ax, corresponding to the 
increment of the linear stages parallel to the cylinder 
axis and A.6, the angular sampling increment of the 
rotary stage. These parameters are now discussed.

3.1 Linescan Sampling, Ax
The choice of Ax is made so that the number of points 
across the linescan profile sufficiently characterises the 
groove shape. Strictly, to avoid aliasing of the groove 
su-ucture, the following equality must be satisfied:

2Ax<A^

(1)

where is the spacing between adjacent grooves, 
(For 200tpi cylinder, X^ = 127 pm). In practice, the 
choice of Ax is much lower than (1) suggests, (typically 
Ax = 10pm), in order to resolve any complex damage 
structures, which may exist. The linear stages allow for 
higher resolution linescan sampling, if required.

3.2 Circumferential Sampling, A.d 
The sampling grid dimension corresponding to the 
playback direction is the circumferential axis, 6, thus 
the choice of A^ determines the playback sampling
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rate, /s, of the recovered sound. To avoid aliasing 
effects:

(2)

Where /max is the highest audible frequency contained 
within the audio signal. For early acoustic recordings, 
/max is ~ 5kHz [7], therefore / should be at least lOkHz. 
The rotary stage allows for angular incremental 
sampling of 0.01° (and higher), which means that 
36,000 linescan measurements are recorded over the full 
circumference. For a record with playback speed of 
160rpm, this equates to/ =96 kHz.

3.3 Axial Resolution, Az
The third sampling dimension which is of interest is the 
axial resolution Az, of the sensor. This is the ability of 
the sensor to be able to resolve the surface undulations 
of the recorded grooves. Previous studies [6] have 
shown that an axial resolution of lOnm (lx 10 * m) is 
required for resolving the smallest of recorded groove 
modulations.

4 SURFACE MAPPING
One issue that arises from the measurement process is a 
discontinuity between linescans 5n and 5i, (see Fig. 4). 
The helical audio path of the cylinder recording is no 
longer a continuous trajectory in the matrix 
representation of surface heights. Instead, the audio 
path must now be considered as a set of trajectories, 
which propagate in some way from 0 - 360°. These 
trajectories, when appropriately ordered and 
concatenated, form the complete path produced by the 
cutting stylus. Figure 5 demonstrates the continuous and 
discrete audio paths.

s, Linescan Index Sn

In relation to the extracted audio signal, the choice of Az 
is analogous to the dynamic range (or ‘Bit resolution’) 
of a digital audio signal. The dynamic range of the 
measurement system can be estimated by dividing the 
gauge range (the range of surface heights over which 
the sensor wdl operate) by Az. Current hardware permits 
a measurement dynamic range of -15-Bit (3.5 x 10'* 
discrete displacement values), although this value may 
be improved upon in future, by incorporating an 
adaptive z-axis control system, to track the surface more 
closely.

A summary of the discussed sampling requirements are 
given in T^le 1.

Figure 4: Mapping of the cylinder surface to a 2-D 
matrix representation of surface heights.

Cylinder q(t) Matrix Representation of Surface Heights

Audio path = a(t) Audio path = % ... a„l

Sampling Parameters Recommended Values

Ax: linescan Sampling increment 10pm (1 X lO'^m)

Ag: Circumferential Sampling 
increment 0.01 °(fs =96 kHz)

Az: Axial Resolution, lOnm (1 X 10 ®m)

Table 1: Summary of recommended resolution 
requirements for 160rpm, 200tpi acoustic cylinder 

recordings.

Figure 5: Continuous (left) and discrete (right) audio 
paths for cylinder and matrix representation of cylinder 

surface.

The sensor captures the 3-D surface with respect to a 
2-D image plane. Any objects, (e.g. cotton fibres, grit, 
dust), which lie above the image plane will obstruct the 
underlying groove structure beneath (see fig. 6 for 
example). The effect of this for the extracted audio 
signal wUl be heard as an impulsive click.

It is therefore advisable that prior to measurement, any 
loose debris lying on top of the grooves is removed via 
compressed air gun (or otherwise), to ensure that only
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the groove structure and originally recorded sound is 
measured by the sensor.

Figure 6: Debris lying upon the cyhnder surface is 
obstructing four of the underlying grooves.

5 AUDIO EXTRACTION

After the surface has been scanned, the audio extraction 
stage is broadly defined in two stages:

i) Trajectory Estimation - locating the audio path 
produced by the recording stylus, in order to form 
a coherent time series.

ii) Audio Signal Estimation - using surface height 
data located at the trajectory found in (i) to 
estimate the raw displacement signal, encoded by 
the recording stylus, ^(f).

In previous work, [2], these stages have been 
accomphshed by detecting the locations of ridges and 
valleys (maxima and minima) for each linescan. The 
groove bottoms are then fitted to a constrained quadratic 
function, with curvature that agrees well with the 
recording stylus geometry. Data is then re-organized 
into a time series which follows the spiral trajectory.

In this paper, a method is described which relies on 
sinusoidal modelling of the linescan, and examination of 
the relative phase shift between adjacent hnescans, in 
order to produce a trajectory estimate. Reasons for 
adopting this method for trajectory estimation include 
reduction in processing time and the ability to align 
angular scans (measured at different time instances), 
which may contain phase errors between consecutive 
scans.

5.1 Linescan Parameter Estimation

In order to estimate the path produced by the cutting 
stylus and hence extract sound from the surface, some 
parameters of the groove profile must first be identified. 
For cylinder recordings, the number of turns per inch 
(tpi) dictates the spacing between adjacent groove

valleys. In most cases, the groove spacing, can be 
derived from historical records, but for completeness 
and records of unknown type, it is calculated 
numerically via spectral analysis of the linescan.

