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Loupe – A iOS app that raises awareness about what native apps can see

github.com · 493 points · Discussion


  [image: Loupe]



Loupe is an iOS and iPadOS app that gives you a hands-on tour of the device fingerprinting surface. It reads real values from public iOS APIs, the same ones any third-party app can call, and shows them to you raw. The point is simple: see what your iPhone quietly exposes, and why each reading helps an app recognize you again.

Trackers don't need your name, email, or location to recognize you online. Each reading isn't necessarily unique on its own, but together they form a fingerprint that follows you across apps and websites.


  



  [image: Loupe screenshot showing the passive signal category]
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How signals are organized


Loupe groups every reading into three tiers, reflecting the cost of access:


	Passive — visible to any app with no prompt at all (locale, time zone, screen, battery, and more).

	Needs Permission — readings that trigger an iOS prompt (contacts, photos, location, calendars).

	Advanced — clever side-channel uses of public APIs, such as URL-scheme probing via canOpenURL and Keychain persistence across reinstalls.




Privacy


Nothing Loupe reads leaves your device unless you explicitly export it. Values are shown raw, without aggregation or hashing. Nothing is uploaded, synced, or shared.


A note on how this was built


Loupe was written almost entirely by AI coding tools.


Building


You'll need Xcode 26 or newer.


	Open code/Loupe.xcodeproj.

	Copy code/Config/Signing.local.xcconfig.example to code/Config/Signing.local.xcconfig and fill in your own DEVELOPMENT_TEAM and bundle identifiers. This file is gitignored and never published.

	Build and run on a device or simulator.



The project uses Xcode's buildable folders (folder references), so new Swift files are picked up automatically with no need to edit the project file.


macOS


Loupe also builds for macOS. The Mac version is mostly complete, but a few things still need work before it's polished.


Support the project


Loupe is free and open source. If it helped you see what apps can quietly learn about your device, the best way to support more work like this is to try Psylo, our privacy-first browser for iPhone and iPad. Psylo gives you proxy-backed browsing, isolated tabs, and anti-fingerprinting protections.

You can also read why we built Psylo.


License


The source code is released under the MIT License.

The Loupe name and logo, the app icon, all other images and icons, and the design source files are © Mysk, all rights reserved, and are not covered by the MIT license.


About


Loupe is made by Mysk.


	Website

	Blog

	X

	Mastodon







Original: https://github.com/mysk-research/loupe · Discussion
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Beyond All Reason (Free Total Annihilation Inspired RTS)

beyondallreason.info · 375 points · Discussion


Real-Time Strategy
Redefined
Every unit, projectile and explosion simulated in real-time


Unmatched
Scale & realism
All units and projectiles are simulated in real-time. The game offers fully simulated projectile ballistics, explosion physics and terrain deformation.
Enjoy an immersive RTS experience, whether you are commanding individual units, or armies of thousands. Take control as you engage in an epic struggle for domination!

ScreenshotsGameplay




Strategic
Importance of terrain
The shape of every battlefield in-game imposes which strategies work and which units are effective. No two maps will play the same. Radar cannot penetrate mountains and nuclear warfare will physically alter the terrain.
Utilize over 10 different unit classes, including all-terrain Experimental units, to work your way to victory.

Learn how to Play


Countless
World-class controls
Your power lies in the careful balance of exponentially growing your resource income and the production of devastating war machines.
You decide if you want to disarm your enemies with a few precise early strikes or to build a thousand bombers and obliterate them.
Immerse yourself in a violent world where tactical and strategical supremacy are needed in your fight towards victory.

Commands Overview




Relentless game design
Unique and with a purpose
Each and every unit in the game has a role to fill. Mix-and-match units to create infinite possible tactics. Experiment with your own combinations and show off the new strategies you develop in battle.
‍

Compare Units





Original: https://www.beyondallreason.info · Discussion
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Identity verification on Claude

support.claude.com · 365 points · Discussion

https://old.reddit.com/r/ClaudeAI/comments/1ubm53n/official_...

Original: https://support.claude.com/en/articles/14328960-identity-verification-on-claude · Discussion
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Prefer duplication over the wrong abstraction (2016)

sandimetz.com · 355 points · Discussion

I originally wrote the following for my Chainline Newsletter, but I continue to get tweets about this idea, so I'm re-publishing the article here on my blog.  This version has been lightly edited.



I've been thinking about the consequences of the "wrong abstraction."  My RailsConf 2014 "all the little things" talk included a section where I asserted:


duplication is far cheaper than the wrong abstraction



And in the summary, I went on to advise:


prefer duplication over the wrong abstraction



This small section of a much bigger talk invoked a surprisingly strong reaction. A few folks suggested that I had lost my mind, but many more expressed sentiments along the lines of:

This, a million times this! "@BonzoESC: "Duplication is far cheaper than the wrong abstraction" @sandimetz @rbonales pic.twitter.com/3qMI0waqWb"
— 41 shades of blue (@pims) March 7, 2014



The strength of the reaction made me realize just how widespread and intractable the "wrong abstraction" problem is.  I started asking questions and came to see the following pattern:


	Programmer A sees duplication.



	Programmer A extracts duplication and gives it a name.  

 This creates a new abstraction.  It could be a new method, or perhaps even a new class.  



	Programmer A replaces the duplication with the new abstraction.  

 Ah, the code is perfect.  Programmer A trots happily away.



	Time passes.



	A new requirement appears for which the current abstraction is almost perfect.



	Programmer B gets tasked to implement this requirement.  

 Programmer B feels honor-bound to retain the existing abstraction, but since isn't exactly the same for every case, they alter the code to take a parameter, and then add logic to conditionally do the right thing based on the value of that parameter.

 What was once a universal abstraction now behaves differently for different cases.



	Another new requirement arrives.
Programmer X.
Another additional parameter.
Another new conditional.
Loop until code becomes incomprehensible.



	You appear in the story about here, and your life takes a dramatic turn for the worse.





Existing code exerts a powerful influence.  Its very presence argues that it is both correct and necessary.  We know that code represents effort expended, and we are very motivated to preserve the value of this effort.  And, unfortunately, the sad truth is that the more complicated and incomprehensible the code, i.e. the deeper the investment in creating it, the more we feel pressure to retain it (the "sunk cost fallacy").  It's as if our unconscious tell us "Goodness, that's so confusing, it must have taken ages to get right.  Surely it's really, really important.  It would be a sin to let all that effort go to waste."

When you appear in this story in step 8 above, this pressure may compel you to proceed forward, that is, to implement the new requirement by changing the existing code.  Attempting to do so, however, is brutal.  The code no longer represents a single, common abstraction, but has instead become a condition-laden procedure which interleaves a number of vaguely associated ideas.  It is hard to understand and easy to break.

If you find yourself in this situation, resist being driven by sunk costs.  When dealing with the wrong abstraction, the fastest way forward is back.  Do the following:


	Re-introduce duplication by inlining the abstracted code back into every caller.

	Within each caller, use the parameters being passed to determine the subset of the inlined code that this specific caller executes.

	Delete the bits that aren't needed for this particular caller.



This removes both the abstraction and the conditionals, and reduces each caller to only the code it needs.  When you rewind decisions in this way, it's common to find that although each caller ostensibly invoked a shared abstraction, the code they were running was fairly unique.  Once you completely remove the old abstraction you can start anew, re-isolating duplication and re-extracting abstractions.

I've seen problems where folks were trying valiantly to move forward with the wrong abstraction, but having very little success.  Adding new features was incredibly hard, and each success further complicated the code, which made adding the next feature even harder.  When they altered their point of view from "I must preserve our investment in this code" to "This code made sense for a while, but perhaps we've learned all we can from it," and gave themselves permission to re-think their abstractions in light of current requirements, everything got easier.  Once they inlined the code, the path forward became obvious, and adding new features become faster and easier.

The moral of this story?  Don't get trapped by the sunk cost fallacy.  If you find yourself passing parameters and adding conditional paths through shared code, the abstraction is incorrect.  It may have been right to begin with, but that day has passed.  Once an abstraction is proved wrong the best strategy is to re-introduce duplication and let it show you what's right.  Although it occasionally makes sense to accumulate a few conditionals to gain insight into what's going on, you'll suffer less pain if you abandon the wrong abstraction sooner rather than later.  

When the abstraction is wrong, the fastest way forward is back.  This is not retreat, it's advance in a better direction.  Do it.  You'll improve your own life, and the lives of all who follow.

News: 99 Bottles of OOP in JS, PHP, and Ruby!

The 2nd Edition of 99 Bottles of OOP has been released!

The 2nd Edition contains 3 new chapters and is about 50% longer than the 1st. Also, because 99 Bottles of OOP is about object-oriented design in general rather than any specific language, this time around we created separate books that are technically identical, but use different programming languages for the examples.

99 Bottles of OOP is currently available in Ruby, JavaScript, and PHP versions, and beer and milk beverages. It's delivered in epub, kepub, mobi and pdf formats. This results in six different books and (3x2x4) 24 possible downloads; all unique, yet still the same. One purchase gives you rights to download any or all.






Original: https://sandimetz.com/blog/2016/1/20/the-wrong-abstraction · Discussion
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Slow breathing modulates brain function and risk behavior

cell.com · 355 points · Discussion

Full text couldn't be fetched for this one (paywall, anti-bot, or not an article page). Read it via the links below.

Original: https://www.cell.com/neuron/fulltext/S0896-6273(26)00339-9 · Discussion
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The brain was not designed for this much bad news

sciencedaily.com · 339 points · Discussion

During several recent conversations, people have told me that they’ve  stopped checking their phones in the morning. Not because nothing was  happening, but because everything was. They described the feeling as  standing under a waterfall of perpetual bad news.

This experience is far from an isolated one. According to Reuters Institute’s 2025 Digital News Report, 69 percent of Canadians at least occasionally avoid the news now.

Globally, 40 percent report  they at least sometimes or often do the same, the highest figure ever  recorded. People shared consistent reasons for this: the news put them  in a bad mood, they felt overwhelmed and powerless to act.

As a researcher in developmental psychology, focusing on social  development and psychological well-being, I argue that news fatigue is  not laziness, weakness or a generational decline in civic interest. It’s  the predictable response of a human brain meeting an environment it was  never designed to navigate.
Wired for bad news
Long before smartphones or even the printing press, our cognitive  architecture was shaped by a single problem: stay alive long enough to  reproduce. Our ancestors whose attention drifted past the rustle in the  grass left fewer descendants than those who froze, looked and listened.

The brain that paid attention to threats was the brain that survived.

This is the foundation of what psychologists call the negativity bias,  one of the most replicated findings in cognitive science. Across  decades of research, the human mind has been shown to weigh negative  information more heavily than positive, attend to it faster and remember  it longer.



A predator nearby mattered more than a beautiful sunset. The cost of  missing a real threat was death, while the cost of overreacting was a  few minutes of wasted vigilance. The asymmetry made this bias adaptive.

Here is the problem: the human brain has not changed since then. We  are the same species as we were thousands of years ago. What’s changed  is the size of the world it’s asked to scan for threats.
Scanning the whole world
For most of human history, the threats our nervous system processed  were local. A neighbouring tribe. A drought. The illness of a child we  personally knew. Information about distant places would barely arrive,  and if it did, it was mainly irrelevant.

In 2026, the same neurological system is being asked to absorb a war  in one region, a financial shock in another, a climate disaster in a  third and a violent crime in a fourth, all before lunchtime.

A study published in the scientific journal Nature Human Behaviour examined more than 105,000 real news headlines  viewed nearly six million times. Each additional negative word  increased click-through rates, while positive words had the opposite  effect.

Recent studies suggest people around the world demonstrate measurably  stronger physiological responses to negative news than to positive  news. The body is reacting before the mind has decided whether the threat is relevant.



Some researchers have introduced a clinical framework for what happens in this instance called Problematic News Consumption (PNC)  — a pattern of news engagement that results in preoccupation,  dysregulation and disruption to daily functioning. In their 2022 study,  the researchers found that 17 percent of American adults qualified as  having severe levels of PNC. Among that group, 61 percent reported feeling  unwell quite a bit or very much, compared with six percent of those who didn’t.

For minority populations, news fatigue may be even more consequential.

Repeatedly witnessing harm directed at our own groups, even when  we’re not the immediate target, can have a significant psychological  impact on people from the same group affiliation.  For racialized communities, such as immigrants, the cognitive load  could be even heavier, and the option to simply stop watching is much  harder to exercise when the news is about their country of origin.
Looking away is not the fix
What’s the solution to news fatigue? Well, it’s not avoidance. A democracy depends on informed citizens.

Many adults already cite the spread of misleading information as a major source of stress.  Withdrawing from accurate, trustworthy information only deepens the  problem. We’re wired to pay more attention to bad news, and that kind of  content will find its way to us one way or another.

The fix is to manage the consumption and the sources.

Several approaches can help manage news fatigue and protect mental  health. Containing news consumption to defined windows of time reduces  the sense of being overwhelmed. Choosing depth over volume also matters:  one carefully reported long-form article will inform you better than  bursts of random, unreliable and emotionally loaded posts on Instagram.

There is also value in distinguishing between information and action —  research on perceived control and stress consistently shows that the  gap between awareness and agency is one of the strongest predictors of psychological distress. Identifying what you can actually do about what you read in the news, however small, regulates that response.

Finally, be wary of “rage bait” — intentionally provocative messages  or content designed to boost engagement on social media platforms by  eliciting negative reactions. Recognizing that certain content creators  want to provoke rather than reflect reality creates useful cognitive  distance.

The news will not become less “heavy.” But our relationship with it  can become more deliberate. Our brains were not built for this scale of  input. They were, however, built to learn to adapt.




Original: https://www.sciencedaily.com/releases/2026/06/260614012006.htm · Discussion
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Developers don't understand CORS (2019)

fosterelli.co · 329 points · Discussion

  Developers don't understand CORS 
  July 10, 2019 — Chris Foster 
 One of the best things about working in full stack consulting is that I get to work with a great number of developers with different skill levels in companies from various sizes and industries. This provides an opportunity to see what universal struggles come up. One that seems common and relevant recently is this: Too many web developers do not understand how CORS works.
  This seems particularly timely to point out because of the recent Zoom vulnerability. Security researcher Jonathan Leitschuh found Zoom has a web server listening on the machine at http://localhost:19421. When you load a Zoom link, Zoom’s website sends a request to the localhost webserver and tells it to open up the native Zoom app. The whole article is worth a read, but these parts stuck out to me:
  I also found that, instead of making a regular AJAX request, this page instead loads an image from the Zoom web server that is locally running. The different dimensions of the image dictate the error/status code of the server. You can see that case-switch logic here.
 
 One question I asked is, why is this web server returning this data encoded in the dimensions of an image file? The reason is, it’s done to bypass Cross-Origin Resource Sharing (CORS). For very intentional reasons, the browser explicitly ignores any CORS policy for servers running on localhost.
 
 That last sentence is incorrect – Chrome does respect CORS headers for localhost webservers. If you’re a web developer you’ve probably done this when you have Create React App with your frontend app on one port and your backend API on another port. Your app is making cross origin requests against localhost, and this is supported in all browsers.
 What this says to me is that Zoom may have needed to get this feature out and did not understand CORS. They couldn’t make the AJAX requests without the browser disallowing the attempt. Instead, they built this image hack to work around CORS. By doing this, they opened Zoom up to a big vulnerability because not only can the Zoom website trigger operations in the native client and access the response, but every other website on the internet can too.
 So what would a secure implementation of this feature look like? The webserver listening in on localhost:19421 should implement a REST API and set a Access-Control-Allow-Origin header with the value https://zoom.us. This will ensure that only Javascript running on the zoom.us domain can talk to the localhost webserver. Further, to stop pages being able to open Zoom meetings automatically in the background zoom.us should have a Content Security Policy header that blocks rendering within an iframe.
 This still leaves the vulnerability that any page can redirect your browser to a zoom.us link for a meeting that you didn’t expect, but this is a user experience decision that Zoom has made rather than a software vulnerability. Personally, I think the approach is wrong here too. They mention they desired a better user experience by opening the application directly, but one of the rules of good user experience design is that your software must be predictable.
 If I am clicking a link, I expect that it will not suddenly make my camera and microphone available to people I do not know. Zoom is breaking this expectation. Even if they don’t want the built-in browser popup for UX reasons, put this popup in-app! Google Meet does this well:
 
 I don’t want to take away from the CORS focus of this post. Regardless of the user experience side of the argument, running a webserver on localhost is a risky endeavour to begin with. It should absolutely not be providing privileged access to functions, such as installing software, to every website on the internet. CORS enables you to securely do this – don’t hack around it!
 I can’t know for sure if failure to understand CORS is why Zoom implemented the feature this way. However, I’ve talked to a few people and none of us can collectively find any legitimate reason to implement their existing approach. On reddit, lerunicorn did find and suggest that Firefox may block XHRs from secure to non-secure origins which could explain the motivation behind this approach. However, Firefox supports this when the origin is localhost. Further, native apps can generate a unique self-signed certificate. Alternatively, they could have used a browser extension. In any possible case, this is not a valid reason to forget to filter origins.
 It’s not just Zoom. Anecdotally, lots of developers I’ve talked with don’t understand well how CORS works. There’s also very a generous quantity of examples from questions on Stack Overflow. Unfortunately, these are often paired with pages that recommend very insecure defaults like this one in express which would make your application vulnerable if copied verbatim. Other vendors have been caught with the exact same vulnerability found in Zoom.
 Developers just want to get their code to work, and bypassing the same-origin policy entirely might get it to work, but when someone finds out what you’ve done you’ll get problems like Zoom has now.
 I’ve seen CORS confusion from both experienced and new developers. Is the CORS API too complex and confusing, or do we only need better developer education around issues like CORS and CSP? I’m not sure, but the current approach definitely doesn’t seem like it’s working.
  



Original: https://fosterelli.co/developers-dont-understand-cors · Discussion
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Renting a sewing machine from the library

bbc.com · 325 points · Discussion

[image: Oodi Library, Helsinki Person with a black beanie and a black t-shirt reads a book while standing in front of a library shelf. (Credit: Oodi Library, Helsinki)]Oodi Library, Helsinki


(Credit: Oodi Library, Helsinki)

Finland's libraries are increasingly being valued not by how many books they lend, but how they help societies function.

On a freezing January morning in Helsinki, around 20 people gather outside Oodi, the city's central library, waiting for the doors to open.

"I have tears in my eyes when I see people almost run into the building at 08:00, heading straight to their favourite spots," says Katri Vänttinen, director of library services for the whole of the Finnish capital. "It shows that the library really belongs to the public."

By lunchtime, the building is so full that visitors wander between floors looking for an empty seat. Students work on laptops beside huge windows overlooking Finland's parliament and parents read with babies and toddlers in brightly coloured play areas.