Due to the nature of the recording process and constant 
pitch of the grooves, the periodic structure of the 
linescan can be modelled as a single sinusoid:

x[n] = Acos (iTikon + (3)

The amphtude A of the model gives an approximation 
of the peak to trough distance of the linescan and can be 
used as a threshold for outlier detection.

The fundamental spatial frequency ko is related to Xx via 
the reciprocal relationship of period and frequency. For 
cylinder recordings of the era, with 100-200tpi, Icq is 
defined over the range:

3.9mm' < ^ < 7.9mm'. (4)

The maximum likelihood estimate for the frequency of a 
single sinusoid in Gaussian noise can be found by 
locating the frequency at which the Fourier transform of 
the signal attains its maximum [8]. For a linescan 
sequence s{n) of N samples, the Discrete Fourier 
Transform (DFT) is defined as the complex sequence 
SQc) with A uniformly spaced frequency samples:

Sik) = Ysin)e
n=0

jlJikn
N k = 0,...,N-l (5)

The amphtude spectral density I5(A:)I, is given by the 
magnitude of the DFT. Figure 7 shows the hnescan and 
sinusoid model profiles, and their associated amphtude 
spectral density estimates.

The phase angle of the DFT, ^k), is given by:

(Z<k) = tan''[Im{5(A:)} / Re{5(fc)}] (6)

The phase ^k) of the sinusoid model tells us by how 
much the groove profile is ‘shifted’ along the cyhnder 
axis, and is vahd from -;rto k For a perfectly concentric 
cyhnder, recorded at constant angular velocity, the 
expected audio path is a helix. The phase angle of our 
groove model would therefore be expected to vary 
linearly around the cyhnder circumference from 0 to 2^ 
through a distance Xx. In reahty, the shift of the 
measured grooves is non-hnear. Examining the phase 
angle of S(k} at ko gives a useful method for estimating 
the average trajectory made by the cutting stylus. This 
procedure also aids the process of stitching data sets
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together, where the correct alignment of adjacent 
linescans is important.

Unescan, s(n) Sinusoidal Model

Spectrum of Linescan Spectrum of Model

Figure 7: Comparison of profiles and spectra for 
linescan and signal model. The DFT of the linescan 
shows a spectral peak at 7.9mm'' which is consistent 
with the expected value for a 200tpi recording. The 

sinusoid model in this has: A = 5 x lO'^mm, ko = 
7.9mm'', (Z>= 0.

5.2 Trajectory Estimation

A phase shift vector O is formed by extracting the phase 
angle ^ko), for all hnescans around the cyhnder 
circumference. If the phase variation between 
successive hnescans exceeds 2^ a discontinuity occurs. 
The procedure for constructing a continuous, natural 
phase variation is known as phase-unwrapping and is 
accomplished by adding +2;rto when absolute jumps 
between consecutive elements of O are greater than or 
equal to 7i. Discontinuous and continuous phase 
estimates from an Edison cylinder scan are shown in fig.
8.

If the trajectory of the grooves is seen to vary 
substantially from one length of the cylinder axis to the 
other, (e.g. one end of the cylinder surface is more 
heavily deformed than the other), then the prototype 
estimate can be updated along the cylinder axis, by 
examining the phase shift as before, but with windowed 
linescan segments. In practice, from surfaces scanned 
thus far, a single prototype is sufficient for segmenting 
individual grooves over the full cylinder length.

Figure 8: Trajectory estimation via examination of the 
phase angle at frequency ^ , for aU linescans around the 
cylinder circumference. Discontinuous phase estimate 

(top) and continuous, unwrapped phase estimate 
(bottom).

ooi<

— 0

3 -0.01

Following phase unwrapping, 0 is scaled in such a way 
that a phase shift of 2;ris equal to the distance . The 
vector is then rounded to the nearest integer value, so 
that the discrete surface data can be referenced. Figure 9 
shows the scaled, discretised prototype trajectory 
estimate P®, overlaid onto the surface.

Figure 9: Scaled trajectory estimation vector, overlaid 
onto 3-D surface plot.

AES 31st International Conference, London, UK, 2007 June 25-27



A. J Nasc6, et. al Signal processing methods for the recovery of audio from early acoustic cylinder recordings, measured via
non-contact optical sensor

It should be noted that the trajectory estimate P®, does 
not produce the final audio signal directly, but is used 
as a tool for segmenting the individual grooves. In order 
to create a coherent time series, the groove “seed”, 
(i.e. the position along the linescan at which a groove 
exists at 0°) must first be established. This is achieved 
by detecting local minimum regions of the grooved 
surface, at 0°.

Pq> is then used as a template for segmenting the surface 
into groove regions and provides a coarse 
approximation for the position of our displacement 
track, The prototype is positioned at each seed 
location and a new groove matrix G, , is formed from 
neighbouring points which surround P®. The 
neighbourhood is set to / 2, in order to avoid locating 
points belonging to adjacent grooves (see fig. 10).

The resultant Gt matrix is composed of rows that 
correspond to the groove cross-section, produced by the 
cutting stylus at time t.

O Groove seed P$±4/2

Figure 10: Obtaining the groove matrix, Gt

the selection of samples, and in doing so, seek to 
maximize the SNR of our displacement track It is 
possible to derive many estimates for ^(r), for example:

data streams across the groove cross-section 
(columns of GO
un-weighted/weighted sample averaging across 
the groove cross-section, 
stylus model, fitting based methods [2]. 
rule-based navigation through G*.

u.

in.
iv.

An example of how different estimates for ^(r) can 
produce different SNRs, based on estimate (i) was 
investigated for a Blue Amberol cylinder. The cylinder 
in question had a symmetric, ‘U-Shape profile’, thus the 
minimum point (or turning point), indexes the centre 
(medial axis) of the groove. The groove matrix G, was 
set so that its central column contained the minimum 
point for each groove cross-section. Three data streams 
were derived (shown diagrammatically in Figure 11):

• ^;(r): Mean of columns [-4, +4], fi-om central
column of G,

• ^2(r): Mean of colimms [-2, +2], fi-om central
column of G,

• ^j(i): The central column of G; (corresponding to
the minimum sample for all groove cross- 
sections)

G,

Time

Figure 11 : Comparing displacement signals as a 
function of the groove cross-section.