A small group sits in a circle: they're knitting woollen socks, those with more experience helping newcomers with techniques and patterns. In a library music pod, a middle-aged man records his first saxophone track. In the library café, an elderly woman holds a Finnish conversation class for two foreign girls. By the entrance, a teenage boy picks up a basketball he's borrowed and joins his friends on the library court just outside. 

Research emerging from these initiatives – not just in Finland, but also in Norway, Sweden, Denmark and Canada – already suggests that libraries play a significant role in promoting social inclusion, making a poignant argument: what if the value of libraries is not in how many books they lend, but more in how they help societies function? And what can the world learn from this Finnish model?


Not just books


Finland has more than 700 libraries for a population of 5.6 million, offering everything from podcast studios and 3D printing to tennis rackets and swimming pool passes.

According to Vänttinen, the most borrowed items after books in Helsinki libraries are spaces: rooms that can be pre-booked, free of charge, to meet, study, hold political discussions or make music. Among portable items, board games and console games top the list.

[image: Oodi Library, Helsinki Users can borrow sowing machines, tennis rackets, and swimming pool passes from Helsinki libraries (Credit: Oodi Library, Helsinki)]Oodi Library, Helsinki


Users can borrow sowing machines, tennis rackets, and swimming pool passes from Helsinki libraries (Credit: Oodi Library, Helsinki)

This culture of borrowing, Vänttinen explains, is rooted in deep-seated pragmatism that stretches back to Finland's rural past, when people routinely shared farming machinery. "Today, many people in cities live in small homes, and they might need a sewing machine only once a year," says Vänttinen. "So why buy one? People prefer not to spend their own money when they can access a sewing machine for free, funded through their taxes."

Six hundred kilometres north of Helsinki, the city of Oulu's newly refurbished central library Saari reflects the same thinking, says library clerk Chris Stephenson while loading a microfilm reader for a visitor to browse an old newspaper.

Around him, readers fill long tables beneath soft lamps. A newly retired teacher is printing sheet music for the choir he sings in and the band where he plays the guitar. One floor up, a young man arrives to shorten his jeans after booking a slot for a sewing machine. In the same room, a 3D printer hums behind a schoolgirl using a heat press to make a T-shirt she's designed for a friend's birthday. A laser cutter sits idly by. 

We reach practically everyone, regardless of societal or cultural status. This is true everyday democracy – Katri Vänttinen

Before moving to Finland, Stephenson worked in libraries in the UK for 20 years. "I saw many libraries closed down, and communities losing something important," he says.

According to Noora Hirvonen, professor of information studies at the University of Oulu, cutting underused services to save money can become a self-fulfilling prophecy. "We first cut library opening hours and, as a result, library visits drop," says Hirvonen. "This is then used as a reason for additional cuts or even closing the library."

Instead, Hirvonen argues, institutions should ask why the service is not used. Is it because people do not find it valuable, they do not have access to it, or they do not know about it?

"Usage is not only reflective of the value of the service: it's shaped by things like visibility and availability," says Hirvonen.


Pillars of democracy


But the significance of Finnish libraries extends far beyond tools and meeting rooms.

Professors, unemployed and homeless people all use the same library spaces, making libraries a key part of Finland's democratic infrastructure, says Hirvonen. "They're places where anyone can access knowledge, meet others and take part in public debate, regardless of income or background," Hirvonen says.

While these are core values of librarianship everywhere in the world, says Hirvonen, in the Nordic countries, they are embedded in law. Under the Finnish Library Act, public libraries must promote democracy, freedom of expression and active citizenship. (Some other Nordic countries have similar policies too.)

Finland's investment reflects this commitment: in 2025, the country spent nearly €371m ($430m/£321m) on its public libraries – that's €65.78 ($76/£57) per person, compared to the average £10 ($13.5) per person spent in the UK, and a total public library expenditure of $15.2bn (£11.4bn ), or $45 (£34) per person in the US. 

"Libraries can directly support democracy – this is one thing the world can learn from Finland," says library scholar R David Lankes from the University of Texas, who believes libraries thrive when communities actively use them to learn, debate and create knowledge together.

[image: Erika Benke Before moving to Finland, Chris Stephenson (pictured) worked in libraries in the UK for 20 years (Credit: Erika Benke)]Erika Benke


Before moving to Finland, Chris Stephenson (pictured) worked in libraries in the UK for 20 years (Credit: Erika Benke)

Librarians help customers navigate online bureaucracy, from tax services and bank accounts to pension portals and digital health records, and they routinely provide assistance with writing CVs and job applications. As a result, a recent study of Finnish libraries concluded that libraries function as critical inclusion infrastructure.

"This promotes inclusion," says Mervi Vaara, a manager for regional library services in Oulu. "The library is like a shared living room for everyone." 

The whole Finnish welfare system in one building – Nasima Razmyar

As a result, an analysis of 38 studies from around the world found that public libraries consistently return more value than they cost, giving back from three to five dollars for every dollar invested. The study emphasises that libraries create both direct benefits – such as savings from borrowing rather than buying, and support for jobseekers – and indirect benefits, including improved literacy, digital competence, employability and community wellbeing. 

In annual evaluations carried out by Finland's regional authorities, libraries consistently top the list of most valued public services. "We reach practically everyone, regardless of societal or cultural status," says Vänttinen. "This is true everyday democracy."

In the 2023 report, Finns described libraries as trusted sources of information and digital content. "Trust in government institutions has been declining for decades," says Lankes, nodding to global surveys like the Edelman Trust Barometer, which shows a steady long-term drop in trust in public institutions in many countries. "But trust in libraries and librarians remains extremely high."

Libraries, Lankes argues, are among the few public spaces where people can simply exist without being expected to consume. "You can't go to town hall and just hang out. You can't go to the police station and just hang out," Lankes says. "But you can come to the library and just be."

[image: Sanna Krook Librarians help people with practical tasks such as accessing pension portals and digital health records, as well as writing CVs and job applications (Credit: Sanna Krook)]Sanna Krook


Librarians help people with practical tasks such as accessing pension portals and digital health records, as well as writing CVs and job applications (Credit: Sanna Krook)

And while Finns actually also still enjoy high levels of trust in public institutions, according to surveys, they face what researchers call a "participation paradox": despite trusting institutions, many citizens still feel they have little real influence over political decisions. Ultimately, libraries can bridge that gap too, says Elina Eerola of the Finnish innovation fund Sitra, who worked on a report on how libraries can promote democracy. 

Eerola says libraries can create accessible spaces where citizens can meet decision-makers and take part in debates. Sitra's pilot projects have used libraries to host community discussions and events to connect citizens directly with politicians and public institutions.


A personal impact


For some Finns, the impact of libraries is not measured in statistics. Nasima Razmyar, now a member of the Finnish parliament, arrived from Afghanistan as a refugee at the age of eight. She still remembers the moment she received her first library card: the first physical object she owned in Finland. "When I signed my name and received it, I suddenly felt this place belonged to me," says Razmyar. 

Growing up in the Helsinki neighbourhood of Käpylä, she spent afternoons studying in the local library after school. "My parents didn't speak Finnish, so the library workers sometimes helped me with my homework," she says. "That local library was equality," she says. "The whole Finnish welfare system in one building."

As the afternoon light fades outside a Helsinki library window, Razmyar now watches her young children choose their books. "I think it gives children the feeling that they belong here, and this is for them, which is really important," she says.

For more science, technology, environment and health stories from the BBC, follow us on Facebook and Instagram. 





Original: https://www.bbc.com/future/article/20260618-the-weird-and-wonderful-libraries-of-finland · Discussion
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Epoll vs. io_uring in Linux

sibexi.co · 246 points · Discussion

First, I want to tell you how exactly I got to this point and why I started researching different options for handling asynchronous I/O on Linux… Last year, my students and I built a reverse proxy server called TinyGate. It was super simple, worker-based, and it basically worked well. Of course, I didn’t expect it to be very fast, but it was an educational project, and since we’d made a real, kind of production-ready tool, I was really proud of it. But my students weren’t as happy as I was - they wanted to build something genuinely useful, and they were really disappointed that our “product” had strong architectural limits and couldn’t outperform titans like nginx and haproxy. So they literally forced me to research together how those tools work under the hood and how to handle asynchronous I/O to cut down on the heavy overhead… Long story short, we made a second version of TinyGate, based on epoll. It still lost to nginx/haproxy in benchmarks, but it had a dramatic performance boost compared to the first version. But epoll isn’t perfect either (as I’ll explain below), and we eventually switched to io_uring, which led to a full rewrite of our project from scratch, again… So it’s a really interesting topic, and today I’ll share an overview of the two queueing systems Linux gives you for asynchronous I/O.


    epoll heritage


When I just started developing for Linux, epoll was a new feature, and basically it had no alternatives. Everyone used it to manage asynchronous execution - there was no other choice. The problem is, epoll relies heavily on syscalls: it tells you when I/O is possible, but you still have to call read()/write() yourself afterward - that’s two syscalls per I/O event, on top of the one-time epoll_ctl registration. Each of these syscalls causes a context switch between user and kernel mode, which creates HUGE overhead once you’re handling a lot of connections. But we have a solution! About 17 years after epoll landed in the Linux kernel (2002), io_uring appeared (2019)! Instead of telling you when I/O is possible, it tells you when I/O is done - no polling loop, and far less associated syscalls.

The kernel consumes submissions from memory shared between your app and the kernel, and posts completions back into that same shared memory - both live in ring buffers, hence the name. The catch: by default you still have to call io_uring_enter() to tell the kernel “go check the submission queue” - but one call can submit a whole batch of operations and reap a whole batch of completions, instead of one syscall pair per operation like with epoll + read. If you want close to zero syscalls during steady state, there’s IORING_SETUP_SQPOLL, which spins up a dedicated kernel thread that polls the submission queue for you - at the cost of that thread burning CPU (more on this below).


    A little comparison


Basic architecture: as I said before, epoll notifies you when I/O is possible, io_uring notifies you when I/O is done. Where epoll makes every I/O operation cross the kernel boundary, io_uring lets you pay a small “setup fee” once (creating the ring) plus a per-batch fee (the io_uring_enter() call) instead of a fee per operation. So instead of a syscall pair per I/O, you get a syscall per batch of I/Os - or, with SQPOLL, close to none at all. As you can see, with a ton of I/O happening, this saves a lot of syscalls.

On relatively new systems where io_uring is supported (kernel v5.1+, released in 2019), there’s often not much reason to reach for epoll. The shift from a readiness model to a completion model is a huge architectural change - it moves a big part of the work out of your application and into the kernel.


    Let’s code!


Of course, I won’t leave you without some code showing how both systems work. We’ll use C. (The io_uring example uses liburing, the userspace helper library - install it via liburing-dev/liburing-devel, or drop down to the raw io_uring_setup/io_uring_enter syscalls if you want zero dependencies.)


    epoll


Let’s make a simple example of how epoll works. We’ll create the instance, register a file descriptor (stdin, in our case), and process the incoming event.

As you can see, this example uses three syscalls in total: epoll_ctl (a one-time registration), then epoll_wait and read for the event - so two syscalls per actual I/O event, like I mentioned above. The code itself is pretty easy to follow.


    io_uring


Now let’s do the same thing with io_uring instead of epoll.

What can we see here?


	Similar instance creation step.

	No epoll_ctl registration step needed.

	No readiness check needed before submission.

	No separate read() call at completion.



Yeah, io_uring takes way fewer resources for this - though, as noted above, there’s still one io_uring_enter() call hiding inside io_uring_submit() and io_uring_wait_cqe() unless you’re running with SQPOLL.

When you test these examples, keep in mind that for the sake of simplicity, some important parts are missing. For example, it will block forever if stdin never produces any data, and the io_uring example skips checking for a NULL sqe (which io_uring_get_sqe() can return if the submission queue is full).


    Something additional about io_uring



	Zero-copy. For real zero-copy I/O, register your buffers ahead of time with io_uring_register_buffers() - this avoids the kernel re-mapping memory on every single operation. For network sends specifically, look at IORING_OP_SEND_ZC (kernel 6.0+ needed), which skips copying the buffer into the kernel entirely.

	SQPOLL uses CPU. Even when your queue is empty, IORING_SETUP_SQPOLL keeps a kernel thread spinning and polling, which burns CPU. There’s an idle timeout (sq_thread_idle) after which it backs off to sleeping, but it’s not free.

	Asynchronous error handling. Errors come back (and must be handled) asynchronously, as part of the cqe’s res field - not as a direct return value like a normal synchronous syscall.




    Summary


io_uring is the new standard for async I/O in the modern Linux world, and honestly, I don’t see much reason to still reach for epoll on a system that has it. For a from-scratch project on a modern Linux server, like our TinyGate rewrite, io_uring is absolutely the way to go. I’m a die-hard supporter of dropping support for old systems as soon as it’s reasonable - if you’re still running a kernel released more than 7 years ago, in my opinion, that’s not a great idea…





Original: https://sibexi.co/posts/epoll-vs-io_uring/ · Discussion
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Show HN: TownSquare, a tiny presence layer for websites

townsquare.cauenapier.com · 231 points · Discussion

https://cauenapier.com/blog/townsquare_release/https://cauenapier.com/blog/townsquare/
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15-minute at-home Lyme disease tick test

bostonglobe.com · 212 points · Discussion

https://archive.ph/cNwmN
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Running MicroVMs in Proxmox VE, the Easy Way

taoofmac.com · 193 points · Discussion
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    I’ve been running a mixed Proxmox cluster for years – four nodes of wildly different capability, from an Atom x5-Z8350 with 2 GB of RAM (a z83ii, currently offline after years of faithful service as a baseline torture device) up to an i7-12700 with 128 GB (borg, my main homelab server).

This year, somewhere along the way between writing agentbox and all the hype around agentic sandboxes I got tired of the eternal compromise between LXC containers and full virtual machines, and ended up building pve-microvm – a Debian package that adds QEMU’s microvm machine type as a first-class managed guest in Proxmox VE.

This isn’t a quick hack. Well, the first version was, actually, but it’s gone quite a bit farther than that, and certainly farther than I expected.

It now ships a custom kernel, patches the Perl internals to provide Proxmox web UI integration, and, due to my usual fascination with offbeat operating systems, ended up supporting (as of this writing) 21 guest OS types from Debian to NetBSD to Plan9.

Yes, I completely brought it upon myself to run Plan9 in a microVM, and yes, it works.

Finding the Right Balance
After a few rounds of cluster cleanups and migrations, it’s now my daily driver for running Gitea, Caddy reverse proxies, mini-firewalls, and the AI agent that’s helping me clean up this post.

Proxmox gives you two main options out of the box:


	
LXC containers start instantly, share the host kernel, and are spectacularly efficient. But they’re not isolated – a kernel exploit in one container compromises everything. You can’t run a different OS. You can’t easily nest Docker inside them without ending up (eventually) wrestling with fuse-overlayfs gymnastics. And certain workloads (anything needing custom kernel modules, or CAP_SYS_ADMIN in anger) simply don’t fit.



	
Full VMs give you hardware isolation via KVM/VT-x, but they boot SeaBIOS or OVMF, sedately walk through GRUB as they yawn their way out of bed, probe a forest of emulated legacy devices (IDE controllers, VGA, USB hubs, PCI bridges), and typically take 5-10 seconds to reach a login prompt. Each one carries the overhead of that entire emulated chipset sitting in memory.





What I wanted was the security boundary of a VM with the startup characteristics of a container. QEMU’s microvm machine type – originally developed for Firecracker-style workloads – strips all of that away. No BIOS, no GRUB, no legacy devices. Direct kernel boot into a minimal virtio-only environment. The result: sub-300ms boot to a fully networked guest with a QEMU agent, running inside its own KVM hardware isolation boundary.

Comparison of Standard VM, microVM, and LXC Container isolation and boot characteristics
Now, let me be clear: I’m not spawning hundreds of these things. I have Azure for that – but I do want to run Gitea Actions workers, have a very limited set of hardware resources, and got fed up with the time it took for one particular VM to boot repeatedly…

What It Actually Does
pve-microvm is a single .deb that patches Proxmox’s qemu-server Perl modules at install time. When you set machine: microvm on a VM config, the standard config_to_command function delegates to my MicroVM.pm, which builds an (almost) completely different QEMU command line:

qemu-system-x86_64 -M microvm,x-option-roms=off,pit=off,pic=off,\
  isa-serial=on,rtc=on,acpi=on,pcie=on \
  -kernel /usr/share/pve-microvm/vmlinuz \
  -initrd /usr/share/pve-microvm/initrd \
  -append "console=ttyS0 root=/dev/vda rw quiet" \
  -device virtio-blk-pci-non-transitional,drive=drive-scsi0 \
  -device virtio-net-pci-non-transitional,netdev=net0 \
  ...




No chipset emulation. No PCI bridges. No VGA. The guest gets a single serial console (which PVE’s xterm.js connects to natively), virtio block devices, and a virtio network interface. Everything rides PCIe transport with non-transitional (modern-only) virtio devices rather than the MMIO transport microvm was originally designed around – for reasons I’ll come to in a moment.

How pve-microvm integrates with Proxmox VE internals
The package ships:


	A tiny (12MB) pre-built Linux 6.12.22 kernel compiled from x86_64_defconfig with a minimal overlay – virtio, vsock, virtiofs, 9p, and the modules Docker needs (overlay, veth, bridge, netfilter, BPF), because, well, I’m pragmatic.

	A 1 MB initrd that probes virtio devices, finds the root filesystem by label or device path, and does a switch_root in ~150ms

	pve-microvm-template – builds root filesystems from any of 12 supported OCI base images, with optional SSH, Docker, and guest agent

	pve-oci-import – pulls an OCI image directly into a PVE-managed disk

	Web UI extensions – a “Create µVM” button, machine type dropdown, conditional panel hiding for irrelevant settings, and an amber bolt icon in the resource tree

	A systemd service (pve-microvm-early.service) that ensures patches are applied before pvedaemon starts on boot – critical for onboot=1 VMs



The Boot Sequence
Like in aerodynamics, most speed comes from eliminating everything that isn’t strictly necessary. A standard VM spends most of its boot time in firmware and bootloader, so a microVM skips all of that.

Boot timeline comparison between microVM and standard VM
SmolBSD (a NetBSD guest using virtio-mmio transport) boots in 31ms. A full Debian with Docker and the QEMU agent is ready in under 8 seconds – and most of that time is apt package installation during first boot. Subsequent boots hit the 300ms mark consistently, even on my humble hardware.

A fun rabbit hole I went into when someone asked me to add SmolBSD support:

There’s a reason SmolBSD gets to use virtio-mmio and the Linux guests don’t. A QEMU microvm machine type can carry its virtio devices over two transports: the bare-bones MMIO interface it was originally built for, or PCIe. MMIO is the lighter of the two – no PCIe host bridge, no ACPI – which is how a NetBSD guest shaves itself down to 31 ms.

But on QEMU 10.x the MMIO path has (as far as I can tell) a device-probing bug for Linux guests: only virtio-blk binds, and the network, serial and balloon devices are never claimed by their drivers for some reason. NetBSD probes MMIO correctly and is perfectly happy; Linux (at least the kernel I am using) is not.

For every Linux guest I therefore fall back to PCIe with non-transitional (modern-only) virtio devices, which binds all of them reliably. The cost is about 50 ms of extra bring-up – which, against a 300 ms boot, I’ll take without complaint.

I think the above is actually a bug in my kernel configuration, but haven’t really had time (or maybe even the right hardware) to tackle it – this is something I’d love more people to look at and contribute patches.

One Kernel, Many Guests
There’s a deliberate consequence of this direct kernel boot trick that’s easy to miss: the kernel doesn’t live inside the guest. It sits on the Proxmox host at /usr/share/pve-microvm/vmlinuz, and the guest disk holds nothing but a root filesystem – userland, no /boot, no GRUB, no per-guest kernel package, no initramfs of its own.

That also means there’s no “boot the installer ISO and click through it” path, so instead the rootfs gets built straight from an OCI image with pve-microvm-template (Debian, Alpine, Fedora, Rocky, Amazon Linux and friends). In the weird cases, we import a prepared ext4/raw disk with qm importdisk. You don’t install an OS – you assemble a root filesystem.

Decoupling the kernel from the rootfs is what makes this interesting to run at scale. Every Linux microVM on the node boots the same vmlinuz – one kernel, built once from a stock x86_64_defconfig with a microvm overlay, so you can audit and update it in exactly one place: drop a new vmlinuz on the host, restart the guests, done. No guest ever pulls a broken kernel from an apt upgrade, because no guest has a kernel to upgrade, and the rootfs images stay tiny and completely kernel-agnostic.

Container-style kernel consistency, VM-style isolation.

What I’m Running
On my cluster right now, I have a fair smattering of these already. Four off the top of my head are:


	gitea (VM 114, on an Intel N5105) – Bare-metal Gitea with SQLite, Caddy HTTPS, local actions runner, Avahi discovery. 2 cores, 2 GB RAM, 32 GB disk. Boots in ~3s, mostly because Gitea does a lot of housekeeping.

	smith (VM 9022, on my i7) – the main piclaw agent, the system that manages the cluster, releases piclaw and generally keeps tabs on everything. 2 cores, 6 GB RAM, 48 GB disk. Runs Docker internally, and has 3 smaller, volatile siblings scattered throughout the cluster that don’t run Docker but have different roles (CI/CD, wipe-and-reinstall agent instance for testing upgrades, etc.)

	exo (VM 9021, on my i7) – Distributed inference coordinator for running LLMs across multiple machines. CPU-only, 2 GB root.

	virtualdsm (VM 300, tnas) – Synology DSM running inside a microVM with Docker, inside Terramaster NAS hardware. Yeah, I know I’m weird, but it was needed when my Synology went sideways and I haven’t nuked it yet. Uses the stock Debian kernel rather than my custom one, because DSM needs specific module paths.



I also have a dormant 9Front (Plan9) one, as well as a little menagerie of OpenWrt, OPNsense, OSv unikernels, gokrazy Go appliances, and various Alpine/Fedora/Rocky/Amazon Linux configurations filed away as standard Proxmox backups. The 21 guest OS types aren’t theoretical – each one has been booted and validated, and sometimes smith will go and thaw one out to do regression tests.

The z83ii (that ancient Atom x5-Z8350 with 2GB RAM) was invaluable as a baseline test platform, because If a microVM can boot and run usefully on a fanless 2016-era Atom with 2 GB of total system memory, it’ll work anywhere. And it could run six before it started slowing down…

What a Config Looks Like
There’s no magic to a microVM config – it’s an ordinary qm guest with a particular machine type and a kernel command line. Here’s gitea (the VM 114 above) as it sits in /etc/pve/qemu-server/114.conf:

agent: 1
args: -kernel /usr/share/pve-microvm/vmlinuz -append "console=ttyS0 root=/dev/vda rw quiet"
boot: order=scsi0
cores: 2
machine: microvm
memory: 2048
name: gitea
net0: virtio=BC:24:11:00:6E:01,bridge=vmbr0
onboot: 1
scsi0: local-lvm:vm-114-disk-0,size=32G
serial0: socket
tags: microvm
vga: serial0




The only microvm-specific lines are machine: microvm, the args carrying the kernel and its cmdline, and serial0: socket / vga: serial0 wiring the console through to xterm.js. Everything else – cores, memory, the virtio NIC on vmbr0, the scsi0 disk on local-lvm, onboot, the guest agent – is exactly what you’d write for any Proxmox VM.

Note there’s no -initrd in args: MicroVM.pm injects it automatically when it sees the shipped kernel, along with the balloon, vsock and (when configured) virtiofs devices. That’s the whole point – a microVM is a normal guest that happens to boot a host-provided kernel, not a special object you have to learn a new tool to manage.

Networking
A microVM attaches to the network exactly like any other Proxmox guest. The interface spec is a bit of a mouthful (virtio-net-pci-non-transitional device on the PCIe bus), and it lands on whatever Linux bridge and VLAN you point it at:

qm set 900 --net0 virtio,bridge=vmbr0           # single NIC
qm set 900 --net0 virtio,bridge=vmbr0,tag=100   # tagged onto VLAN 100




Because it’s an ordinary KVM guest, the standard PVE firewall applies – per-VM nftables rules work the way they do for any VM, which is the part that actually matters when you’re running untrusted code.

Inside the guest, networking is handled by systemd-networkd rather than cloud-init: DHCP by default (matched on Type=ether, so it survives cloning with no MAC pinning), or a one-line /etc/microvm-static-net for a static address. Earlier versions leaned on cloud-init for this, and I found it too brittle; moving it to systemd-networkd made cloning reliable and I stopped having to debug templates half the time.

Network isolation, another mainstay of the current hype around agent isolation, is a solved problem I have no interest in re-solving inside the package because I think Proxmox’s own SDN already does it properly – a simple VLAN zone with a separate VNet per trust domain keeps untrusted guests on their own segment with no path to the LAN, and if I ever bothered with that on a home LAN (well I have thought about it… but got no time), a VXLAN zone with a designated exit node would let me funnel egress through a single firewalled choke point.

The microVM just lands on whatever VNet I point net0 at, so the policy lives in Proxmox, not in a one-off ruleset I’d have to babysit.

There’s also a non-networked path for host/guest plumbing: each guest gets a vsock CID (VMID + 1000), which I use for SSH-agent forwarding (host keys into the guest without ever exposing them on the wire) and for virtiofs/9p directory sharing, because… I forget. I know I needed it at one point, even if right now most of my microvm instances just do SMB mounts (which were a pain to do under Docker and LXC)

The NIC count is… moderately sane. I currently allow six virtio interfaces per guest (net0-net5) on the spurious grounds that they’re twice the maximum number of physical interfaces across all of my host machines. It’s just defined in MicroVM.pm, and the very few people who need more than that are welcome to tweak it (and if you think you want a dozen you almost certainly want VLANs instead).

Storage and Migration
Storage was… trivial? every PVE backend works, because the disk is just a virtio-blk-pci device and Proxmox hands it the same path it hands any VM. LVM and LVM-thin, ZFS, Ceph/RBD, NFS and CIFS, plain directory storage – all fine, with snapshots, linked and full clones, vzdump backups and qm importdisk behaving exactly as they do elsewhere. A microvm is a normal PVE guest that happens to boot differently.

Migration is the only place things are iffy. a) I can’t do live migration on any of my hardware (none of it is enterprise grade), and b) true live migration isn’t viable with the current QEMU microvm machine type anyway – it simply doesn’t implement it.

Offline migration (i.e., reshuffling instances around) works fine, though, and because microvm boot in well under a second, you can run a quick HA relocate cycle – stop, migrate, start – provided your disks live on shared storage.

I’ve measured it at around two seconds moving a small guest between nodes on shared CIFS. Not seamless VM motion, but perhaps good enough for most uses, and as far as I can figure out, ha-manager drives it the same way it would any guest.

Vs. LXC: When To Choose What
Mind you, I still run LXC containers. They’re the right choice when:


	You trust the workload (or it’s your own code)

	You need zero boot overhead

	You want direct filesystem access from the host

	You want slightly less memory allocation overhead (oh, and there’s shared page cache if you’re really lucky)



MicroVMs win when:


	You need actual kernel isolation – running untrusted code, different kernel versions, nested Docker, anything with aggressive CAP_ requirements

	You want a reproducible image you can snapshot, back up (vzdump works), offline-migrate, and clone (linked clones too)

	The workload does something unusual to the kernel (BPF programs, custom netfilter rules, kernel modules) and you don’t want that leaking into your host (which is why most of my tunnels now land in a microvm)

	You’re running non-Linux guests – NetBSD, Plan 9, FreeBSD-based firewalls – which simply can’t run as LXC

	You want a VM that’s up before you’ve finished the command.



The overhead difference between LXC and a microVM on modern hardware is surprisingly small. On borg (that i7-12700), the idle memory footprint of a minimal microvm is ~40 MB, and the CPU overhead of the hypervisor is unmeasurable for most workloads.

The memory figure you set at boot is genuinely just a ceiling: As far as I can tell KVM still only backs the pages a guest actually touches, and the host’s same-page merging dedupes identical pages – kernels, libc, shared base-image layers – across every microvm on the node, so like on grown-up cloud hypervisors the real cost tracks the working set, not the nominal allocation.

Much to my embarrassment, I didn’t even bother with live resizing for a long while, but I added balloon support to the kernel recently, with free-page-reporting and deflate-on-oom.  PVE’s balloon target drives proper auto-ballooning, and a virtio-mem device gives genuine fine-grained hot-add and hot-remove, so, again, this works like a normal VM.

The Awkward Parts
Now for the catches…

First one is pretty obvious: I’m patching someone else’s product, and even though I survived the Perl 4 to Perl 5 transition decades ago and I have Codex to help these days,
patching the Perl internals is fragile–every qemu-server upgrade can break my setup.

I mitigate this by a) not blindly running upgrades and b) using dpkg triggers (the package re-patches automatically after upgrades), but it’s still a race condition waiting to happen – I’ve had partial PVE upgrades leave the system in a state where pvedaemon couldn’t even compile the patched module.

And then come the weird failure modes–one upgrade had a nasty little side effect regarding root devices:


	Root is found at root=/dev/vda because the guest boots under the microvm machine type with virtio-blk on PCIe

	but if a guest ever comes up under the standard chipset instead (a half-applied patch, or an onboot=1 VM starting before the early-boot service has re-patched after a host reboot), the same disk enumerates as /dev/sda, root isn’t found, and the VM looks like it has lost its filesystem.



The data is always there, just at the wrong path. I’ve patched that particular twist in a way that the dpkg trigger and early-boot service ordering try to mitigate it, so the initrd now falls back to /dev/sda when /dev/vda is missing – but until (if ever) Proxmox supports microVMs natively, expect the occasional papercut.

Package version mismatches can cascade. I learned this the hard way – a partial apt upgrade on one of my nodes left libpve-cluster-perl and libpve-network-perl at incompatible versions, which broke all Perl module loading, which meant pvedaemon couldn’t start, which meant VMs couldn’t be managed.

So… always do full dist-upgrade, never partial upgrades on PVE nodes with this.

Another catch (for some) is that there is no VGA and no graphical console – the serial console is your only interface. If something goes wrong during boot, you’re reading kernel panics on a terminal. This is fine for servers, less fine for desktop-oriented guests, and Plan9 really doesn’t like it.

The next one is that there’s no USB at all – no controllers, no passthrough, nothing on the bus – so I had to get the web UI to hide those options the moment you flip a guest to microvm. This might be a deal-breaker if you want to, say, run a Zigbee controller (and is why my home automation stuff is still in an LXC).

The kernel is opinionated. My custom 6.12.22 kernel includes exactly what I need and nothing else. If your workload needs a module I haven’t included, you’ll need to rebuild it or use the stock Debian kernel (which works fine but is 3x larger and boots slower).

Finally, GPU and PCI passthrough are disabled, not impossible. And this is another thing I would love people with more money hardware to really dive into, since I actually had an RTX 3060 passed through and working in early testing.

In the end, I decided to temporarily disable GPU support for simplicity – the package strips hostpci* today and there’s no vIOMMU plumbing wired up, so it’s off by default.

There’s nothing stopping anyone from adding it back (save some QEMU microvm caveats around the minimal ECAM PCIe bus and IOMMU setup), and I’d genuinely love to be able to do proper PCI and vIOMMU testing – I just don’t have the spare hardware for it, and I chose to focus this on running agents rather than chasing accelerator passthrough.

Under The Hood: The Patch Strategy
The package modifies three files in the PVE Perl stack:


	Machine.pm – extends the machine type regex to accept microvm as a valid value

	QemuServer.pm – adds a use PVE::QemuServer::MicroVM import and a delegation check at the top of config_to_command: if the VM has machine: microvm, hand off to my module entirely

	MicroVM.pm – the complete command builder, installed at /usr/share/perl5/PVE/QemuServer/MicroVM.pm



Since I’m obsessive about recoverability, the patches are reversible (pve-microvm-patch revert), and the original files are backed up. The dpkg trigger system (interest-noawait qemu-server) ensures automatic re-application after PVE updates. The early-boot service ensures patches are live before any VM auto-starts, preventing that sda/vda mixup I mentioned above:

pve-microvm-early.service (Before=pvedaemon.service pve-guests.service)
    └── /usr/share/pve-microvm/pve-microvm-patch apply




Getting Started
If you’ve read this far, you’re either a brave person or missed the GitHub link, so I’ll just drop the potted version here:

# On any PVE 9.x node:
wget https://github.com/rcarmo/pve-microvm/releases/latest/download/pve-microvm_0.3.12-1_all.deb
dpkg -i pve-microvm_0.3.12-1_all.deb

# Create a Debian microVM template:
pve-microvm-template --vmid 9000 --storage local-lvm --profile standard

# Clone it into a real VM:
qm clone 9000 100 --name my-microvm --full
qm set 100 --machine microvm --memory 1024 --cores 2
qm start 100




The template takes about 60 seconds to build (pulls the OCI image, installs packages, writes the root filesystem). After that, cloning is near-instant if you use linked clones.

What’s Next
Besides more testing (that I just don’t have the hardware, time or even focus for, since like most of my projects I just want to use the thing), what’s left is mostly polish: maybe a nicer configuration layer, network-off-by-default with egress allow-lists for untrusted guests for the paranoid, GPU passthrough if I ever wire up vIOMMU properly, and eventually AArch64 support for ARM-based PVE nodes (which I’ve run in the past, and I think might also have microvm support in their QEMU versions).

And, of course, someone should probably upstream this. I reached out informally to a couple of people at Proxmox and was told I should join a mailing-list to discuss this, but a) that is awfully 90s and b) I just don’t have the time to do more than maintain this for myself. And yeah, I get that this would have to go through the entire enterprise QA pipeline (I get that a lot, believe me).

The source is at github.com/rcarmo/pve-microvm, the patches are fairly small, it does not break Proxmox itself since 99% of the features come from QEMU/KVM, so… I’m just literally giving it away.

But if you’re running a homelab, know your way around Linux and want container-speed VMs with actual isolation, this might be what you’ve been looking for since… well, statistically, maybe never–but you can have it now!

    




Original: https://taoofmac.com/space/blog/2026/06/18/1845 · Discussion
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(How to Write a (Lisp) Interpreter (In Python)) (2010)

norvig.com · 139 points · Discussion

Why does this  matter? As Steve
  Yegge said, "If you don't know how compilers work, then you
  don't know how computers work." Yegge describes 8 problems that
  can be solved with compilers (or equally well with interpreters, or
   with Yegge's
  typical heavy dosage of cynicism).



Scheme syntax is different from most other programming languages. Consider:



In this page we will cover all the important points of the Scheme language and its interpretation
(omitting some minor details), but we will take two steps to get there,
defining a simplified language first, before defining the near-full Scheme language. 


In the Syntax column of this table, symbol must be a
   symbol,
   number must be an integer or floating point number,
   and the other italicized words can be any
   expression. The notation arg... means zero or more repetitions
   of arg. 
   





And here is a short example of what we want parse and eval to be able to do (begin evaluates each expression in order and returns the final one):


Our function parse will take a string representation of a program as input, call tokenize
to get a list of tokens, and then call read_from_tokens to assemble an abstract syntax tree.
read_from_tokens looks at the first token; if
it is a ')' that's a syntax error. If it is a '(', then we start
building up a list of sub-expressions until we hit a matching ')'.
Any non-parenthesis token must be a symbol or number. 
We'll let Python make the distinction between them: for each non-paren token,
first try to interpret it as an int, then as a float, and if it is neither
of those, it must be a
symbol. Here is the parser:


We are now ready for the implementation of eval.
As a refresher, we repeat the table of Lispy Calculator forms:


The lambda special form (an obscure nomenclature choice that refers to Alonzo Church's lambda calculus) creates a procedure.  
We want procedures to work like this:


When we look up a variable in such a nested environment, we look first at the innermost level, but if
we don't find the variable name there, we move to the next outer level.
Procedures and environments are intertwined, so let's define them together:


An environment is a subclass of dict, so it has
all the methods that dict has. In addition there are two methods: the constructor
__init__ builds a new environment by taking a list of parameter names
and a corresponding list of argument values, and creating a new environment that has those
{variable: value} pairs as the inner part, and also refers to the given outer environment.
The method find is used to find the right environment for
a variable: either the inner one or an outer one. 


To see how these all go together, here is the new definition of eval. Note that
the clause for variable reference has changed: we now have to call env.find(x) to find at what level
the variable x exists; then we can fetch the value of x from that level. (The clause for
define has not changed, because a define always adds a new variable
to the innermost environment.)  There are two new clauses: for set!, we find the environment level
where the variable exists and set it to a new value.  With lambda, we create a new procedure object with the given
parameter list, body, and environment.


To appreciate how procedures and environments work together, consider this program and the environment that gets formed when we evaluate (account1 -20.00):


Each rectangular box represents an environment, and the color of
the box matches the color of the variables that are newly defined in
the environment.  In the last two lines of the program we define account1 and call
(account1 -20.00); this represents the creation of a bank account
with a 100 dollar opening balance, followed by a 20 dollar withdrawal.
In the process of evaluating (account1 -20.00), we will eval the
expression highlighted in yellow.  There are three variables in that
expression.  amt can be found immediately in the innermost
(green) environment. But balance is not defined there: we
have to look at the green environment's outer env, the blue
one. And finally, the variable + is not found in either of
those; we need to do one more outer step, to the global (red) environment.
This process of looking first in inner environments and then in
outer ones is called lexical scoping.  
Env.find(var) finds the right environment according to
lexical scoping rules.