5.3 Audio Signal Estimation
Once Gt has been determined, one question arises : 
"Which region of the groove wiU return a displacement 
track with best signal-to-noise ratio?”. With 
conventional stylus transfer, this question is answered 
by tiying styli of different sizes/shapes and selecting the 
one which offers the best SNR. In the case of our 
discrete groove matrix Gt, we must achieve this through

The 10ms time histories in Figure 12 show how the 
apparent signal noise decreases as the groove bottom is 
approached. This trend can also be seen by the level of 
the noise floor, (assuming the noise lies nminly above 5 
kHz), shown in the Power Spectral Density plots in fig. 
13.
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Figure 12: 10ms time histories of displacement signals, 
as a function of the groove cross-section. (Y-axis 

amplitudes given in mm).

Figure 13 : PSD estimates for displacement signals 
and ^j(f) (FFT of 1 second duration).

remains the main focus for the signal processing 
required for audio extraction.

6 CONCLUSIONS

The resolution and sampling requirements for non- 
contact surface mapping of acoustic cylinder recordings 
have been discussed. A new method for estimating the 
groove trajectory based on sinusoidal modelling and 
examination of the relative phase shift between 
hnescans has been successfully implemented and 
described.

An example has been shown which demonstrates how 
the signal to noise ratio of our output signal may vary, 
depending on the choice of samples across the groove 
cross-section. The development of an optimal method 
for maximizing the SNR remains one of the key signal 
processing issues.

In order to help quantify the signal to noise ratio of the 
non- contact method, a cylinder recording has been is 
currently under test, which contains test tones and 
known reference signals.

Although the sound encoded on the earliest acoustic 
recordings may not be considered ‘high resolution’ by 
today’s standards, the sensing technology required for 
non-contact audio recovery must be capable of 
resolving submicron-scale groove modulations. This 
raises an interesting question of ‘what constitutes high 
resolution audio?’
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The method of choosing a single column of the G, 
matrix as the estimate for the recorded displacement 
signal is perhaps an oversimplified one. It does however 
demonstrate that one source of noise (which must be 
avoided) when estimating ^(t), can be generated by the 
transverse (side-to-side) selection of points across the 
groove cross-section, between adjacent time steps, ^(t) 
and ^(t+At).

An optimal estimate for obtaining the best signal to 
noise ratio has yet been concluded, and is likely to vary 
from cylinder to cylinder, depending the condition of 
the grooved surface. The answer may lie in some 
combination of estimates (ii-iv) as described above and
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Abstract

Non-contact optical sensors, combined with a raster scanning system, can be used in surface metrology applications, such as MEMS processing to 
build high-precision topological surface maps representing the surface profile. We compare three optical displacement sensors for the measurement 
of complex surfaces, focussing on eariy sound recordings and recommend sensor selection based on parameters, including measurement area, time 
and resolution.
© 2007 Elsevier B.V. All rights reserved.

Keywords: Non-contact metrology; Optical displacement sensor, Profilometer; Sound recovery

1. Introduction

The 3D measurement of complex surface topologies is impor­
tant in many fields, in diverse applications, such as tribology, 
profiling of optical components and MEMS processing. In many 
circumstances, it is desirable to use non-contact measurement 
processes to avoid potential surface damage or contamination of 
the surface resulting from the use of metrology instruments, such 
as a mechanical stylus profilometer. Atomic force microscopy 
provides extremely high spatial resolution [1], but is usually only 
practical for relatively small surfaee areas. For larger artefaets, 
optical displacement sensors are preferable. The single point 
measurement sensors can be combined with a raster scanning 
system to create a 3D topological map of the surface, composed 
of (x, y, z) data, whose resolution is dependent on the sensor’s 
axial resolution (z-axis) and the chosen resolution of the lateral 
sampling (x- andy-axis). The meaningful lateral resolution in the 
X- and y-axis directions is also limited by the lateral resolution 
of the sensor.

Different types of optical sensors are affected to varying 
degrees by surface reflectivity, surface inclination angle, spot 
size and axial resolution [2]. This paper describes a study of 
competing optical displacement sensors for applications where

Corresponding author Tel.: +44 23 80592339. 
E-mail address: boltiyk@soton.ac.uk (RJ. Boltiyk).

the sensor’s axial resolution is a fundamental parameter. The 
sensors that have been tested include a triangulation laser (TL), 
a confocal laser (CL) and confocal white light probe (WL). The 
operating principles of each sensor are briefly summarised, and 
then each sensor tested on representative media. Direct com­
parisons of measured surface profiles are performed using a 
reference cylinder machined with angular features. The sen­
sors are further evaluated for application in the measurement 
of early cylinder recordings as part of a process for the non- 
contact recovery of sound, where the key parameters of interest 
are sensor response, scan times and ability to resolve surface 
details for effective sound recovery.

2. Overview of sensing technologies

The triangulation principle is arguably the simplest sensing 
technology considered in this paper, but suffers from a number 
of crucial drawbacks which are discussed later. A laser source is 
directed onto the surface of the artefact, at a nominally normal 
angle to the surface profile. An off-axis lens collects the diffuse 
surface reflections and focuses the resultant beam onto a CCD 
array contained within the sensor head. The deflection in the 
position of the maximum intensity of this beam is representa­
tive of the displacement of the surface height. Unlike the CL 
and WL confocal sensors, where the reflected light used by the 
sensor uses the same transmission path as the incident beam.