	Small: Lispy is very small: 117 non-comment
  non-blank lines; 4K of source code. (An earlier version was just 90 lines, but had fewer standard procedures
and was perhaps a bit too terse.)   The smallest version of
  my Scheme in Java, Jscheme, was 1664 lines and 57K of source. Jscheme was
  originally called SILK (Scheme in Fifty Kilobytes), but I only kept
  under that limit by counting bytecode rather than source code. Lispy does much
  better; I think it meets Alan Kay's 1972 claim
  that you could define the
  "most powerful language in the world" in "a page of code." (However,
  I think Alan would disagree, because he would count the Python compiler as part of the code, putting me well over a page.)


bash$ grep "^\s*[^#\s]" lis.py | wc
     117     497    4276



	Fast: Lispy computes (fact 100) exactly in 0.003
seconds.  That's fast enough for me (although far slower than most
other ways of computing it). 

	Complete: Lispy is not very complete compared to the
Scheme standard.  Some major shortcomings:

  	 Syntax: Missing comments, quote and quasiquote notation, # literals, the derived
  expression types (such as cond, derived from if,
  or let, derived from lambda), and dotted list notation.

	 Semantics: Missing call/cc and tail recursion.  

	 Data Types: Missing strings, characters, booleans, ports,
  vectors, exact/inexact numbers.
  Python lists are actually closer to Scheme
  vectors than to the Scheme pairs and lists that we implement with them.

	 Procedures: Missing over 100 primitive procedures.
  
 
	 Error recovery: Lispy does not attempt to detect,
  reasonably report, or recover from errors.  Lispy expects the
  programmer to be perfect.



	Good: That's up to the readers to decide.  I found it
was good for my purpose of explaining Lisp interpreters.









From there Tony and I split paths.  He reasoned that the hard part was
the interpreter for expressions; he needed Lisp for that, but he knew
how to write a tiny C routine
for reading and echoing the non-Lisp characters and link it in to the Lisp
program.  I didn't know how to do that linking, but I reasoned that writing an
interpreter for this trivial language (all it had was set variable,
fetch variable, and string concatenate) was easy, so I wrote an
interpreter in C. So, ironically, Tony wrote a Lisp program (with one small routine in C) because he was a
C programmer, and I wrote a C program because I was a Lisp programmer.




Original: https://norvig.com/lispy.html · Discussion
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A 3D voxel game engine written in APL

github.com · 133 points · Discussion




This started off as a bet with myself that APL notation would provide an easier way to make a voxel game.

This is highly experimental and buggy.


Controls



	W-A-S-D to move

	Space to jump

	Mouse to move the camera

	Q to quit

	I to toggle render information

	F for fast noclip mode

	L to lock and unlock the mouse while in-game

	1-5 to select different blocks to place




Requirements



	Dyalog APL 20.0

	A C Compiler

	CMake

	Vulkan, DirectX12 or Metal graphics are required. For more information, check here

	sdl3, sdl3_ttf and sdl3_image (MacOS with brew)




Instructions



Running on MacOS or Linux


After installing dependencies and cloning, make sure you build and install LSE.
e.g.,

cd lse 
mkdir build
cd build
cmake ..
make 
make install



This should install libLSE.dylib on macOS and libLSE.so on Linux in ./libs/ alongside the relevant SDL3 library files.

After that you should be able to run with ./main.apls

Some Linux users may have dyalogscript located in a different directory. If that's the case, the shebang in main.apls should be replaced with the path specified by which dyalogscript


Running on Windows


Compiling everything on Windows is a bit more tricky and is best done with finding the SDL3 dev libraries provided on libsdl3 releases with cmake-gui.

.dlls are provided as a release here which can be placed in a folder ./libs on the directory this repository.

Afterwards, the game can be played through a Dyalog session like so:
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Fossil Fuels Are 40% of Freight Shipping Tonnage, but Half Its Fuel Use

cleantechnica.com · 122 points · Discussion


							Shipping’s transition starts by shrinking the fuel pool, then using electrons and scarce liquids only where they fit.				

	


Support CleanTechnica's work through a Substack subscription or on Stripe.



Maritime fuel debates usually start with the wrong object. They look at today’s bunker fuel demand, line up replacement molecules, and ask whether ammonia, methanol, hydrogen, LNG, biofuels, or synthetic fuels can scale far enough to replace it. That sounds like a practical question, but it skips the larger one: how much maritime fuel demand remains after the energy transition changes the cargoes that ships carry.

The important result from my rebaselined maritime energy pathway is that fossil fuel cargo is not just large by mass. It is disproportionately important to shipping energy. Fossil fuels are roughly 40% of maritime tonnage, but in the model they represent about half of maritime freight energy because coal, oil, and gas are mostly long-haul bulk trades. Moving a ton of scrap metal a short distance and moving a ton of oil or LNG across oceans are not the same transport-energy problem, even if both show up as one ton in a cargo table.

That distinction matters because shipping fuel demand is driven by transport work, not just tons loaded at ports. Ton-kilometres are the better mental model. Fossil fuel cargoes travel long distances in very large flows, so their decline removes more than a proportional share of cargo mass. It removes a larger share of the ocean work and the fuel burned to do that work.

This is the part that fuel-first narratives tend to miss. In a serious energy transition, coal demand falls, oil demand falls, and gas demand falls. That means fewer bulk carriers and tankers moving fossil energy around the world. The maritime sector does not have to find a one-for-one replacement fuel for all of that work, because a material share of the work should disappear.

Raw iron ore is the adjacent exposed category. It is not part of the 40% fossil-fuel tonnage number, but it is another large, long-haul bulk trade tied to the old industrial geography. As China’s construction pulse slows, steel demand shifts, scrap use rises, electric arc furnaces take more share, and more iron reduction can occur closer to renewables-rich mining regions, raw iron ore shipping is unlikely to behave like a permanently rising global constant. That does not make iron ore shipping vanish, but it does make it a poor basis for assuming today’s bulk-shipping energy demand simply continues.

Other parts of shipping grow in the transition, but many of them are better suited to electrification than the fossil-bulk trades they partially replace. Offshore wind construction and service vessels grow. Ferries and short-sea routes expand where road congestion, urban growth, islands, ports, and regional logistics justify them. Inland and coastal freight can grow as supply chains reorganize and ports electrify. These are not all battery-only segments, but they tend to have more regular routes, shorter distances, known terminals, and better opportunities for charging, shore power, and battery-dominant hybrid operation than long-haul coal, oil, gas, and raw iron ore trades.

The result is a very different maritime fuel problem. A one-for-one substitution model makes the alternative-fuel task look enormous, and it is enormous if the goal is to preserve today’s oil-shaped marine energy system with different molecules. A denominator-first model asks what fuel-burning work is left after fossil cargo declines, raw iron ore exposure is included, electrifiable segments grow, short routes electrify, and efficiency trims the remaining fleet.

That is where batteries enter the picture without pretending to be magic. Inland shipping, ferries, harbor craft, many short-sea routes, and some coastal services are structurally suited to batteries, shore power, terminal charging, and battery-dominant hybrid operation. Recent work in Nature Energy on short-sea electrification found a surprisingly large eligible wedge of maritime energy once route structure, battery size, ship classes, and operating patterns are tested rather than waved away. Those ships do not need a universal global molecule. They need electricity, charging infrastructure, operational planning, and procurement discipline, which is less glamorous than a new global fuel chain and usually more useful.

Operational efficiency also matters, but it belongs in the same denominator logic. Slow steaming, routing, hull management, propeller improvements, wind assistance where it fits, hybridization, and better logistics all reduce fuel demand in the part of the fleet that still burns fuel. None of them turns a large oceangoing vessel into a battery ferry, and none of them avoids the need for residual liquid fuels. They reduce the size of the problem those fuels have to solve.

Only after those reductions does the residual fuel debate become useful. Biomethanol, biodiesel, hydrotreated vegetable oil, and potentially ethanol belong in the conversation for vessels and routes that still need liquid fuels and where feedstock, lifecycle emissions, bunkering, safety, and cost make sense. They do not have to replace today’s entire marine fuel pool to matter. They have to serve the smaller pool of voyages that still need energy-dense liquids after cargo, route, and efficiency changes have done their work. In that context, hybrid ships make alcohol fuels range extenders, not rivals to electrification.

That is one reason ammonia and hydrogen remain weak centerpieces for shipping decarbonization. They ask the sector to build expensive new fuel chains around molecules with major cost, safety, energy-density, handling, and lifecycle-accounting problems, often while ignoring the shrinking denominator. Synthetic fuels have their own very long electricity and conversion-loss stack. LNG remains mostly a fossil incumbent strategy with a different label and a methane problem it has never convincingly escaped.

The policy discussion is slowly moving toward better accounting, especially with well-to-wake emissions and tighter International Maritime Organization targets, but targets do not create viable fuel pathways by themselves. Alternative-fuel capability on a ship order is not delivered decarbonization. A pilot bunkering event is not fleet transformation. The useful evidence comes later: operating routes, delivered fuel, verified lifecycle emissions, repeat procurement, and economics that survive outside demonstration conditions.

The public reading of the pathway is straightforward. Count fuel only where ships remain fuel-burning. Discount the parts of shipping where cargo disappears, where batteries and shore power are advantaged, and where operational changes reduce energy use. Then argue about residual liquids for the work that remains, not for the entire legacy bunker-fuel pool. That is also how maritime fuel economics should be compared: by useful work and residual demand, not by preserving today’s fuel pool and asking every molecule to fill it.

Shipping is not going to decarbonize by finding one universal alternative fuel and applying it to the existing oil-shaped system. It has to recognize that some of today’s largest and most energy-intensive cargo flows are structurally exposed by the transition itself. When 40% of tonnage represents about half of freight energy, the first fuel transition is not a molecule. It is the disappearance of a lot of long-haul fossil work.



A longer maintained version of this analysis is available at TFIE Strategy Briefing:

Shipping’s Fuel Transition Starts With Less Fuel, Not Better Molecules

It is part of Michael Barnard’s broader work on maritime decarbonization, shipping fuel pathways, electrification, residual liquids and 2100 transition scenarios.
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Burnout is real for open source maintainers

openjsf.org · 101 points · Discussion

For more than a decade, Lodash has been one of the most widely used libraries in the JavaScript ecosystem. Its utilities appear in countless projects, often quietly working behind the scenes, and today has over 100 million npm downloads each day.
But like many critical open source tools, Lodash began as the work of a single maintainer. In a recent conversation, creator John-David Dalton reflected on the project’s growth, the pressures of maintaining software used across the world, and the personal journey that led to stepping back and eventually rebuilding a sustainable path forward.
Please note: This conversation was initially just a phone call, but was so powerful that we decided to turn it into a blog and share the audio via YouTube.

When a side project becomes infrastructure
Dalton’s involvement in open source began years before Lodash. Early experimentation with JavaScript utilities, performance testing, and cross browser compatibility gradually led him toward building a library developers could rely on.
When Lodash launched in 2012, the goal was simple: provide fast, reliable utilities that worked consistently across environments and improved the developer experience.
As the JavaScript ecosystem expanded, the library spread quickly. Increased adoption of npm and the growth of frameworks created demand for dependable building blocks. Lodash became one of the most widely used.
What began as a forked project evolved into infrastructure used across the ecosystem. Today the library sees more than 100 million downloads every day.
The pressure most users never see
When people talk about burnout in open source, the conversation often centers on workload, too many issues, too many requests, too much responsibility. Dalton’s experience shows that the story can be more complicated.
For years he maintained Lodash with a simple rhythm, working on the project a little each day. That routine kept the work manageable and allowed the project to evolve steadily.
Then life changed.
Dalton shared that the period when development on Lodash slowed significantly coincided with the loss of his mother. After that, his priorities shifted. While he continued releasing updates when possible, the project was no longer part of the daily routine that had sustained it for years.
Another major life transition followed in 2019 when he went through an amicable divorce. Even under positive circumstances, rebuilding stability after a major life change takes time. During that period he stepped back from most open source work to focus on restoring balance.
Like many maintainers, Dalton also felt the quiet pressure that comes with stepping away. There is often a concern that if contributions stop, relevance might disappear as well. What he discovered instead was that the relationships and trust built with the community remained.
Rebuilding after burnout
Returning to open source was not immediate. Dalton estimates it took roughly five years and several false starts before contributing again felt sustainable.
The recovery was less about productivity and more about balance. Therapy, exercise, healthier boundaries, and hobbies outside programming all played a role. One intentional change was stepping away from coding as a hobby. When both work and open source revolve around the same activity, having something separate becomes important.
For Dalton, the takeaway was straightforward. Long term sustainability matters more than constant output.
A new chapter for Lodash
Despite these challenges, Lodash has recently entered an important new phase.
With support from the OpenJS ecosystem, the project underwent a significant security and infrastructure overhaul designed to make long term maintenance more sustainable.
New governance structures were introduced, including a Technical Steering Committee and a dedicated security triage group to help guide releases and manage vulnerability reports. The project also restored continuous integration, implemented modern security tooling, and documented new workflows for handling issues and security updates.
The effort reflects a broader shift in how critical open source projects are maintained. Rather than relying on a single individual, responsibility is now shared across a community of contributors.
What the ecosystem can learn
Lodash is only one example, but the lesson applies widely across the JavaScript ecosystem.
Many packages developers depend on every day are maintained by individuals or very small teams. When those projects become successful, the expectations placed on maintainers can grow rapidly.
Supporting maintainers, contributing improvements, and respecting boundaries all help projects remain healthy.
Sometimes the most important step is simply remembering that behind every dependency is a person who created it.
Why these conversations matter
Talking openly about burnout helps the community better understand what maintainers experience as projects grow.
It also highlights why governance, shared responsibility, and sustainable maintenance models matter for the future of open source.
The story of Lodash shows both the impact a single project can have and the importance of supporting the people who maintain the tools the ecosystem relies on every day.




Original: https://openjsf.org/blog/burnout-is-real-for-open-source-maintainers · Discussion
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Excessive nil pointer checks in Go

konradreiche.com · 84 points · Discussion

Jun 16, 2026Let’s talk about nil pointer checks in Go. You want to prevent panics in production, but that doesn’t start with a deferred recover. It starts with defensive programming. Check your inputs, check your bounds, and check pointers for nil before dereferencing them.
I’ve started to see more nil checks in Go code. In the right place, they are necessary for writing safe code. In the wrong place, they are a sign that the code has stopped being clear about what can and cannot be nil. I have noticed this pattern more in generated code, but this symptom is not new and is not limited to AI.
When a nil check is cheap and prevents a panic, why not add it? Your reflex may be, let’s just be safe. But the check also tells the next reader something, and often the wrong thing.
Nil Check on a Dependency
Consider a nil check on a dependency. A type RateLimiter holds a Redis client, and a nil check guards before using it in lines 10 to 12:
 1type RateLimiter struct {
 2	redis *redis.Client
 3}
 4
 5func (r *RateLimiter) Allow(ctx context.Context, req *Request) (bool, error) {
 6	userID := GetUserID(req)
 7	if userID == "" {
 8		return false, nil
 9	}
10	if r.redis != nil {
11		return r.checkLimit(ctx, userID)
12	}
13	return false, nil
14}


At a glance, it looks like the safe thing to do, but you should ask yourself: why would you construct RateLimiter with a nil dependency?
If the Redis client is nil, the error happened earlier, at construction time. Checking for it now does not handle that error. Worse, it treats operating with the failed construction as an acceptable state. In Go, you want to fail fast and fail early.
A nil check is not always defensive programming. In this example, it’s a sign that the code has lost track of the lineages of its objects. We no longer know where the pointer came from, who was responsible for initializing it, or what invariant should have made nil impossible.
Nil Check on a Dependency in the Constructor
You may attempt to address this by pushing the problem up one layer. You now check for nil and return an error to flag the nil dependency as an invalid state.
func NewRateLimiter(client *redis.Client) (*RateLimiter, error) {
	if client == nil {
		return nil, errors.New("redis client is nil")
	}
	return &RateLimiter{
		redis: client,
	}, nil
}


It’s better, but it’s still not correct. Why not? Because we still allowed the invalid state to enter our system. A nil pointer is still being passed to our function, which puts the burden of deciding whether to trust the input on code that should have received a valid value in the first place.
The constructor is not where the error happened. The error happens at the initialization site:
redisClient, err := NewRedisClient(addr)
if err != nil {
	return nil, err
}

limiter := NewRateLimiter(redisClient)


Once initialization fails, we should handle that error immediately. We should not continue with a nil pointer and force the next, deeper layer to rediscover the outcome. Doing so also removes the need for the rate limiter constructor to return an error in the first place!
If the system needs to tolerate the store being temporarily unavailable, do not propagate a nil, model it explicitly. Wrap it so the outer type is always non-nil and handles retries or degradation internally, exposing methods that are safe to call. The caller gets a type guaranteed to exist, and the messiness stays contained inside it. That is how you encapsulate complexity rather than expose your entire codebase to it.
This is the same idea as a database constraint. A NOT NULL or foreign-key constraint guarantees a bad row cannot exist in the first place, so every query can trust the data without re-checking it. You want the same guarantee for your runtime values, with one difference. The database enforces its constraint on every write. You establish yours once, so the rest of the code can rely on it without having to repeat the checks.
The Cost of Silent Failures
When I flag code like the one above, I often get a response that reveals a well-intentioned instinct about reliability, and it goes something like this:
“I don’t want to return an error here and risk taking the program down over my small change. Wrapping it in a nil check or just logging it feels safer.”

The choice feels like crash (bad) versus continue (safe), but it’s actually loud failure (safe) versus silent failure (bad). An error explicitly returned is:
	Loud: You find out it happened.
	Immediate: You find out near the cause.
	Attributable: The caller can connect the failure to the operation that failed.

An error you swallow is the exact inverse. The failure becomes:
	Silent: Nothing tells you it happened.
	Delayed: It surfaces later, after more code has run.
	Ambiguous: By the time you see the symptom, the original cause is harder to identify.