3924-4247/$ — see &ont matter © 2007 Elsevier B.V. All rights reserved. 
loi;10.10I6/j.sna.2007.03.006
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the TL sensor requires unobstructed light transmission towards 
the ofi-axis lens and detectoc Under certain conditions, such as 
scanning adjacait to deep troughs with steep sides, the surface 
form can obstruct the light path to the detector, causing a shadow.

CL sensors use a continuous wave, red light (670 nm for the 
sensor used in this paper), laser source, which is Grst passed 
through a collimator lens to limit divergence of the beam. A 
lens focuses the light into a small spot on the surkce, whose 
reflection passes back through the focussing lens and is then 
diverted towards a pinhole using a beam splitter. The optics are 
arranged to ensure that the intensity of light received through 
the pinhole on a CCD d^ector is attenuated, if the surface is 
not within the focal point of the incident lighL The focussing 
lens is oscillated at high frequency in the axis of the light 
direction using a tuning fork arrangeiiKnt, such that the focal 
point for the light spot varies as a function of the instantaneous 
tuning fork position. Surface height is thus inferred by detect­
ing the lens's position at the point of maximum received light 
intensity, which is then cross-referenced to the calibrated height 
measurement.

The WL sensor operates on the confocal principle, whae 
polychromatic light is focussed onto the specimen's surface. 
Lens-induced chromatic aberration causes the light to be split 
into a continuous distribution by wavelength, whose individ­
ual focal points vary with wavelength. The resultant reflections 
are transmitted through the confocal system to a spectrome­
ter system via an optic hbre. The wavelength corresponding to 
the highest detected intensity is representative of the displace­
ment between sensor lens and the surface, which is calibrated 
to relate the wavelength to a given surface displacement (Le. 
height) value. Unlike the CL which operates using the oscillating 
objective lens, the WL sensor lacks moving optical components.

The three sensors presented in this study are commercial 
devices which have been specifically selected for this applica- 
tion.

3. Sensor parameters

Table 1 lists a series of parameters that characterise the 
performance of the three sensors selected here for use on com­
plex surface proGles. In this study, we specifically consider the 
measurement of mechanical cylinder recordings, whose surface 
features the sound-carrying groove. A cross-section through 
such a groove reveals a trough-like feature, with angular sides, 
typically a depth of up to 30 pm and a helical pitch of approxi­
mately 130 pm. Inchr^ in this table are parameters for a stylus

prohlometer equipped with a sapphire stylus, used in this study 
as a reference measurement system.

Since each sensor has a fmite spot size, a given measure­
ment results from an averaging process of contributions from 
throughout the light spot. In addition, due to the number of sam­
ples required for the surface scans, it is impractical for the stages 
to stop at each raster point so the displacement measurement is 
triggered for a finite period of time as the sensor moves past the 
required grid position. The surface area addressed by the sensor 
during a single measurement is therefore, elongated through the 
stage's movement. To accurately resolve troughs, it is necessary 
for the spot size to be suffciently small As shown later, the large 
spot size of the TL sensor limits the ability of the TL sensor to 
successfully measure the sound-carrying grooves of a typical 
cylinder.

For this application, the sample frequency has the strongest 
influence on how quickly a surface may be measured. Whilst 
the CL sensor has a higher sample rate than the WL saisor, to 
achieve reasonable surface profles on these artefacts requires 
implementation of the in-built averaging process. The CL sen­
sor's output measurement is obtained by selecting the avaage of 
2, 16 or 128 consecutive measurements, which, operating with 
the 1.4 kHz internal sample rate requires an effective data acqui­
sition rate of r^proximately 454, 82 and 11 Hz, respectively. 
Tests using the CL sensor on r^resentadve test surfaces show 
that the most appropriate setting is 16 averaged measurements, 
as a compromise between maximising the scan rate and main­
taining measurement quality. Whilst measurements using the 
2-measurement average permit signif cantly faster scan rates, the 
surface profiles (Attained tend to be unexpectedly irregular, based 
on a pHon knowledge of the surface form. In contrast, whilst the 
WL sensor permits use of averaging consecutive measurements, 
the point-to-point measurement quali^ for single value opera­
tion is found to be robust for the surface profiles found on typical 
mechanical sound recordings and the requirement to reduce scan 
time makes averaging less attractive. As shown later; the conse­
quence of this choice can result in data-loss on steepa^ inclines 
when compared with the averaged CL sensor prohles. However, 
for the sound recovery application described later in this pap«^, 
the sides of the groove are arguably less important than robustly 
measuring the form of the groove bottoms, meaning the data-loss 
is not necessarily problematic.

Gauge range defines the range of surface heights over which 
the sensor will operate. As shown in the next section, the reduced 
gauge range of the WL compared with the two laser sensors 
results in data-loss when measming the deepest features in a

Comparison of optical sensors plus reference stylus profilometer

Sensor Spot size (pm) Samqde frequeocy (Hz) Gtutge range (mm) Axial resolution (nm) Angular tolerance (°)
WL 7 1000 0.35 10 27
CL 2 1400 0.6 100 17
TL 30 2000 10 1000 17

Sensor Stylus size (pm) Laieml measuiemeoi gnd spacing (pm) Gauge range (mm) Axial resohition (nm) N/A
Stylus 10 N/A
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reference cylinder. Furthermore, this also represents a problem 
for typical cylinder mechanical recordings, where experience 
shows that the macroscopic surface form can vary more than 
the WL sensor’s maximum range. Whilst surface tracking can 
keep the sensor within range of the surface, it is desirable to 
minimise adjustments, both to reduce scan times and also to 
limit uncertainties in motion stage positioning affecting surface 
profile measurements.

The ability of the sensors to measure on inclined surfaces is 
defined by the limit of angular tolerance. The WL sensor used for 
this work had the highest available angular tolerance, although 
it will be observed that out of the three sensors used in this study, 
the WL sensor was affected most by the angular nature of the 
surface features encountered.

4. Sensor comparison using machined reference 
cylinder

Sensor measurement quality was initially assessed with a 
steel reference cylinder (Fig. 1), machined with a series of fea­
tures designed to test the sensors’ performance on both generic 
angular surfaces and grooves reminiscent of the sound-carrying 
grooves found on mechanical sound recordings.

The cylinder’s external diameter was ground to achieve a high 
level of concentricity, into which a set of grooved rings were

Fig. 1. One end of reference cylinder, mounted between conical centres on 
scanning mandrel. From left to right: location cross hair can be seen on the left- 
hand end, five diamond machined rings plunged to 30 pm depth, one diamond 
machined ring plunged to 150 pm depth and four angled grooves machined 
using custom-ground tool steel blanks.

machined using HSS tool steel blanks, ground such that the cut 
grooves have sides angled at approximately 15°, 20°, 25°, 30° 
and 45° to a plane tangential to the cylinder surface. The size of 
these grooves is an order of magnitude larger than those found 
on mechanical recordings and are designed to test the sensor’s 
ability to measure inclined surfaces. The cylinder’s orientation 
is identified using a pair of machined cross hairs at each end 
of the cylinder, which enables measurements to be taken along 
the same line for direct comparison. The cylinder also features 
a set of five 30 (jrm-deep rings and a single 150 jim-deep ring, 
all of which were machined using a custom ground diamond 
tipped tool. The designed profile of the diamond tip matches 
the specification for Edison-manufactured recording styli, as a 
formal test for the sensors operating on grooves similar to those 
found on mechanical sound recordings.

4.1. Results on the deeper, HSS steel cut grooves

Fig. 2 compares the profiles of the larger features machined 
into the cylinder, as measured by the three optical non-contact 
sensors, with the measured profile obtained using a mechanical 
stylus profilometer (bottom axis), equipped with a 2 p-m sapphire 
stylus. As discussed in the previous section, when using the TL 
sensor, the scanning system operates at an effective data acquisi­
tion rate of 2 kHz, whilst data are acquired at 82 Hz and 1 (XX) Hz 
when using the CL and WL sensors, respectively. The WL sen­
sor is shown to lose data on the steeper features (A) and the loss 
of measured data at the bottom of the two deepest grooves (B) 
demonstrate the lower gauge range of this sensor. In contrast 
with their larger gauge ranges, both laser displacement sensors 
are successful in measuring the height ranges of all features, 
and are generally better able to operate on the inclined sur­
faces, although for the case of the CL sensor, this may be partly 
explained by the averaging of 16 consecutive measurements.

The measured profiles for the fifth groove from the left 
(groove with approximately 45° angled sides) are plotted in 
Fig. 3. In this plot, all three optical displacement sensor profiles 
are compared with the measurement obtained using a stylus pro­
filometer. Each dataset plotted here has a linear trend removed 
using a least squares fit, which compensates for the offsets 
introduced by misalignment between the scanning axis and the 
surface. The bottom of this groove does not form a perfect ‘V’ 
groove, caused by tool chatter during the machining process 
of this deep cut, and therefore, features an undulating surface 
form.

The TL sensor’s profile is subject to the highest apparent sur­
face roughness, which is particularly evident at the top of the 
groove. Considering the level of surface roughness indicated 
by the stylus profilometer and CL and WL sensors at the outer 
diameter’s ground surface, it is reasonable to assume that the TL 
sensor’s higher profile irregularity is the result of higher point- 
to-point uncertainty affecting the measurements, rather than it 
being a genuine surface roughness feature. Where the surface 
genuinely exhibits high levels of surface irregularity, such as the 
plateau at the bottom of the inclined surfaces, the TL sensor pro­
file closely resembles the profiles obtained using the CL sensor 
and stylus profilometer.
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Deeper grooves - TL sensor

Distance along linescan. mm

Kg. 2. Cioss-section of deeper grooves, measured using TL, CL and WL sensors, respectively, compared with bottom graph which plots the profile obtained using 
mechanical stylus profilometer instrument Features firom left to right 15°, 20°, 25°, 30° and 45°angted grooves to varying depths and 150 p,m deep diamond-cut 
groove (y-axis exaggerated and least squares component removed). For the optical displacement sensors, the effective data acquisition rate achieved by the scanning 
system (and therefore, the speed of the scanning stages) is dependent on each sensor’s selected averaging function and sampling ftequency. When using the WL, 
CL and TL sensors, the scanning system can successfully acquire data at 1 kHz, 82 Hz and 2 kHz, respectively. However, whilst the TL can achieve the highest data 
rates, it is apparent from this figure that the measured profiles are unexpectedly irregular when compared with the alternative sensor profiles, suggesting that there is 
a compromise between measurement quality and speed of measurement

Fig. 3. Plots of the deeper 45° groove (fifth angular feature) as measured by the 
three optical sensors and compared with the stylus profilometer (bottom trace). 
For clarity, the y-axis offsets have been adjusted, the linear trend removed using 
least squares and the y-axis scaling is exaggerated. In common with Fig. 2, the 
scanning system was acquiring data at 1 kHz, 82 Hz and 2 kHz when using the 
WL, CL and TL sensors, respectively.

Of particular interest in this plot is the loss of data for the 
WL profile. One cause of data-loss in this case is that the depth 
of the groove exceeds the WL sensor’s gauge range, resulting in 
loss of measurement in the regions labelled (B) for parts of the 
groove whose depth exceeds 350 |xm below the cylinder’s nom­
inal outer diameter surface. Loss of data is also observed within 
the sensor’s gauge range (for example, in the region labelled (A) 
of the linescan, where the depth of the groove surface is between 
150 and 250 pum), which is attributed to angular tolerance of the 
WL sensor. Operating with a single measurement value (rather 
than averaged measurements as chosen for the CL sensor), it is 
likely that the intensity of the reflected light from the steeply 
inclined groove walls was too weak for a measurement to be 
taken.