The gap between cause and symptom is the cost, and it grows with every call the program survives in an invalid state. That is why the fix is not to hide the failure locally. The fix is to understand where the error goes. Who calls this function? How are errors propagated? Where do they become a rejected request, a failed job, a retry, an alert, or a shutdown?
That requires looking beyond your immediate change set, but that is part of the work. If returning the error would take down more of the system than necessary, the problem lies at the error-handling boundary.
Second-Order Cost
Once failures are silent, you do not know what happened, which can hide bugs. It forces you to build infrastructure to detect the absence of operations: metrics, dashboards, and alerts. You are now spending engineering effort to reconstruct a signal you threw away. Every time you tolerate an impossible or unhandled state, you pay for it later by having to observe it.
Outer vs Inner Layer
It may not be clear yet when each check should happen. It can help to think of these as different stages in the program’s execution flow. Earlier, I wrote that the deeper layer would have to rediscover an error that was already handled above.
That has to do with the order of operations: the outer layer is where execution starts and where data enters from the outside world, and the inner layer is the code those outer calls eventually reach. The deeper you go down the call stack, the further into the inner layer you are.
At the start of execution, nothing is guaranteed, but you have not done anything either. During initialization, you set up the things your program depends on. For each one, you decide: is this a must-have, or is it something that can be unavailable at times? Your design should gravitate toward dependencies that are always available and minimize those that can drop out.
Nil Check on Request-Scoped Data
The other kind of nil shows up later, once the program is running and handling work. A request-scoped value, the request itself, its fields, and anything derived from it, is different from a dependency. A dependency is fixed at construction. A request arrives from outside on every call: from an HTTP handler, an RPC, a queue, a test helper, another package.
It is tempting to have a nil check for the request itself in our RateLimiter:
 1func (r *RateLimiter) Allow(ctx context.Context, req *Request) (bool, error) {
 2	if req == nil {
 3		return false, nil
 4	}
 5	userID := GetUserID(req)
 6	if userID == "" {
 7		return false, nil
 8	}
 9    return r.checkLimit(ctx, userID)
10}


But that is the same mistake in a new place. The request did not arrive in Allow. It entered the program earlier, at the transport boundary, the HTTP handler, the RPC dispatch, the queue consumer, etc., and it has been traveling through our code ever since.
By the time Allow runs, the request is already inner-layer data. Checking it here means a deep function is re-validating something an outer layer should have guaranteed, which is exactly what we rejected for the dependency. It spreads uncertainty. The check belongs at the boundary, where the untrusted bytes first become a *Request:
func (h *Handler) ServeHTTP(w http.ResponseWriter, r *http.Request) {
	req, err := DecodeRequest(r)
	if err != nil {
		http.Error(w, err.Error(), http.StatusBadRequest)
		return
	}
	// req is now validated. Everything past this point can trust it.
	allowed, err := h.limiter.Allow(r.Context(), req)
	// ...
}


You do not control what you are handed, so checking it for nil at that boundary is reasonable. Data arrives from outside, and you treat it as untrusted, so you validate it: check for nil, check the constraints that must hold. Then it crosses into the inner layer, where you map it into your own types and business logic. Past that point, it is trusted. It has become an invariant of your system. Finally, Allow keeps no nil checks at all:
func (r *RateLimiter) Allow(ctx context.Context, req *Request) (bool, error) {
	userID := GetUserID(req)
	if userID == "" {
		return false, nil
	}
	return r.checkLimit(ctx, userID)
}


This is what lets you focus on the actual logic instead of cluttering every function with nil checks. You could move the empty userID check out to the HTTP layer too, but here we deliberately let the rate limiter own that policy.
Systems built this way are easier to reason about and easier to change. Systems that are not force the opposite: you add the checks, and then you have to decide what each one should do. What is the fallback? Does it even make sense here? Every check is a new branch, and every branch is a behavior you now have to define for a state that should not exist.
Conclusion
A nil check is good when it enforces a documented boundary or models an intentional optional state. A nil check is suspicious when it silently handles a state the program claims should be impossible.
So when nil checks show up everywhere, they are telling you one of two things. Either the code is guarding untrusted boundary input, which is normal, or the codebase never established its invariants, which is a design problem.
If you are working in a system where you cannot trust any parameters, the fix is not to add more checks. You may have to for the time being, but the real work is to start establishing the invariants those checks stand in for, and gradually replace fear-driven clutter with guarantees the rest of the system can rely on.
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Two Qwen3 models on one DGX Spark: the residency math

devashish.me · 80 points · Discussion

My agent stack with Hermes runs on a workstation. The models run on a DGX Spark on the same LAN. The split is deliberate: the workstation stays responsive, the Spark does the GPU work, and they talk over an HTTP proxy.


Since I started managing the agent fleet through Clawrium, the Hermes count has climbed. More agents on more hosts, more concurrent traffic, all hitting the same Spark. What was a one-laptop, one-model setup is now a small fleet against a single backend — and the shape of the load is exactly what a single-model server can’t serve.

Fleet snapshot with different providers (orchestration using Clawrium)
The Spark served models through ollama for months. It worked. One model up, single config, easy to bring down. 
But ollama owns the card. There’s no per-process memory budget, no gpu_memory_utilization knob, no straightforward way to coresident a heavy model for reasoning and a fast model for quick turns. KV cache management is whatever the underlying llama.cpp backend gives you. PagedAttention isn’t there.
vLLM fixes all of that. 
	PagedAttention reclaims KV blocks instead of contiguous-pinning them.

	gpu_memory_utilization gives you a per-container budget. 


One Spark (GB10, 119.67 GiB unified memory) can run multiple vLLM containers behind a LiteLLM proxy on :4000, and Hermes hits one URL to route to either model. The promise: serve Qwen3-Next-80B-Instruct-FP8 for the heavy work and Qwen3-4B-Instruct-2507 for fast turns, coresident, both reachable from a single endpoint.


That’s the why. What follows is what it took to make the promise hold. 
Spark hardware will happily hold two Qwen3 models if the numbers line up. They didn’t, for several days. That’s where my last weekend went.
First 80B config: gpu_memory_utilization: 0.75, max_model_len: 65536, max_num_seqs: 4. vLLM’s KV cache init crashed with “No available memory for the cache blocks.” Qwen3-Next is mostly Mamba; the per-block page alignment pushes KV pool demand higher than the ~14 GiB residue after weights.
Bumped to 0.85. Now the free-memory check crashed: “Free memory on device (98.51/119.67 GiB) is less than desired GPU memory utilization (0.85, 101.72 GiB).” The 4B was already resident at ~16 GiB. The 80B’s 0.85 target was reading the whole card, not what was free.
That’s the first lesson. gpu_memory_utilization is a fraction of total GPU memory, not free memory. 
Two co-resident vLLM processes need their fractions to sum below ~0.95 to leave room for CUDA framework overhead. If your math assumes free, you’ll oscillate between OOMs and silent KV starvation.
Settled at 0.80 / 32k / 2 for the 80B. Loaded clean. KV pool ~20.8 GiB after weights.
Then Hermes came online and tool calls came back as plain text. <tool_call> JSON sitting inside content. tool_calls: []. finish_reason: stop. Hermes never executed it.
A day of parser triage produced nothing actionable. Both hermes_tool_parser.py and qwen3xml_tool_parser.py look for <tool_call> (singular). The <tools> plural tag is the system-prompt definition, not the output. The parser wasn’t wrong. The model wasn’t emitting.
tool_choice: "required" worked. tool_choice: "auto" came back empty: tool_calls: [], content: "", 619 characters of reasoning inside <think> concluding “Alright, that’s it” without emitting the call.
Qwen’s own model card states it plainly: Qwen3-Next-80B-Thinking supports only thinking mode. enable_thinking: false is a structural no-op on this checkpoint. /no_think in the prompt is ignored. The model reasons inside <think>, decides, and never emits.
That’s an unrecoverable failure for any agent SDK that defaults to tool_choice: "auto". The fix wasn’t a parser flag. It was swapping the whole 80B backbone from Thinking to Instruct.
77 GiB pre-pull. Drain GPU. Bring up with --enable-auto-tool-choice --tool-call-parser hermes, no --reasoning-parser. Three LiteLLM aliases (writer / reviewer / sources) all passed tool_choice: "auto" cleanly with finish_reason: tool_calls. Trade accepted: reviewer loses native <think> traces. Reasoning moved into the prompt.
Reviewer agent (running on Hermes) needed 64k context. Bumped the 80B to 0.85 / 65536 / 2. 80B loaded healthy. The 4B’s restart loop kicked in 19 times: “Free memory on device (12.58/119.67 GiB) is less than desired GPU memory utilization (0.12, 14.36 GiB).”
80B’s actual residency at 0.85 was 101.5 GiB. Plus ~5 GiB CUDA framework overhead. That left ~12.5 GiB free. The 4B needed 14.36 GiB. No room.
Toned the 80B back to 0.80, dropped the 4B to 0.10 / 16384 / 8. Both came up healthy. The 4B’s max_model_len had to drop because the 0.10 allocation leaves only ~3.5 GiB for KV pool — 32k single-seq KV demand (~4.8 GiB) doesn’t fit; 16k (~2.4 GiB) does.


This is the table I wish I’d built on day one:


Three observations from the actuals.
The 80B’s actual residency at 0.80 ran 8 GiB under allocation. That cushion is the only reason the 4B’s restart variability doesn’t break the deployment. At 0.85, the cushion went negative — same hardware, same models, same vLLM build.
The 4B at 0.10 actually resides at 13.8 GiB, not the 12 GiB the target implies. CUDA framework overhead doesn’t disappear at small allocations.
On Qwen3-Next specifically, max_model_len × max_num_seqs is dominated by Mamba state alignment, not attention KV. Halving max_model_len doesn’t halve KV pool demand the way it does on a pure attention model. Plan KV against Mamba page sizes, not against intuition from Llama-class models.
Once the wiring was complete, LiteLLM showed all the aliases for the same two models running on the spark. 


gpu_memory_utilization is a snapshot vLLM takes at process start, against total card memory. It is not a target against free memory. CUDA contexts from prior failed attempts can transiently inflate residency and trip the check spuriously. Co-resident processes don’t negotiate — they race.
The only number that matters is actual residency after both processes have stabilized, measured against the headroom the harder-to-restart model needs to come back from a crash. Target allocations are a planning input; actuals are the ground truth.
For a two-model Spark deployment, the playbook is: load the bigger model first, let it settle, run nvidia-smi to read actual residency, then size the smaller model’s gpu_memory_utilization against the free pool minus ~5 GiB for its own framework overhead. Recheck after both restart cleanly twice.
If you have a vLLM deployment running right now, pull this:
nvidia-smi --query-gpu=memory.used --format=csv
Compare the actual number to what your gpu_memory_utilization target implies. If the two diverge by more than 10%, your sizing model is wrong. Fix it before you ship anything that depends on coresidency — agent stacks, parallel workers, fallback chains. The math has to be empirical, not aspirational.
If you’re standing up a similar local-LLM stack — DGX Spark(or other hardware), vLLM, multiple coresident models, or wiring a remote agent fleet to a single inference backend — I’d love to compare notes.


Discussion about this post
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Proportional-Integral-Derivative (PID) controllers

en.wikipedia.org · 77 points · Discussion


A proportional–integral–derivative (PID) controller, or three-term controller, is a feedback-based control loop mechanism commonly used to manage machines and processes that require continuous control and automatic adjustment. It is typically used in industrial control systems and various other applications where constant control through modulation is necessary without human intervention. The PID controller automatically compares the desired target value (setpoint or SP) with the actual value of the system (process variable or PV). The difference between these two values is called the error value, denoted as .

It then applies corrective actions automatically to bring the PV to the same value as the SP using three methods: The proportional (P) component responds to the current error value by producing an output that is directly proportional to the magnitude of the error. This provides immediate correction based on how far the system is from the desired setpoint. The integral (I) component, in turn, considers the cumulative sum of past errors to address any residual steady-state errors that persist over time, eliminating lingering discrepancies. Lastly, the derivative (D) component predicts future error by assessing the rate of change of the error, which helps to mitigate overshoot and enhance system stability, particularly when the system undergoes rapid changes. The PID output signal can directly control actuators through voltage, current, or other modulation methods, depending on the application. The PID controller reduces the likelihood of human error and improves automation.

A common example is a vehicle’s cruise control system. For instance, when a vehicle encounters a hill, its speed will decrease if the engine power output is kept constant. The PID controller adjusts the engine's power output to restore the vehicle to its desired speed, doing so efficiently with minimal delay and overshoot.

The theoretical foundation of PID controllers dates back to the early 1920s with the development of automatic steering systems for ships. This concept was later adopted for automatic process control in manufacturing, first appearing in pneumatic actuators and evolving into electronic controllers. PID controllers are widely used in numerous applications requiring accurate, stable, and optimized automatic control, such as temperature regulation, motor speed control, and industrial process management.



Fundamental operation
[edit]


A block diagram of a PID controller in a feedback loop. r(t) is the setpoint (SP), and y(t) is the measured process variable (PV).
The most distinguishing feature of the PID controller is the ability to use the three control terms of proportional, integral and derivative influence on the controller output to apply accurate and optimal control. The block diagram on the right shows the principles of how these terms are generated and applied. It shows a PID controller, which continuously calculates an error value  as the difference between a desired setpoint  and a measured process variable : , and applies a correction based on proportional, integral, and derivative terms. The controller attempts to minimize the error over time by adjustment of a control variable , such as the opening of a control valve, to a new value determined by a weighted sum of the control terms.
The PID controller directly generates a continuous control signal based on error, without discrete modulation.

In this model:


	Term P is proportional to the current value of the SP−PV error . For example, if the error is large, the control output will be proportionately large by using the gain factor "Kp". Using proportional control alone will result in an error between the set point and the process value because the controller requires an error to generate the proportional output response. In steady state process conditions an equilibrium is reached, with a steady SP−PV "offset".

	Term I integrates past values of the SP−PV error. For example, if there is a residual error after the application of proportional control, the integral term seeks to eliminate the residual error by adding a control effect due to the historic cumulative value of the error. When the error is eliminated, the integral term will cease to grow. This will result in the proportional effect diminishing as the error decreases, but this is compensated for by the growing integral effect.

	Term D is a best estimate of the future trend of the SP−PV error, based on its current rate of change. It is sometimes called "anticipatory control", as it is effectively seeking to reduce the effect of the SP−PV error by exerting a control influence generated by the rate of error change. The more rapid the change, the greater the controlling or damping effect.[1]


Tuning – The balance of these effects is achieved by loop tuning to produce the optimal control function. The tuning constants are shown below as "K" and must be derived for each control application, as they depend on the response characteristics of the physical system, external to the controller. These are dependent on the behavior of the measuring sensor, the final control element (such as a control valve), any control signal delays, and the process itself. Approximate values of constants can usually be initially entered knowing the type of application, but they are normally refined, or tuned, by introducing a setpoint change and observing the system response.[2]

Control action – The mathematical model and practical loop above both use a direct control action for all the terms, which means an increasing positive error results in an increasing positive control output correction. This is because the "error" term is not the deviation from the setpoint (actual–desired) but is in fact the correction needed (desired–actual). The system is called reverse acting if it is necessary to apply negative corrective action. For instance, if the valve in the flow loop was 100–0% valve opening for 0–100% control output, meaning that the controller action has to be reversed. Some process control schemes and final control elements require this reverse action. An example would be a valve for cooling water, where the fail-safe mode, in the case of signal loss, would be 100% opening of the valve; therefore 0% controller output needs to cause 100% valve opening.



The overall control function is


	


where , , and , all non-negative, denote the coefficients for the proportional, integral, and derivative terms respectively (sometimes denoted P, I, and D).



In the standard form of the equation (see later in article),  and  are respectively replaced by  and ; the advantage of this being that  and  have some understandable physical meaning, as they represent an integration time and a derivative time respectively.  is the time constant with which the controller will attempt to approach the set point.   determines how long the controller will tolerate the output being consistently above or below the set point.


	


where


	 is the integration time constant, and


	 is the derivative time constant.


Selective use of control terms
[edit]


Although a PID controller has three control terms, some applications need only one or two terms to provide appropriate control. This is achieved by setting the unused parameters to zero and is called a PI, PD, P, or I controller in the absence of the other control actions. PI controllers are fairly common in applications where derivative action would be sensitive to measurement noise, but the integral term is often needed for the system to reach its target value.[citation needed]



The use of the PID algorithm does not guarantee optimal control of the system or its control stability (see § Limitations, below). Situations may occur where there are excessive delays: the measurement of the process value is delayed, or the control action does not apply quickly enough.  In these cases, lead–lag compensation is required to be effective. The response of the controller can be described in terms of its responsiveness to an error, the degree to which the system overshoots a setpoint, and the degree of any system oscillation. But the PID controller is broadly applicable since it relies only on the response of the measured process variable, not on knowledge or a model of the underlying process.



Early PID theory was developed by observing the actions of helmsmen in keeping a vessel on course in the face of varying influences such as wind and sea state.
Pneumatic PID (three-term) controller. The magnitudes of the three terms (P, I and D) are adjusted by the dials at the top.

The centrifugal governor was invented by Christiaan Huygens in the 17th century to regulate the gap between millstones in windmills depending on the speed of rotation, and thereby compensate for the variable speed of grain feed.[3][4]

With the invention of the low-pressure stationary steam engine, there was a need for automatic speed control, and James Watt's self-designed "conical pendulum" governor, a set of revolving steel balls attached to a vertical spindle by link arms, came to be an industry standard. This was based on the millstone-gap control concept.[5]

Rotating-governor speed control, however, was still variable under conditions of varying load, where the shortcoming of what is now known as proportional control alone was evident. The error between the desired speed and the actual speed would increase with increasing load. In the 19th century, the theoretical basis for the operation of governors was first described by James Clerk Maxwell in 1868 in his now-famous paper On Governors. He explored the mathematical basis for control stability and progressed a good way towards a solution, but made an appeal for mathematicians to examine the problem.[6][5]  The problem was examined further in 1874 by Edward Routh, Charles Sturm, and in 1895, Adolf Hurwitz, all of whom contributed to the establishment of control stability criteria.[5]
In subsequent applications, speed governors were further refined, notably by American scientist Willard Gibbs, who in 1872 theoretically analyzed Watt's conical pendulum governor.

About this time, the invention of the Whitehead torpedo posed a control problem that required accurate control of the running depth. Use of a depth pressure sensor alone proved inadequate, and a pendulum that measured the fore and aft pitch of the torpedo was combined with depth measurement to become the pendulum-and-hydrostat control. Pressure control provided only a proportional control that, if the control gain was too high, would become unstable and go into overshoot with considerable instability of depth-holding. The pendulum added what is now known as derivative control, which damped the oscillations by detecting the torpedo dive/climb angle and thereby the rate-of-change of depth.[7] This development (named by Whitehead as  "The Secret" to give no clue to its action) was around 1868.[8]

Another early example of a PID-type controller was developed by Elmer Sperry in 1911 for ship steering, though his work was intuitive rather than mathematically-based.[9]

It was not until 1922, however, that a formal control law for what we now call PID or three-term control was first developed using theoretical analysis, by Russian American engineer Nicolas Minorsky.[10] Minorsky was researching and designing automatic ship steering for the US Navy and based his analysis on observations of a helmsman. He noted the helmsman steered the ship based not only on the current course error but also on past error, as well as the current rate of change;[11] this was then given a mathematical treatment by Minorsky.[5]
His goal was stability, not general control, which simplified the problem significantly. While proportional control provided stability against small disturbances, it was insufficient for dealing with a steady disturbance, notably a stiff gale (due to steady-state error), which required adding the integral term. Finally, the derivative term was added to improve stability and control.