The measured output from the displacement sensors can be 
viewed as the combination of the true surface profile plus an error 
component that is related to the point-to-point uncertainty intro­
duced by each sensor. If each sensor measures the same region 
on the reference cylinder, then the indicated surface irregular­
ity can be used as a metric to characterise the point-to-point 
uncertainty affecting each sensor. We define the indicated sur­
face irregularity as the standard deviation of the measurements 
of a given region for each of the profiles, using N discrete height
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measurements z, as shown in Eq. (1).

8 =
\ (1)

n—1

In the cylinder measurement system, the sensor is located 
at a known stand-off distance from the surface so the height 
measurements z are provided by the displacement measure­
ments to the surface. Whilst the calculated standard deviation 
of the measurement values can only be used as a guide, as the 
differing spot size and scan speeds between the different sen­
sors results in a different averaged area that is represented by 
each measurement point (lateral resolution), which has bear­
ing on the calculated roughness [3], it is nonetheless a useful 
numerical comparison of the sensor’s measured profile, as it can 
provide an indication the sensor point-to-point uncertainty on 
an identical test surface. An appropriate region for this study 
is the ground external surface of the cylinder, between the first 
and second angular feature (refeixing to Fig. 2, in the region 
labelled (C) along the hnescan axis). Using data, where the least 
squares linear coefficient has been removed makes this calcula­
tion robust to significant macroscopic surface details influencing 
the S figure. Note, however, that whilst the sampling resolution 
between measurement points on the optical sensors was a con­
stant 5 p,m, the stylus profilometer resolution was 1 p,m, making 
it difficult to directly compare the S figures for the mechanical

system with any of the optical sensors. The resulting S values 
are 3.67, 0.631, 0.428 and 0.365 p,m for the TL, CL, WL and 
stylus profilometer, respectively. Considering the optical sen­
sors, the TL sensor is characterised by a 3 value that is roughly 
five and eight times larger than the CL and WL sensors, respec­
tively. This large S value is directly related to the TL sensor’s 
higher point-to-point measurement uncertainty and suggests that 
caution should be used in using this sensing technology for sur­
face roughness measurements as it could provide misleading 
results.

4.2. Measurements of 30 nm deep diamond-cut rings

Measured profiles of the five shallow-cut grooves replicating 
the sound-carrying grooves found on cylinder recordings are 
plotted in Fig. 4. Of particular note is the missing data on two of 
the groove profiles for the WL sensor near the regions labelled 
(A), where it is likely that the angle of the groove edge is too 
large for the sensor to return a reading. The CL sensor appears 
to suggest a slightly higher surface roughness on the ground 
outside diameter of the cylinder, whilst the TL sensor is shown 
to exhibit large point-to-point measurement variability.

In summary, results from measuring the reference cylinder 
suggest that there is a compromise between measurement noise 
and gauge range. The following section describes application 
of the sensors to the measurement of a mass-produced Edison

Diamond-cut grooves - TL sensor

Diamond-cut grooves - stylus profilometer

Distance along linescan, mm

Fig. 4. Top three axis show cross-sections of five 30 |xm-deep diamond-cut grooves measured using TL, CL, WL sensors, respectively, again compared with the 
stylus profilometer (bottom axis). In all cases, y-axis scaling is exaggerated and least squares fit removed for clarity. Referring to Section 3 and Fig. 2, the scanning 
system was able to acquire data at 1 kHz, 82 Hz and 2 kHz wtien using the WL, CL and TL sensors, respectively.



P.J. Boltryk et al. / Sensors and Actuators A 142 (2008) 2-11

cylinder recording, where sensor resolution is highlighted as a 
fundamental criterion for sensor selection.

5. Application to mechanical cylinder recordings

5.1. Cylinder measurement systems

The development of optical measurement systems for cylin­
der recordings has been the subject of much research in recent 
years, primarily for the purposes of art preservation and provid­
ing public access to rare music collections. Systems developed 
by the Institute for Information Recording Problems m the 
Ukraine [4,5], Syracuse University [6] and Hokkaido Univer­
sity group in Japan [7-10] have been developed to measure the 
sound track profile only and not the recording surface in its 
entirety. The philosophy behind these measurement systems is 
for sound reproduction only and not for purposes of surface 
preservation. Furthermore, the non-contactmg methods require 
a tracking system which must be accurate at time of measure­
ment. This means that tracking groove features in situ, often 
results in unsatisfactory sound recovery, due to the nature of 
damage and deformation of the cylinder surface.

5.2. 2D measurement systems

An alternative measurement approach (and one which is most 
suitable for sound reproduction from damaged surfaces), is to 
measure the entire recorded surface, and apply image and sig­
nal processing, post-measurement. Other research groups, such 
as Refs. [11-15] have developed 2D imaging systems for flat 
disc recordings. The sound encoded in these disc recordings is 
held m the lateral (side-to-side) undulations of the grooves. The 
entire disc surface may be imaged via video zoom microscope 
[12], high-resolution flat-bed scanner [13] or by high-resolution 
photography [11,14,15]. Once the surface has been measured, 
edge detection and feature extraction may be applied to locate 
the grooves and acquire the audio data. The advantage of 
post-processmg the measured data is that any scratches or defor­
mation of the grooves may be treated, post-measurement in the 
computer. These 2D methods are intended for flat disc record­
ings only. For cylinders, the measurement system must operate

Fig. 5. Mandrel-mounted cylinder and WL sensor mounted on x-y translation 
stages. Linear stages are used to move the sensor platform in a linescan direction 
and to advance the sensor platform to the required stand-off distance, in the 
radial direction. The rotary stage increments the cylinder in the angular direction 
between linescans.

in 3D, because the sound is encoded as vertical modulations, 
which therefore, requires measurement of the depth of the sound- 
carrying groove.

5.3. 3D measurement system

Research carried out in collaboration with Berkeley Labora­
tories and Taicaan Technologies has resulted in the development 
of a 3D measurement system (Fig. 5) for cylinder recordings 
[16]. A linear stage traverses the sensor platform in a linescan 
along the axis of the cylinder, which is mounted on a rotary 
stage, and allows rotation of the cylinder after every linescan 
to a resolution of 0.01°. For the mass-produced Edison cylin­
der shown in Fig. 5, this angular resolution equates to sampling 
the sound track at 96 kHz, which is chosen to provide redun­
dancy in the data, and to allow for spatial filtermg without 
reducing the audio bandwidth. An additional linear stage is 
used to advance the sensor platform to the sensor’s required 
stand-off distance from the cylinder surface, in the radial 
direction.

The resulting surface map (Fig. 6) represents the radial height 
profile of the unwrapped cylinder surface, which is first analyzed 
to locate the groove trajectories. A continuous stylus displace-

(a) Short section of cylinder profile, full 360® (b) View of 10® section of cylinder grooves

rotation angle (deg)
12.5

distance along linescan 
axis, mm

12-2 12.4 12.6 12.8 13 13.2 13.4
distance along linescan axis, mm

Fig. 6. GrafA (a) plots radial height of cylinder surface and plot (b) zooms on 10^ angular segment of surface: the ungrooved end of the cylinder can be clearly 
observed, together with the first 10 sound-carrying grooves. Surface measurements are provided by the WL sensor.
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ment signal can thus be inferred by joining the grooves into a 
coherent time series. The audio signal is calculated by differen­
tiating the displacement signal.

5.4. Sound-carrying groove measurement

The three optical sensors were further compared by measur­
ing the same 10 mm length of a mass-produced Blue Amberol 
Edison cylinder recording, comparing the resulting surface pro­
files and recovering the audio signal. Whilst Blue Amberol 
cylinders are not generally considered to be precious, the use 
of such a cylinder as a test artefact may be viewed as a conser­
vative choice, as shrinkage and deformation over time is worse 
than for alternative types of cylinder recordings. The resulting 
non-concentricity in Blue Amberol cylinders, thus, places higher 
demands on the chosen sensor and the raster scanning system, 
to ensure the sensor remains within its range.

Apart from subjective assessment of the resulting sound qual­
ity, analysis of the amplitude spectra for the derived stylus 
trajectory demonstrates that a surprisingly high resolution is 
required for this application.

5.5. Measured surface form comparison

In common with the reference cylinder results, the appli­
cation of the optical sensors to a genuine cylinder recording 
demonstrates that the TL sensor suffers high levels of surface 
irregularity. Referring to Fig. 7, the TL measured surface is 
extremely irregular (compared with the results for the CL and 
WL sensor), and inspection of the groove cross-sections demon­
strates that the TL fails to resolve the groove profiles in many 
instances making it unsuitable for use in the sound recovery sys­
tem. Given that the pitch of the Blue Amberol cylinder’s grooves 
is 130 p,m, and the spot size of the TL sensor is 30 p.m, it is per­
haps unsurprising that the TL sensor is generally unsuccessful 
at properly resolving groove details.

Comparing the CL and WL data, it is apparent that the mea­
sured grooves are slightly smoother for the WL data, and the tops 
of the grooves more rounded. An interesting observation is that, 
unlike for the reference cylinder, the WL does not generally suf­
fer data-loss for the steepest parts of the groove cross-sections. 
This might be explained by the fact that reflections from the steel 
reference cylinder are predominately specular, whilst the cellu-

TL surface profile • Blue Amberol Cylinder

0.2 0.4 0.6 0.9 \
Distance along linescan, mm

Fig. 7. Comparison of measured surface profiles, for identical region on Blue Amberol cylinder surface, measured using three optical displacement sensors. Right- 
hand set of axes fAot linescan profiles across groove structure at 0.2'^ angular inclement for each sensor. Again, data acquisition rate was dependent on the sensor, 
with the scanning system acquiring data at 1 kHz. 82 Hz and 2 kHz when using the WL, CL and TL sensors, respectively.
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Fig. 8. FFT analysis of 2.5 sexceipt recovered from a Blue Amberol cylinder by the WL sensor. The inset plot provides a zoomed view of important vocal content in 
2.5—3.2 kHz range. The observed displacement amplitudes in this frequency range demonstrate that there are important spectral components whose amplitudes 

are sub 50 nm.

lose material used in the Blue Amberol cylinder may produce a 
combination of diffuse and specular reflections due to its dielec­
tric surface properties, resulting in higher intensity confocal 
reflections at these steeper angles.

5.6. Scan time

For archival feasibility, a short scan time is craciaL This rep­
resents a non-trivial problem since a 4 min-long Edison cylinder 
(approximately 92 mm length of recorded surface), with spatial 
sampling of 10 pum and 0.01° in the linescan and radial direc­
tions, respectively, requires in excess of 300 million data points. 
Scan times are directly related to the sensor sample frequencies, 
so it is not surprising that the CL sensor, when operating with 16 
averages (82 Hz) takes 160 h to complete the 10 mm section, the 
WL sensor takes 81 h, whilst the TL sensor operating at 2 kHz 
takes 19.5 h.

5.7. Cylindernon-concentricity

Typical Edison cylinders are non-concentric, due to manu­
facturing processes and factors, such as shrinkage and creep 
caused by long-term storage. Tests on the Blue Amberol artefact 
demonstrate that the height variation along any given linescan 
can exceed the stated gauge range of the WL sensor, so the WL 
sensor therefore, requires surface tracking to remain within the 
range. Larger gauge ranges can be achieved using combinations 
of lens components in the optical head, but at the expense of 
axial resolution. In the following section, it is observed that this 
system requires extremely high axial resolution, so it is unlikely 
that a reduction in axial resolution to improve gauge range is 
tolerable.