Trials were carried out on the USS New Mexico, with the controllers controlling the angular velocity (not the angle) of the rudder. PI control yielded sustained yaw (angular error) of ±2°. Adding the D element yielded a yaw error of ±1/6°, better than most helmsmen could achieve.[12]

The Navy ultimately did not adopt the system due to resistance by personnel. Similar work was carried out and published by several others[who?] in the 1930s.[citation needed]



Proportional control using nozzle and flapper high gain amplifier and negative feedback
The wide use of feedback controllers did not become feasible until the development of wideband high-gain amplifiers to use the concept of negative feedback. This had been developed in telephone engineering electronics by Harold Black in the late 1920s, but not published until 1934.[5] Independently, Clesson E Mason of the Foxboro Company in 1930 invented a wide-band pneumatic controller by combining the nozzle and flapper high-gain pneumatic amplifier, which had been invented in 1914, with negative feedback from the controller output. This dramatically increased the linear range of operation of the nozzle and flapper amplifier, and integral control could also be added by the use of a precision bleed valve and a bellows generating the integral term. The result was the "Stabilog" controller, which gave both proportional and integral functions using feedback bellows.[5] The integral term was called Reset.[13]  Later, the derivative term was added by a further bellows and adjustable orifice.

From about 1932 onwards, the use of wideband pneumatic controllers increased rapidly in a variety of control applications. Air pressure was used for generating the controller output, and also for powering process modulating devices such as diaphragm-operated control valves.  They were simple low maintenance devices that operated well in harsh industrial environments and did not present explosion risks in hazardous locations. They were the industry standard for many decades until the advent of discrete electronic controllers and distributed control systems (DCSs).

With these controllers, a pneumatic industry signaling standard of 3–15 psi (0.2–1.0 bar) was established, which had an elevated zero to ensure devices were working within their linear characteristic and represented the control range of 0-100%.


Typical setup for temperature controlling process. From left to right: resistance thermometer, Delta DTK4848V01 temperature controller with PID function, a solid-state relay
In the 1950s, when high-gain electronic amplifiers became cheap and reliable, electronic PID controllers became popular, and the pneumatic standard was emulated by 10-50 mA and 4–20 mA current loop signals (the latter became the industry standard). Pneumatic field actuators are still widely used because of the advantages of pneumatic energy for control valves in process plant environments.


Showing the evolution of analog control loop signaling from the pneumatic to the electronic eras
Current loops used for sensing and control signals. A modern electronic "smart" valve positioner is shown, which will incorporate its own PID controller.
Most modern PID controls in industry are implemented as computer software in DCSs, programmable logic controllers (PLCs), or discrete compact controllers.


Electronic analog controllers
[edit]


Electronic analog PID control loops were often found within more complex electronic systems, for example, the head positioning of a disk drive, the power conditioning of a power supply, or even the movement-detection circuit of a modern seismometer. Discrete electronic analog controllers have been largely replaced by digital controllers using microcontrollers or FPGAs to implement PID algorithms. However, discrete analog PID controllers are still used in niche applications requiring high-bandwidth and low-noise performance, such as laser-diode controllers.[14]


Control loop example
[edit]



Consider a robotic arm[15] that can be moved and positioned by a control loop. An electric motor may lift or lower the arm, depending on forward or reverse power applied, but power cannot be a simple function of position because of the inertial mass of the arm, forces due to gravity, external forces on the arm such as a load to lift or work to be done on an external object.


	The sensed position is the process variable (PV).

	The desired position is called the setpoint (SP).

	The difference between the PV and SP is the error (e), which quantifies whether the arm is too low or too high and by how much.

	The input to the process (the electric current in the motor) is the output from the PID controller. It is called either the manipulated variable (MV) or the control variable (CV).


The PID controller continuously adjusts the input current to achieve smooth motion.

By measuring the position (PV) and subtracting it from the setpoint (SP), the error (e) is found, and from it, the controller calculates how much electric current (MV) to supply to the motor.



The obvious method is proportional control: the motor current is set in proportion to the existing error. However, this method fails if, for instance, the arm has to lift different weights: a greater weight needs a greater force applied for the same error on the down side, but a smaller force if the error is low on the upside. That's where the integral and derivative terms play their part.



An integral term increases action in relation not only to the error but also the time for which it has persisted. So, if the applied force is not enough to bring the error to zero, this force will be increased as time passes. A pure "I" controller could bring the error to zero, but it would be both weakly reacting at the start (because the action would be small at the beginning, depending on time to become significant) and more aggressive at the end (the action increases as long as the error is positive, even if the error is near zero).

Applying too much integral when the error is small and decreasing will lead to overshoot. After overshooting, if the controller were to apply a large correction in the opposite direction and repeatedly overshoot the desired position, the output would oscillate around the setpoint in either a constant, growing, or decaying sinusoid. If the amplitude of the oscillations increases with time, the system is unstable. If it decreases, the system is stable. If the oscillations remain at a constant magnitude, the system is marginally stable.



A derivative term does not consider the magnitude of the error (meaning it cannot bring it to zero: a pure D controller cannot bring the system to its setpoint), but rather the rate of change of error, trying to bring this rate to zero. It aims at flattening the error trajectory into a horizontal line, damping the force applied, and so reduces overshoot (error on the other side because of too great applied force).



In the interest of achieving a controlled arrival at the desired position (SP) in a timely and accurate way, the controlled system needs to be critically damped. A well-tuned position control system will also apply the necessary currents to the controlled motor so that the arm pushes and pulls as necessary to resist external forces trying to move it away from the required position. The setpoint itself may be generated by an external system, such as a PLC or other computer system, so that it continuously varies depending on the work that the robotic arm is expected to do. A well-tuned PID control system will enable the arm to meet these changing requirements to the best of its capabilities.


Response to disturbances
[edit]


If a controller starts from a stable state with zero error (PV = SP), then further changes by the controller will be in response to changes in other measured or unmeasured inputs to the process that affect the process, and hence the PV. Variables that affect the process other than the MV are known as disturbances. Generally, controllers are used to reject disturbances and to implement setpoint changes. A change in load on the arm constitutes a disturbance to the robot arm control process.



In theory, a controller can be used to control any process that has a measurable output (PV), a known ideal value for that output (SP), and an input to the process (MV) that will affect the relevant PV. Controllers are used in industry to regulate temperature, pressure, force, feed rate,[16] flow rate, chemical composition (component concentrations), weight, position, speed, and practically every other variable for which a measurement exists.



	This section describes the parallel or non-interacting form of the PID controller. For other forms please see § Alternative nomenclature and forms.


The PID control scheme is named after its three correcting terms, whose sum constitutes the manipulated variable (MV). The proportional, integral, and derivative terms are summed to calculate the output of the PID controller. Defining  as the controller output, the final form of the PID algorithm is


	


where


	 is the proportional gain, a tuning parameter,

	 is the integral gain, a tuning parameter,

	 is the derivative gain, a tuning parameter,

	 is the error (SP is the setpoint, and PV(t) is the process variable),

	 is the time or instantaneous time (the present),

	 is the variable of integration (takes on values from time 0 to the present ).


Equivalently, the transfer function in the Laplace domain of the PID controller is


	


			






where  is the complex angular frequency.



Response of PV to step change of SP vs time, for three values of Kp (Ki and Kd held constant)
The proportional term produces an output value that is proportional to the current error value. The proportional response can be adjusted by multiplying the error by a constant Kp, called the proportional gain constant.

The proportional term is given by


	


A high proportional gain results in a large change in the output for a given change in the error. If the proportional gain is too high, the system can become unstable (see the section on loop tuning). In contrast, a small gain results in a small output response to a large input error, and a less responsive or less sensitive controller. If the proportional gain is too low, the control action may be too small when responding to system disturbances. Tuning theory and industrial practice indicate that the proportional term should contribute the bulk of the output change.[citation needed]



The steady-state error is the difference between the desired final output and the actual one.[17] Because a non-zero error is required to drive it, a proportional controller generally operates with a steady-state error.[a] Steady-state error (SSE) is proportional to the process gain and inversely proportional to proportional gain. SSE may be mitigated by adding a compensating bias term to the setpoint AND output or corrected dynamically by adding an integral term.



Response of PV to step change of SP vs time, for three values of Ki (Kp and Kd held constant)
The contribution from the integral term is proportional to both the magnitude of the error and the duration of the error. The integral in a PID controller is the sum of the instantaneous error over time and gives the accumulated offset that should have been corrected previously. The accumulated error is then multiplied by the integral gain (Ki) and added to the controller output.

The integral term is given by


	


The integral term accelerates the movement of the process towards setpoint and eliminates the residual steady-state error that occurs with a pure proportional controller. However, since the integral term responds to accumulated errors from the past, it can cause the present value to overshoot the setpoint value (see the section on loop tuning).



Response of PV to step change of SP vs time, for three values of Kd (Kp and Ki held constant)
The derivative of the process error is calculated by determining the slope of the error over time and multiplying this rate of change by the derivative gain Kd. The magnitude of the contribution of the derivative term to the overall control action is termed the derivative gain, Kd.

The derivative term is given by


	


Derivative action predicts system behavior and thus improves settling time and stability of the system.[18][19] An ideal derivative is not causal, so that implementations of PID controllers include an additional low-pass filtering for the derivative term to limit the high-frequency gain and noise. Derivative action is seldom used in practice, though – by one estimate in only 25% of deployed controllers[citation needed] – because of its variable impact on system stability in real-world applications.



Tuning a control loop is the adjustment of its control parameters (proportional band/gain, integral gain/reset, derivative gain/rate) to the optimum values for the desired control response. Stability (no unbounded oscillation) is a basic requirement, but beyond that, different systems have different behavior, different applications have different requirements, and requirements may conflict with one another.

Even though there are only three parameters and it is simple to describe in principle, PID tuning is a difficult problem because it must satisfy complex criteria within the limitations of PID control. Accordingly, there are various methods for loop tuning, and more sophisticated techniques are the subject of patents; this section describes some traditional, manual methods for loop tuning.

Designing and tuning a PID controller appears to be conceptually intuitive, but can be hard in practice, if multiple (and often conflicting) objectives, such as short transient and high stability, are to be achieved. PID controllers often provide acceptable control using default tunings, but performance can generally be improved by careful tuning, and performance may be unacceptable with poor tuning. Usually, initial designs need to be adjusted repeatedly through computer simulations until the closed-loop system performs or compromises as desired.

Some processes have a degree of nonlinearity, so parameters that work well at full-load conditions do not work when the process is starting up from no load. This can be corrected by gain scheduling (using different parameters in different operating regions).



If the PID controller parameters (the gains of the proportional, integral and derivative terms) are chosen incorrectly, the controlled process input can be unstable; i.e., its output diverges, with or without oscillation, and is limited only by saturation or mechanical breakage. Instability is caused by excess gain, particularly in the presence of significant lag.

Generally, stabilization of response is required and the process must not oscillate for any combination of process conditions and setpoints, though sometimes marginal stability (bounded oscillation) is acceptable or desired.[citation needed]

Mathematically, the origins of instability can be seen in the Laplace domain.[20]

The closed-loop transfer function is


	


where  is the PID transfer function, and  is the plant transfer function. A system is unstable where the closed-loop transfer function diverges for some .[20] This happens in situations where . In other words, this happens when  with a 180° phase shift. Stability is guaranteed when  for frequencies that suffer high phase shifts. A more general formalism of this effect is known as the Nyquist stability criterion.



The optimal behavior on a process change or setpoint change varies depending on the application.

Two basic requirements are regulation (disturbance rejection – staying at a given setpoint) and command tracking (implementing setpoint changes). These terms refer to how well the controlled variable tracks the desired value. Specific criteria for command tracking include rise time and settling time. Some processes must not allow an overshoot of the process variable beyond the setpoint if, for example, this would be unsafe. Other processes must minimize the energy expended in reaching a new setpoint.


Overview of tuning methods
[edit]


There are several methods for tuning a PID loop. The most effective methods generally involve developing some form of process model and then choosing P, I, and D based on the dynamic model parameters. Manual tuning methods can be relatively time-consuming, particularly for systems with long loop times.

The choice of method depends largely on whether the loop can be taken offline for tuning, and on the response time of the system. If the system can be taken offline, the best tuning method often involves subjecting the system to a step change in input, measuring the output as a function of time, and using this response to determine the control parameters.[citation needed]



Choosing a tuning method


	Method

	Advantages

	Disadvantages



	Manual tuning

	No mathematics required; online.

	This is an iterative, experience-based, trial-and-error procedure that can be relatively time consuming. Operators may find "bad" parameters without proper training.[21]



	Ziegler–Nichols

	Online tuning, with no tuning parameter therefore easy to deploy.

	Process upsets may occur in the tuning, can yield very aggressive parameters. Does not work well with time-delay processes. [citation needed]



	Tyreus Luyben

	Online tuning, an extension of the Ziegler–Nichols method, that is generally less aggressive.

	Process upsets may occur in the tuning; operator needs to select a parameter for the method, which requires insight.



	Software tools

	Consistent tuning; online or offline – can employ computer-automated control system design (CAutoD) techniques; may include valve and sensor analysis; allows simulation before downloading; can support non-steady-state (NSS) tuning.

	"Black box tuning" that requires specification of an objective describing the optimal behaviour.



	Cohen–Coon

	Good process models[citation needed].

	Offline; only good for first-order processes.[citation needed]



	Åström-Hägglund

	Unlike the Ziegler–Nichols method, this will not introduce a risk of loop instability. Little prior process knowledge required.[22]

	May give excessive derivative action and sluggish response. Later extensions resolve these issues, but require a more complex tuning procedure.[22]



	Simple control rule (SIMC)

	Analytically derived, works on time-delayed processes, has an additional tuning parameter that allows additional flexibility. Tuning can be performed with step-response model.[21]

	Offline method; cannot be applied to oscillatory processes. Operator must choose the additional tuning parameter.[21]




If the system must remain online, one tuning method is to first set  and  values to zero. Increase the  until the output of the loop oscillates; then set  to approximately half that value for a "quarter amplitude decay"-type response. Then increase  until any offset is corrected in sufficient time for the process, but not until too great a value causes instability. Finally, increase , if required, until the loop is acceptably quick to reach its reference after a load disturbance. Too much  causes excessive response and overshoot. A fast PID loop tuning usually overshoots slightly to reach the setpoint more quickly; however, some systems cannot accept overshoot, in which case an overdamped closed-loop system is required, which in turn requires a  setting significantly less than half that of the  setting that was causing oscillation.[citation needed]


Effects of varying PID parameters (Kp,Ki,Kd) on the step response of a system

Effects of increasing a parameter independently[23][24]


	Parameter

	Rise time

	Overshoot

	Settling time

	Steady-state error

	Stability



	

	Decrease

	Increase

	Small change

	Decrease

	Degrade



	

	Decrease

	Increase

	Increase

	Eliminate

	Degrade



	

	Minor change

	Decrease

	Decrease

	No effect in theory

	Improve if  small



Ziegler–Nichols method
[edit]



Another heuristic tuning method is known as the Ziegler–Nichols method, introduced by John G. Ziegler and Nathaniel B. Nichols in the 1940s. As in the method above, the  and  gains are first set to zero. The proportional gain is increased until it reaches the ultimate gain  at which the output of the loop starts to oscillate constantly.  and the oscillation period  are used to set the gains as follows:



Ziegler–Nichols method


	Control type

	

	

	



	P

	

	—

	—



	PI

	

	

	—



	PID

	

	

	



The oscillation frequency is often measured instead, and the reciprocals of each multiplication yields the same result.

These gains apply to the ideal, parallel form of the PID controller. When applied to the standard PID form, only the integral and derivative gains  and  are dependent on the oscillation period .


Cohen–Coon parameters
[edit]


This method was developed in 1953 and is based on a first-order + time delay model. Similar to the Ziegler–Nichols method, a set of tuning parameters were developed to yield a closed-loop response with a decay ratio of . Arguably, the biggest problem with these parameters is that a small change in the process parameters could potentially cause a closed-loop system to become unstable.


Relay (Åström–Hägglund) method
[edit]


Published in 1984 by Karl Johan Åström and Tore Hägglund,[25] the relay method temporarily operates the process using bang-bang control and measures the resultant oscillations.  The output is switched (as if by a relay, hence the name) between two values of the control variable.  The values must be chosen so the process will cross the setpoint, but they need not be 0% and 100%; by choosing suitable values, dangerous oscillations can be avoided.

As long as the process variable is below the setpoint, the control output is set to the higher value.  As soon as it rises above the setpoint, the control output is set to the lower value.  Ideally, the output waveform is nearly square, spending equal time above and below the setpoint.  The period and amplitude of the resultant oscillations are measured and used to compute the ultimate gain and period, which are then fed into the Ziegler–Nichols method.

Specifically, the ultimate period  is assumed to be equal to the observed period, and the ultimate gain is computed as  where a is the amplitude of the process variable oscillation, and b is the amplitude of the control output change which caused it.

There are numerous variants on the relay method.[26]


First-order model with dead time
[edit]


The transfer function for a first-order process with dead time is


	


where kp is the process gain, τp is the time constant, θ is the dead time, and u(s) is a step change input. Converting this transfer function to the time domain results in


	


using the same parameters found above.

It is important when using this method to apply a large enough step-change input that the output can be measured; however, too large of a step change can affect the process stability. Additionally, a larger step change ensures that the output does not change due to a disturbance (for best results, try to minimize disturbances when performing the step test).

One way to determine the parameters for the first-order process is to use the 63.2% method. In this method, the process gain (kp) is equal to the change in output divided by the change in input. The dead time θ is the amount of time between when the step change occurred and when the output first changed. The time constant (τp) is the amount of time it takes for the output to reach 63.2% of the new steady-state value after the step change. One downside to using this method is that it can take a while to reach a new steady-state value if the process has large time constants.[27]



Most modern industrial facilities no longer tune loops using the manual calculation methods shown above. Instead, PID tuning and loop optimization software are used to ensure consistent results. These software packages gather data, develop process models, and suggest optimal tuning. Some software packages can even develop tuning by gathering data from reference changes.

Mathematical PID loop tuning induces an impulse in the system and then uses the controlled system's frequency response to design the PID loop values. In loops with response times of several minutes, mathematical loop tuning is recommended, because trial and error can take days just to find a stable set of loop values. Optimal values are harder to find. Some digital loop controllers offer a self-tuning feature in which very small setpoint changes are sent to the process, allowing the controller itself to calculate optimal tuning values.

Another approach calculates initial values via the Ziegler–Nichols method, and uses a numerical optimization technique to find better PID coefficients.[28]

Other formulas are available to tune the loop according to different performance criteria. Many patented formulas are now embedded within PID tuning software and hardware modules.[29]

Advances in automated PID loop tuning software also deliver algorithms for tuning PID Loops in a dynamic or non-steady state (NSS) scenario. The software models the dynamics of a process through a disturbance, and calculate PID control parameters in response.[30]



While PID controllers are applicable to many control problems and often perform satisfactorily without any improvements or only coarse tuning, they can perform poorly in some applications and do not, in general, provide optimal control. The fundamental difficulty with PID control is that it is a feedback control system with constant parameters and no direct knowledge of the process, and thus, overall performance is reactive and a compromise. While PID control is the best controller for an observer that has no model of the process, better performance can be obtained by overtly modeling the actor of the process without resorting to an observer.

PID controllers, when used alone, can give poor performance when the PID loop gains must be reduced so that the control system does not overshoot, oscillate or hunt about the control setpoint value. They also have difficulties in the presence of non-linearities, may trade-off regulation versus response time, do not react to changing process behavior (say, the process changes after it has warmed up), and have lag in responding to large disturbances.

The most significant improvement is to incorporate feed-forward control with knowledge about the system, and using the PID only to control error. Alternatively, PIDs can be modified in more minor ways, such as by changing the parameters (either gain scheduling in different use cases or adaptively modifying them based on performance), improving measurement (higher sampling rate, precision, and accuracy, and low-pass filtering if necessary), or cascading multiple PID controllers.


Linearity and symmetry
[edit]


PID controllers work best when the loop to be controlled is linear and symmetric. Thus, their performance in non-linear and asymmetric systems is degraded.

A nonlinear valve in a flow control application, for instance, will result in variable loop sensitivity that requires damping to prevent instability. One solution is to include a model of the valve's nonlinearity in the control algorithm to compensate for this.

An asymmetric application, for example, is temperature control in HVAC systems that use only active heating (via a heating element), whereas only passive cooling is available. Overshoot of rising temperature can only be corrected slowly; active cooling is not available to force temperature downward as a function of the control output. In this case, the PID controller could be tuned to be over-damped, to prevent or reduce overshoot, but this reduces performance by increasing the settling time of a rising temperature to the set point. The inherent degradation of control quality in this application could be solved by application of active cooling.


Noise in derivative term
[edit]


A problem with the derivative term is that it amplifies higher frequency measurement or process noise that can cause large amounts of change in the output. It is often helpful to filter the measurements with a low-pass filter in order to remove higher-frequency noise components. As low-pass filtering and derivative control can cancel each other out, the amount of filtering is limited. Therefore, low-noise instrumentation can be important. A nonlinear median filter may be used, which improves the filtering efficiency and practical performance.[31] In some cases, the differential band can be turned off with little loss of control. This is equivalent to using the PID controller as a PI controller.


Modifications to the algorithm
[edit]


The basic PID algorithm presents some challenges in control applications that have been addressed by minor modifications to the PID form.




One common problem resulting from the ideal PID implementations is integral windup. Following a large change in setpoint, the integral term can accumulate an error larger than the maximal value for the regulation variable (windup), thus the system overshoots and continues to increase until this accumulated error is unwound. This problem can be addressed by:


	Disabling the integration until the PV has entered the controllable region

	Preventing the integral term from accumulating above or below pre-determined bounds

	Back-calculating the integral term to constrain the regulator output within feasible bounds.[32]


Overshooting from known disturbances
[edit]


For example, a PID loop is used to control the temperature of an electric resistance furnace where the system has stabilized. Now, when the door is opened and something cold is put into the furnace, the temperature drops below the setpoint. The integral function of the controller tends to compensate for error by introducing another error in the positive direction. This overshoot can be avoided by freezing of the integral function after the opening of the door for the time the control loop typically needs to reheat the furnace.



Basic block of a PI controller
A PI controller (proportional–integral controller) is a special case of the PID controller in which the derivative (D) of the error is not used.

The controller output is given by


	


where  is the error or deviation of actual measured value (PV) from the setpoint (SP).


	


A PI controller can be modelled easily in software such as Simulink or Xcos using a "flow chart" box involving Laplace operators:


	


where


	 = proportional gain

	 = integral gain


Setting a value for  is often a trade off between decreasing overshoot and increasing settling time.

The lack of derivative action may make the system more steady in the steady state in the case of noisy data. This is because derivative action is more sensitive to higher-frequency terms in the inputs.

Without derivative action, a PI-controlled system is less responsive to real (non-noise) and relatively fast alterations in state, and so the system will be slower to reach setpoint and slower to respond to perturbations than a well-tuned PID system may be.



Many PID loops control a mechanical device (for example, a valve). Mechanical maintenance can be a major cost and wear leads to control degradation in the form of either stiction or backlash in the mechanical response to an input signal. The rate of mechanical wear is mainly a function of how often a device is activated to make a change. Where wear is a significant concern, the PID loop may have an output deadband to reduce the frequency of activation of the output (valve). This is accomplished by modifying the controller to hold its output steady if the change would be small (within the defined deadband range). The calculated output must leave the deadband before the actual output will change.


Setpoint step change
[edit]


The proportional and derivative terms can produce excessive movement in the output when a system is subjected to an instantaneous step increase in the error, such as a large setpoint change. In the case of the derivative term, this is due to taking the derivative of the error, which is very large in the case of an instantaneous step change. As a result, some PID algorithms incorporate some of the following modifications:


	Setpoint ramping

	In this modification, the setpoint is gradually moved from its old value to a newly specified value using a linear or first-order differential ramp function. This avoids the discontinuity present in a simple step change.

	Derivative of the process variable

	In this case, the PID controller measures the derivative of the measured PV, rather than the derivative of the error. This quantity is always continuous (i.e., never has a step change as a result of changed setpoint). This modification is a simple case of setpoint weighting.

	Setpoint weighting

	Setpoint weighting adds adjustable factors (usually between 0 and 1) to the setpoint in the error in the proportional and derivative element of the controller. The error in the integral term must be the true control error to avoid steady-state control errors. These two extra parameters do not affect the response to load disturbances and measurement noise and can be tuned to improve the controller's setpoint response.



The control system performance can be improved by combining the feedback (or closed-loop) control of a PID controller with feed-forward (or open-loop) control. Knowledge about the system (such as the desired acceleration and inertia) can be fed forward and combined with the PID output to improve the overall system performance. The feed-forward value alone can often provide the major portion of the controller output. The PID controller primarily has to compensate for whatever difference or error remains between the setpoint (SP) and the system response to the open-loop control. Since the feed-forward output is not affected by the process feedback, it can never cause the control system to oscillate, thus improving the system response without affecting stability. Feed forward can be based on the setpoint and on extra measured disturbances. Setpoint weighting is a simple form of feed forward.

For example, in most motion control systems, in order to accelerate a mechanical load under control, more force is required from the actuator. If a velocity loop PID controller is being used to control the speed of the load and command the force being applied by the actuator, then it is beneficial to take the desired instantaneous acceleration, scale that value appropriately and add it to the output of the PID velocity loop controller. This means that whenever the load is being accelerated or decelerated, a proportional amount of force is commanded from the actuator regardless of the feedback value. The PID loop in this situation uses the feedback information to change the combined output to reduce the remaining difference between the process setpoint and the feedback value. Working together, the combined open-loop feed-forward controller and closed-loop PID controller can provide a more responsive control system.



PID controllers are often implemented with a "bumpless" initialization feature that recalculates the integral accumulator term to maintain a consistent process output through parameter changes.[33] A partial implementation is to store the integral gain times the error rather than storing the error and postmultiplying by the integral gain, which prevents discontinuous output when the I gain is changed, but not the P or D gains.



In addition to feed-forward, PID controllers are often enhanced through methods such as PID gain scheduling (changing parameters in different operating conditions), fuzzy logic, or computational verb logic.[34][35] Further practical application issues can arise from instrumentation connected to the controller. A high enough sampling rate, measurement precision, and measurement accuracy are required to achieve adequate control performance. Another new method for improvement of PID controller is to increase the degree of freedom by using fractional order. The order of the integrator and differentiator add increased flexibility to the controller.[36]



One distinctive advantage of PID controllers is that two PID controllers can be used together to yield better dynamic performance. This is called cascaded PID control. Two controllers are in cascade when they are arranged so that one regulates the set point of the other. A PID controller acts as outer loop controller, which controls the primary physical parameter, such as fluid level or velocity. The other controller acts as inner loop controller, which reads the output of outer loop controller as setpoint, usually controlling a more rapid changing parameter, flowrate or acceleration. It can be mathematically proven[citation needed] that the working frequency of the controller is increased and the time constant of the object is reduced by using cascaded PID controllers.[vague].

For example, a temperature-controlled circulating bath has two PID controllers in cascade, each with its own thermocouple temperature sensor. The outer controller controls the temperature of the water using a thermocouple located far from the heater, where it accurately reads the temperature of the bulk of the water. The error term of this PID controller is the difference between the desired bath temperature and measured temperature. Instead of controlling the heater directly, the outer PID controller sets a heater temperature goal for the inner PID controller. The inner PID controller controls the temperature of the heater using a thermocouple attached to the heater. The inner controller's error term is the difference between this heater temperature setpoint and the measured temperature of the heater. Its output controls the actual heater to stay near this setpoint.

The proportional, integral, and differential terms of the two controllers will be very different. The outer PID controller has a long time constant – all the water in the tank needs to heat up or cool down. The inner loop responds much more quickly. Each controller can be tuned to match the physics of the system it controls – heat transfer and thermal mass of the whole tank or of just the heater – giving better total response.[37][38]


Alternative nomenclature and forms
[edit]



Standard versus parallel (ideal) form
[edit]


The form of the PID controller most often encountered in industry, and the one most relevant to tuning algorithms, is the standard form. In this form the  gain is applied to the , and  terms, yielding:


	


where


	 is the integral time

	 is the derivative time


In this standard form, the parameters have a clear physical meaning. In particular, the inner summation produces a new single error value, which is compensated for future and past errors. The proportional error term is the current error. The derivative components term attempts to predict the error value at  seconds (or samples) in the future, assuming that the loop control remains unchanged. The integral component adjusts the error value to compensate for the sum of all past errors, with the intention of completely eliminating them in  seconds (or samples). The resulting compensated single error value is then scaled by the single gain  to compute the control variable.

In the parallel form, shown in the controller theory section


	


the gain parameters are related to the parameters of the standard form through  and . This parallel form, where the parameters are treated as simple gains, is the most general and flexible form. However, it is also the form where the parameters have the weakest relationship to physical behaviors and is generally reserved for theoretical treatment of the PID controller. The standard form, despite being slightly more complex mathematically, is more common in industry.


Reciprocal gain, a.k.a. proportional band
[edit]


In many cases, the manipulated variable output by the PID controller is a dimensionless fraction between 0 and 100% of some maximum possible value, and the translation into real units (such as pumping rate or watts of heater power) is outside the PID controller. The process variable, however, is in dimensioned units such as temperature. It is common in this case to express the gain  not as "output per degree", but rather in the reciprocal form of a proportional band , which is "degrees per full output": the range over which the output changes from 0 to 1 (0% to 100%).  Beyond this range, the output is saturated, full-off or full-on.  The narrower this band, the higher the proportional gain.


Basing derivative action on PV
[edit]


In most commercial control systems, derivative action is based on process variable rather than error. That is, a change in the setpoint does not affect the derivative action.  This is because the digitized version of the algorithm produces a large unwanted spike when the setpoint is changed. If the setpoint is constant, then changes in the PV will be the same as changes in error. Therefore, this modification makes no difference to the way the controller responds to process disturbances.


Basing proportional action on PV
[edit]


Most commercial control systems offer the option of also basing the proportional action solely on the process variable. This means that only the integral action responds to changes in the setpoint. The modification to the algorithm does not affect the way the controller responds to process disturbances.
Basing proportional action on PV eliminates the instant and possibly very large change in output caused by a sudden change to the setpoint. Depending on the process and tuning, this may be beneficial to the response to a setpoint step.


	


King[39] describes an effective chart-based method.



Sometimes it is useful to write the PID regulator in Laplace transform form:


	


Having the PID controller written in Laplace form and having the transfer function of the controlled system makes it easy to determine the closed-loop transfer function of the system.


Series/interacting form
[edit]


Another representation of the PID controller is the series, or interacting form


	


where the parameters are related to the parameters of the standard form through


	, , and

	


with


	.


This form essentially consists of a PD and PI controller in series. As the integral is required to calculate the controller's bias, this form provides the ability to track an external bias value, which is required to be used for proper implementation of multi-controller advanced control schemes.


Discrete implementation
[edit]


The analysis for designing a digital implementation of a PID controller in a microcontroller (MCU) or FPGA device requires the standard form of the PID controller to be discretized.[40] Approximations for first-order derivatives are made by backward finite differences.  and  are discretized with a sampling period , k is the sample index.

Differentiating both sides of PID equation using Newton's notation gives:



Derivative terms are approximated as,


	


So,


	


Applying backward difference again gives,


	


By simplifying and regrouping terms of the above equation, an algorithm for an implementation of the discretized PID controller in an MCU is finally obtained:


	


or:


	


s.t. 

Note: This method solves in fact  where  is a constant independent of t. This constant is useful when you want to have a start and stop control on the regulation loop. For instance, setting Kp,Ki and Kd to 0 will keep u(t) constant. Likewise, when you want to start a regulation on a system where the error is already close to 0 with u(t) non null, it prevents from sending the output to 0.



Here is a very simple and explicit group of pseudocode that can be easily understood by the layman:[citation needed]


	Kp – proportional gain

	Ki – integral gain

	Kd – derivative gain

	dt – loop interval time (assumes reasonable scale)[b]


previous_error := 0
integral := 0
loop:
   error := setpoint − measured_value
   proportional := error;
   integral := integral + error × dt
   derivative := (error - previous_error) / dt
   output := Kp × proportional + Ki × integral + Kd × derivative
   previous_error := error
   wait(dt)
   goto loop


Below a pseudocode illustrates how to implement a PID considering the PID as an IIR filter:

The Z-transform of a PID can be written as ( is the sampling time):


	


and expressed in a IIR form (in agreement with the discrete implementation shown above):


	


We can then deduce the recursive iteration often found in FPGA implementation[41]


	


A0 := Kp + Ki*dt + Kd/dt
A1 := -Kp - 2*Kd/dt
A2 := Kd/dt
error[2] := 0  // e(t-2)
error[1] := 0  // e(t-1)
error[0] := 0  // e(t)
output   := u0 // Usually the current value of the actuator

loop:
    error[2] := error[1]
    error[1] := error[0]
    error[0] := setpoint − measured_value
    output   := output + A0 * error[0] + A1 * error[1] + A2 * error[2]
    wait(dt)
    goto loop


Here, Kp is a dimensionless number, Ki is expressed in s−1 and Kd is expressed in s. When doing a regulation where the actuator and the measured value are not in the same unit (e.g., temperature regulation using a motor controlling a valve), ,  and  may be corrected by a unit conversion factor. It may also be interesting to use Ki in its reciprocal form (integration time). The above implementation allows to perform an I-only controller which may be useful in some cases.

In the real world, this is D-to-A converted and passed into the process under control as the manipulated variable (MV). The current error is stored elsewhere for re-use in the next differentiation, the program then waits until dt seconds have passed since start, and the loop begins again, reading in new values for the PV and the setpoint and calculating a new value for the error.[42]

Note that for real code, the use of wait(dt) might be inappropriate because it does not account for time taken by the algorithm itself during the loop, or more importantly, any pre-emption delaying the algorithm.

A common issue when using  is the response to the derivative of a rising or falling edge of the setpoint, as shown below:

A typical workaround is to filter the derivative action using a low pass filter of time constant  where :

A variant of the above algorithm using an infinite impulse response (IIR) filter for the derivative:


A0 := Kp + Ki*dt
A1 := -Kp
error[2] := 0 // e(t-2)
error[1] := 0 // e(t-1)
error[0] := 0 // e(t)
output := u0  // Usually the current value of the actuator
A0d := Kd/dt
A1d := - 2.0*Kd/dt
A2d := Kd/dt
N := 5
tau := Kd / (Kp*N) // IIR filter time constant
alpha := dt / (2*tau)
d0 := 0
d1 := 0
fd0 := 0
fd1 := 0
loop:
    error[2] := error[1]
    error[1] := error[0]
    error[0] := setpoint − measured_value
    // PI
    output := output + A0 * error[0] + A1 * error[1]
    // Filtered D
    d1 := d0
    d0 := A0d * error[0] + A1d * error[1] + A2d * error[2]
    fd1 := fd0
    fd0 := ((alpha) / (alpha + 1)) * (d0 + d1) - ((alpha - 1) / (alpha + 1)) * fd1
    output := output + fd0      
    wait(dt)
    goto loop



	Control theory

	Active disturbance rejection control




	^ The only exception is where the target value is the same as the value obtained when the controller output is zero.


	^ Note that for very small intervals (e.g. 60 Hz/ seconds), the resulting derivative value will be extremely large, and orders of magnitude larger than the proportional or integral components. Adjusting this value for the derivative (e.g. multiplying by 1000) or changing the division to multiplication is likely to yield the intended results. This holds true for all pseudocode presented here.
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                Last week I wrote about leaving Stainless and my intention to work on building my side project River into a small, sustainable business. When I sent that letter, a few people asked about my thought process in trying to run a software company in the age of AI: “Are you crazy?! Anything you ship can be instantly displaced by an internal package built by an LLM!” Having become as much of an LLM convert as anyone at this point, I acknowledge that it’s a very fair question. Indeed I might be crazy, but I’ll talk through my thought process, and you can decide.


Let me start with an anecdote. This morning I was browsing the internet’s most wretched hive of engagement farmers and master solicitors of fake information and fictional anecdotes, LinkedIn. One user there posted about how his company had been spending $400/mo on Atlassian’s Jira. He’d felt personally slighted by this outrageous bill, so he’d had his team build a new internal task tracker using Claude. Gone was Jira and the $400/mo spend, replaced by a custom package that could be tooled out in any way they needed via continued refinement by an LLM.


We’ve been talking about buy vs. build in software circles for years, but last year the calculus changed. It used to be that build was a very expensive proposition, especially given the state of engineering salaries and scarcity of great people. One could expect huge upfront cost, schedule overruns, and an infinitely deep rabbit hole to slide down. The general wisdom had always been to build only inside your core domain and avoid getting sidetracked by peripheral projects. Once your company reached enormous size, and the cost of those distractions disappeared comfortably into its margins, then maybe they’d be worth doing.


But LLMs changed all of that. Suddenly it was quite possible to produce substantial pieces of software by getting models to do the work.





Cheap != zero


While LLMs have made software considerably cheaper to build, they haven’t brought it to zero. Good LLM-built systems still involve a feedback loop, where an operator has the model work for a while, makes adjustments based on results, asks for another pass, refines further, and so on, taking dozens of loops to get to a satisfactory result that’s an optimal compromise between time spent and quality.


And like before, maintenance will be an ongoing cost. Especially for more complex packages, there’s always going to be a feature to add or bug to fix. LLMs will make those changes easier to make, but don’t make them free, with the most expensive element being the part-time labor of the human in the equation who oversees and verifies results.