5.8. Recovered modulation signal

Fig. 8 plots FFT analysis for a quiet (i.e. smaller displace­
ment amplitude) 2.5 s excerpt from an early twentieth century 
Blue Amberol cylinder, recovered using the WL sensor. The

audio signal contains male vocals, accompanied by a series 
of instramentalists. The spectral content in the 2.4-3.2 kHz 
range correspond to some spectral components of the vocals 
(high frequency speech content of the singing, such as sylla­
bles). Referring to the inset plot on this figure, which zooms 
in on the amplitude spectra in this range, there are significant 
spectral components whose amplitude spectra are sub 50 nm, 
suggesting that at least 20-30 nm resolution is required to mea­
sure the displacement modulations for this particular recording. 
This displacement amplitude figure is comparable with electron 
microscopy smdies of flat disc recordings [17], where typi­
cal amplitude modulations can be a few millionths of an inch 
(25-75 nm).

Fig. 9 compares the spectrograms of the recovered sound 
signal, for both the WL and CL sensors for identical excerpts 
from the same cylinder. It is clear from this analysis that the audio 
signal recovered by the WL sensor exhibits a less pronounced 
broadband noise component than the CL sensor, suggesting that 
the WL sensor provides the sound recovery system with a higher 
signal to noise ratio. This can be observed in Fig. 9 by comparing 
the ellipse regions (D) and (E), which correspond to a moment 
of silence in the original sound track. The audio signal recovered 
using the CL sensor (D) has a much higher broadband spectral 
power content, across the whole bandwidth, than the equivalent 
WL signal (E).

5.9. Audio assessment

Qualitative comparison of the audio signals recovered by the 
WL and CL sensors suggest that the WL sensor reproduces the 
highest quality sound field. Whilst our results suggest that the 
CL is capable of resolving the groove profile, the WL’s superior 
resolution appears to make the WL sensing technology more 
attractive, as also highlighted by the higher signal to noise ratio 
in Fig. 9 (compare, for example, the regions in (F) and (G), where 
the tonal content of the music is more pronounced against the 
background broadband noise for the WL when compared with 
the CL sensor signal).
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CL sensor: spectrogram for excerpt of audio data
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Fig. 9. Comparison of CL and WL spectrograms for 2 s audio exceipL Note the stronger broadband noise component that affects the CL spectrogram. Despite the 
high effective sampling frequency (96 kHz), for clarity, these spectrogram axes are limited to the bandwidth of interest for early mechanical recordings, where an 
estimate of the bandwidth is up to 6 kHz. The prominent modulating frequency signals result from vibrato in the vocalist’s style.

6. Discussion

This study compares three different types of optical dis­
placement sensors for measuring complex surface forms, with 
particular application to artefacts with micron-scale grooved 
structures. Referring to Table 1, the WL sensor is more lim­
ited in its gauge range than the other two sensors, which is 
observed in practice by the loss of data at the bottom of the 
deeper HSS-machined grooves on the reference cylinder. In the 
sound recovery application described in this paper, extremely 
high spatial resolution scanning is required, over a relatively 
large area. Maximising the scanning system’s data acquisition 
rates is therefore, vitally important, the limit of which is depen­
dent on the sensor used. Referring to Table 2, data acquisition 
rates using the TL sensor are significantly higher than the two 
confocal sensors, but this study has demonstrated that the data 
from the TL sensor has neither the resolution nor the accuracy 
required for the recovery of sound from the cylinders. Empiri­
cally, to resolve the groove structure requires the CL to operate 
at 82 Hz, whilst the WL sensor is able to operate at its highest 
sampling rate of 1 kHz. In terms of scan times, the WL sensor is

Table 2
Summaiy of sensor sampling frequency, the number of measurements averaged 
for an output reading to successfully measure the surface of the cylinder artefacts 
and the scanning system’s effective data acquisition rate

Sensor Sampling 
frequency (Hz)

Averages Effective data 
acquisition rate (Hz)

WL 1000 1 1000
CL 1400 16 82
TL 2000 1 2000

therefore preferable, for the surface contours measured as part 
of this study.

Given the higher angular tolerance of the WL sensor, it is 
perhaps surprising at first sight that it was affected most by the 
steepest angular features found on the steel reference cylinder. 
Considering first, the CL and WL sensor performances, the pro­
posed explanation for this discrepancy lies in the use of the 
CL’s in-built averaging option used to ensure that the CL pro­
files accurately represent the cylinder recording groove profiles. 
For the case of the WL, no such averaging was necessary as the 
measured sound-carrying grooves were already highly represen­
tative of the actual groove profiles. It is envisaged that the use 
of averaging for the WL sensor would overcome the infrequent 
loss of data observed for steep sided features on metallic sur­
faces. The robusmess of the WL sensor may also be improved on 
inclined surfaces by use of a lower sampling frequency, which 
permits its in-built spectrometer to receive a higher quantity of 
reflected light. However, this solution is at the expense of longer 
scan times, and since typical surfaces on the non-metallic Blue 
Amberol cylinders do not appear to present a problem for the 
WL sensor, this is an unnecessary process to implement.

A possible reason why the TL sensor was able to return mea­
surements more consistently than the WL sensor on the steeply 
inclined surfaces of the reference cylinder is that the TL has a 
significantly larger spot size, increasing the likelihood of surface 
roughness feamres causing strong specular reflections.

7. Conclusions

Selection of non-contact displacement sensors for measure­
ment of complex surface forms application is shown to be a
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range, sensor noise and required resolution.

Three compedng sensing technologies have been compared 
both on inclined surfaces, on shallow diamond-cut grooves and 
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for applications, where large surface areas are to be measured. 
However, for applications, where the height of the surface's 
macroscopic form varies considerably, the limited gauge range 
of the WL sensor may require the sensor stand-off distance to 
be adjusted to keep the sensor focus point within range.
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