Back to our $400/mo Atlassian anecdote above: after considering the initial build effort, including refinement passes, and the ongoing LLM-driven maintenance, does it pass the smell test, like at all? A task tracker’s still a complex piece of software, and even with gratuitous use of LLMs, you’d expect to spend at a minimum a few weeks on the initial push (charitably). From there, its internal owner will switch to bug fixes and feature development.


Let’s try to come up with some rough numbers to quantify the situation. Let’s say we have an engineer making $200k/year and working 40 hours a week (pretend for a second 9/9/6 was blessedly never conceived). That’s $16.7k/mo, $3,850/week, or $96/hour:


salary = 200_000.0

{
  month: salary / 12,
  week:  salary / 52,
  hour:  salary / 52 / 40,
}.each { |k, v| puts "%-6s $%0.2f" % ["#{k}:", v] }



month: $16666.67
week:  $3846.15
hour:  $96.15



To counterbalance the $400/mo that would’ve been paid to Atlassian, the engineer can spend no more than 4 hours a month (400 / 96) prompting features/fixes on their homegrown Jira clone, or looking after its database, or whatever, not including context switching overhead. Even with LLM help, that’s completely unrealistic already, but let’s be charitable and say they can get it down to 2 hours a month. It’d still take 37 months to break even after those initial 2 weeks of effort (number of months to make back Atlassian’s $400/mo minus 2 hours/mo maintenance effort = 2 * 3846.15 / (400 - 2 * 96.15)).


Don’t get me wrong, I hate Jira just as much as anyone who’s ever used it and have a nearly uncontrollable urge to want to rebuild it too, but the math here doesn’t pencil out 1.


The build threshold


But does that always hold true? Let’s take the other side for a second by examining a much higher-priced SaaS product. Gemini reports that the price of a fully loaded Salesforce seat is ~$500/mo. Say you need 50 seats, that’s $25k/mo!


For that price you could have 1.5x engineering resources (25 / 16.7) working on your clone full time. Once again, a CRM’s a reasonably complex piece of software and a rebuild wouldn’t be trivial, but no matter how you construe it, this is closer to a “build” decision, even for a smaller company. (And with Salesforce down 30% YTD, the markets seem to believe it too.)





The zone of viability


I’m contending (and/or hoping) that for a software package of arbitrary complexity, there’s a zone of viability in which when priced within reason, it’ll make sense to buy over build, even given the existence of the powerful LLMs that’ve become our daily companions:





Software in the zone of viability satisfies two conditions:



	There’s sufficient novelty as to make a rebuild-by-LLM non-trivial, and with some ongoing maintenance burden.



	Pricing is not so exorbitant as to strongly encourage rebuild-by-LLM.





As long as continued pricing within reason keeps software within the zone of viability, the total paid in licensing is less than the cumulative expense of prompting its initial push and sustaining its continued existence.


Somewhere along the zone of viability is the minimum viable unit of saleable software, below which a rebuild is the same or less effort compared to going through the purchasing process for a third party and not cost-effective over the long run.





	
	Ongoing price
	Ongoing spend
	Engineer equivalent hours/mo
	Equivalent engineering resources
	Buy
	Build






	Jira
	$400/mo
	$400/mo
	4.2 hours
	0.02 engineers
	✔
	




	Salesforce
	$500/seat/mo
	$25k/mo
	260 hours
	1.5 engineers
	
	✔









River as a plausible business


For the last few years Blake’s worked on a small business based on our open-source project River, a job queue for Go and Postgres, and for at least the next few months, I’ll be taking over full-time. This self-serving blog post is a long way of saying that I hope that despite the world having crossed the LLM horizon, River comes in over the minimum viable unit of saleable software and is still a plausible company in the modern age.


In terms of novelty, River’s an open-source project that makes almost all job-related features (periodic jobs, scheduled jobs, unique jobs, web UI, …) available for free, but reserves some advanced features (workflows, sequential jobs, concurrently-limited jobs, …) and billing capability (billing by invoice) for a Pro version that we charge for. An LLM could reproduce the latter features, but we’ve put enough thought into their API design and performance properties that it’d take some work to get back to something of similar fidelity.


In terms of price, we used a sublinearly scaling pricing model based on team size rather than headcount, starting at $125/mo for up to 20 developers, and scaling up to a multiple of that for an unlimited site license. So for a small-to-medium development team, $125/mo is the all-in cost across everyone.


So back to the question at the top: did I get this right? Who knows. For now I’m betting my livelihood on it, and the coming months will tell.





A note on the photo at the top: This is a natural feature called “Zlatnite Mostove” (“The Golden Bridges”) in the Vitosha mountains near Sofia, Bulgaria where I hiked recently after attending Balkan Ruby. The field of rocks is called a “bridge” because it covers an active river underneath it. This post is partly about River and that’s a river, so I’m banking on enough of a connection to be justifiable.
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FLOPPINUX 💾


An Embedded 🐧Linux on a Single 💾Floppy


FLOPPINUX is a complete Linux distribution that fits on a single 1.44MB floppy disk. Think of it as Linux From Scratch but for making single floppy distribution. It boots directly into a working Linux terminal with persistent storage and essential tools.




🛠️ FLOPPINUX 2025 Workshop (v0.3.1) 🛠️


Complete tutorial to build your own FLOPPINUX from scratch


What is FLOPPINUX?


FLOPPINUX is a fully functional Linux distribution designed to run on minimal hardware. It supports all 32-bit x86 CPUs since Intel 486DX and requires only 20MB of RAM. Perfect for reviving old hardware, embedded systems, or educational purposes.


Key Features:



	💾 Fits on a single 1.44MB floppy disk

	🐧 Latest Linux kernel (6.14.11) with i486 support

	📝 Vi text editor and essential file manipulation tools

	💾 264KB persistent storage for your files

	⚙️ Works on real hardware and emulation

	🔧 Fully customizable and hackable




Minimum Hardware Requirements:



	Intel 486DX 33MHz processor

	20MB RAM

	3.5" floppy disk drive




Resources & Downloads



	Latest Release: FLOPPINUX - Floppy Image (1.44MB)

	Source Code: GitHub Repository

	Workshop/tutorial: MD ePub Online HTML





Articles & Tutorials



	FLOPPINUX 2025 Update (v0.3.1) 🆕

	Original FLOPPINUX Tutorial (2021)

	Creating Sample Applications for FLOPPINUX

	Building 32-bit FLOPPINUX on 64-bit Systems

	FLOPPINUX in the Wild - Community Showcase




Community & Discussion


Version 3.0:


	Can Modern Linux Fit on a 1.44mb Floppy?
 by Action Retro

	Alternative DMF Floppy Layout by dscp46

	Linux On A Floppy: Still (Just About) Possible
 hackaday.com

	Someone ran a modern-day Linux distro off a floppy disk, and it looks more fun than it should be xda-developers.com



Version up to 2.1:


	Hacker News Discussion

	HackADay Feature

	Hackster.io Article

	Adafruit Blog Post

	Mastodon Discussion

	Community Fork: GitLab | Video Demo




Support the Project



💝 Donate


FLOPPINUX is a free and open-source project. If you find it useful and want to support its development, consider making a donation. Your support helps maintain the project and develop new features.

💖 Support via Liberapay

Every contribution, no matter how small, is appreciated! 🙏



                         _________________
                        /_/ FLOPPINUX  /_/;
                       / ' boot disk  ' //
                      / '------------' //
                     /   .--------.   //
                    /   /         /  //
                   .___/_________/__//   1440KiB
                   '===\_________\=='   3.5"


               Now go and make something fun with it!



Homepage: https://krzysztofjankowski.com/floppinux/
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Diverting trains of thought, wasting precious time


        Mon, 15 Jun 2026

[bookmark: system-call-instrumentation-on-intel-negative-result]System call instrumentation on Linux/x86-64 using memory-indirect calls (in vain?), part one


My libsystrap library
provides a simple instrumentation of system calls
in Linux x86-64 userland.
However, its current implementation suffers a double-trap overhead:
system calls become ud2, which generates a SIGILL trap.
Then we run the system call itself from within the signal handler,
causing a second trap and some
interesting tricky cases.


There has been some interesting research in this space in recent years, including
the Liteinst “instruction punning” paper,
    the closely related E9Patch paper
    (though both not specifically about system call instrumentation),
later the “zpoline” paper (which definitely is),
and some follow-ups for making the latter more robust
    (lazypoline,
    K23).


The core problem that all these approaches are solving is a pure accident
of the Intel instruction encoding:
all useful jump instructions are at least 5 bytes long,
whereas often we want to patch smaller instructions,
such as system call instructions which are all (essentially)
two bytes long.
So if you want to replace a system call with a jump,
you have a problem.


The idea of instruction punning, simplifying horribly
and specialising it to the system-call problem (it is more general),
is that if we have an instruction sequence containing a two-byte system call
(here using the syscall instruction, 0f 05)


    ... 0f 05 xx yy zz ...



then when we make it into a jump or call, we might be able to work with the
bytes of the next instruction, since they form part of the relative jump offset.
In fact we have one free byte to play with;


    ... e9 WW xx yy zz ...



i.e. we leave the xx, yy and
zz bytes alone because the belong to the next instruction(s),
but we can change WW.
WW xx yy zz will be interpreted as 32-bit
displacement and we ideally simply place some kind of trampoline code wherever that lands.


Unfortunately, with the machine being little-endian,
WW is the least significant byte, so the
jump target is fixed except for 256 bytes of wiggle room.
It demands a statistical approach:
as long as the high-order byte is not zero or very small,
we have a good chance of jumping far enough away to
land at some memory that is available to use.
If not, we can fall back on a signal-generating option like ud2,
or do something else.
The E9Patch paper presents some head-twisting compound versions of instruction punning
for increasing its coverage in such scenarios,
without resorting to trapping approaches like ud2.
Meanwhile, this scattered nature of trampolines will require a lot of virtual
address space, roughly one page per patch site,
but we can play virtual memory tricks to colocate multiple trampolines on the same physical page
(the E9Patch tool also does this)..


The idea of zpoline is cleaner and does not
rely on punning or statistical approaches.
It's quite clever.
We can always replace a 2-byte system call with


    ff d0                   call   *%rax



... which will generate a call to a small nonnegative address,
because %rax must be holding the system call number
i.e. a small nonnegative integer.
That's neat but it means you have to map some instructions
at the very bottom page (address zero), which undoes the standard hardware-enforced
protection against null pointer accesses.
The paper suggests mitigating this by
(1) using Intel memory protection keys to make this memory execute-only, and
(2) catching “jump to null pointer” bugs by validating the return address
against a bitmap or hash table recording the known patched system call sites.
However, this is still non-ideal:
many processors
don't support memory protection keys,
validating the return address takes time, and
on Linux, mapping low memory requires system privileges.
The approach also behaves unpredictably if buggy code
invokes a system call with a high value in %rax,
whereas the kernel would fail cleanly (with ENOSYS).


The zpoline work made me think:
can we find similar tricks with different trade-offs
by exploring other corners of the instruction encoding?
In x86 I have always been fascinated by the segmentation features,
so I was minded to explore there.
All x86 processors, even 64-bit ones,
always run with some form of segmentation permanently enabled.
In protected mode, all memory accesses are first translated through one of two
segment descriptor tables, global (system-wide) and local (typically per-process).
These tables select the linear virtual address
that is then pushed through the page tables, as a second layer of translation.
Linux lets us modify the process's local descriptor table using the
modify_ldt() system call.
Could we find a 2-byte form that will indirect through this table to reach, somehow,
our intended system call instrumentation?


Spoiler: sort of, but not really as I hoped.

Nevertheless, I learned quite a bit, the near misses are fun enough to go into,
and there may be some benefits worth having.


Betraying how poorly I understood
x86 segmentation at first, I was optimistically hoping that we could use
a two-byte “long call” instruction (lcall in AT&T syntax, call far in Intel),
perhaps (naively) something like this:


    ff 18                   lcall  *(%rax)



to perform an emulated/instrumented system call via the LDT entry whose selector is stored in %rax.
Sadly that is not what the lcall instruction does.


(Among other glaring alarm bells,
it would be odd to store 16-bit selectors in a full-width register like %rax.
Also, the “l for long” of “lcall” is of course
not the same “L for Local” of “LDT”. I'll explain all this....)




Backing up slightly: this
lcall instruction lets us call into a different code segment,
instead of the usual “near call” which stays within one segment.
What we think of as a memory address in x86 (whether 16-, 32- or 64-bit)
is really an offset into a segment—it's just that in flat memory models
(which were the choice of 32-bit Unix environments, and are forced upon us in 64-bit mode)
the segment base address happens to 0.
Similarly, an indirect near call in 64-bit mode, such as


    ff d0                   call   *%rax



consumes as its destination operand not a pointer but a 64-bit offset
within the current code segment.





A far call target is specified by not only an offset but also a 16-bit segment selector.
This indexes into either the global or local table of segment descriptors
(the actual definitions of the segments, roughly base/limit pairs with permissions),
the table being chosen by one of the three reserved low bits of the selector value.
Each table may contain up to 8192 entries, accounting for the remaining 13 bits.


I should recap a not-so-obvious bit of Intel assembly.
All indirect calls jump to some memory location, but there are two forms:
register-indirect and memory-indirect.
The latter are doubly indirect, in that a memory location is itself specified using a register.
That is the memory location from which the call target address is loaded;
I'll call this a “stepping stone” location, although there is probably a better term.
(As far as I know, memory-indirect jumps and calls are the only memory-indirect operations in the
entire Intel ISA.)


    ff d0                   call  *%rax

    ff 10                   call   *(%rax)



The first of the above does the obvious (register-indirect) thing:
call the address (or rather, offset within the code segment)
held in register %rax.
The second one adds the additional layer of indirection:
the address (sorry, offset) to be called is itself loaded from memory:
from the location whose address (sorry, offset) is 
held in register %rax.


And of course there are two forms of memory-indirect call: near and far.


    ff 10                   call   *(%rax)

    ff 18                   lcall  *(%rax)





There is no simple register-indirect form of far call.
You might think this is because a register isn't big enough to hold a
complete far address, i.e. segment selector and offset.
However, we'll see in a moment that that doesn't explain it.


(There is an absolute far call, where the full far address
is appears in the instruction as an immediate operand.
That is not available in 64-bit mode, however.
The full reference, in the usual slightly cryptic terms,
is available here
or here.)




The following assembly program
helped me convince myself I'd understood the mechanics
of far calls in x86-64 Linux userspace.
In this example the “long” call
target is a 48-bit operand:
a 16-bit selector and a 32-bit offset.
Even though we are in 64-bit mode, this 16:32 is the default variant of lcall.
(You can, however, do a rex.W lcall
to read a 64-bit offset, i.e. an 80-byte operand in total.
But this 16:32 form is why “doesn't
fit into a register” is not an explanation... a plain
register-indirect version of this 16:32 call
could have been provided in 64-bit mode but, understandably, wasn't.)


# How to make a "long call" (lcall) within a user program on x86-64.
.data
# global variable to hold our 6-byte address (2-byte segment selector, 4-byte offset)
tgtlongaddr:
tgtlongaddr_offs:
    .long 0          # offset -- only 32 bits!
tgtlongaddr_sel:
    .word 0          # segment selector -- 16 bits

.text
.globl _start
_start:
    # we want to make an indirect long call to 'exit'...
    # borrow our current code segment selector (on Linux it will be 0x33)
    movw %cs,  tgtlongaddr_sel
    # set the offset as 'exit'
    lea exit, %rax
    movl %eax, tgtlongaddr_offs
    # make %rax point to our 6-byte global variable
    lea tgtlongaddr, %rax
    lcall *(%rax)
exit:
    # we will have an extra $cs on the stack, owing to the far call, but we ignore it...
    # actually it's packed into one 64-bit word together with the 32-bit offset and some
    # padding in the high-order bits (0x3300401020 in the stack dump below)
    # Dump of assembler code for function exit:
    # => 0x0000000000401020 <+0>:     mov    $0x0,%rdi
    #    0x0000000000401027 <+7>:     mov    $0x3c,%rax
    #    0x000000000040102e <+14>:    syscall 
    # End of assembler dump.
    # (gdb) x /20ga $rsp
    # 0x7fffffffcdc8: 0x3300401020    0x1
    # 0x7fffffffcdd8: 0x7fffffffd307  0x0
    # 0x7fffffffcde8: 0x7fffffffd355  0x7fffffffd365
    mov $0, %rdi  # status 0
    mov $60, %rax # exit syscall
    syscall
(END)



Unfortunately I also convinced myself that the 2-byte lcall form isn't useful
for system call instrumentation.
Just like zpoline's use of call,
the far call via %rax
always wants to access memory a short distance from the address in that register.
The fact that this memory access is not for the jump itself,
but rather than address of the jump target,
is incidental.
In fact it's worse, because we
would have to map the bottom page readably, rather than execute-only.


Thinking more punningly, there are also 3-byte forms that might help,
if we can arrange that we don't care about the trailing byte.
For example, there is:


   ff 58 nn                lcall  *0xnn(%rax)



which will try to load a far pointer from memory at
some small displacement from the address in %rax.
We could simply leave that byte in place and allow the instructions to overlap.
But it doesn't help:
this displacement is always small, so it still doesn't get us out of the bottom page of the address space
(except, possibly, wrapping downwards into the very top of the address space, which is even less use).
And the displacement is determined by the reinterpreted instruction byte that happens to follow the
trap site; we don't control it.


But then a brainwave: there are some 6-byte forms
which could be useful if we continue to borrow ideas from instruction punning.
Let's recap what instruction punning looks like, using the 5-byte near direct call.



	e8 WW nn nn nn	call 0xnnnnnnWW(%rip)	precise, tunable	nearby	used as jump target i.e. trampoline	trampolines likely unique	not overlappable




To the right in the table I've annotated the instruction with five pieces of information.
The memory location it references is precise (predictable from just the instruction address)
    yet tunable (in that we can choose WW, the least significant offset bit).
We're always accessing a location “nearby” i.e. plus or minus 2GB-ish (the immediate 32-bit displacement),
and we're using that location as the jump target.
That location is likely unique to the instrumented site,
although in the unlikely case that
two such sites' puns happen to land at mutually nearby locations
(not exactly equal, but say within a few bytes)
we can't overlap the stuff we want to place there.
That's trampoline code in this case, and
usually all bytes of the trampoline need to be different,
i.e. are unlikely to be mutually overlap-punnable.


The picture to have in your mind for %rip-relative punning is roughly like this,
much as it is hilariously not to scale.



      :                    :
      |____________________|
      |....|TT|............| \
      :.|TT|...............| | zone ~2GB above
      :............|TT|... : | mostly unmapped, but quasi-randomly allocated for trampolines
      :____________________: /
      |  x              x  |
      |    patched text    |  the loaded binary whose text is patched
      |x          x      x |
      |____________________|  (data segment somewhere around here too, not shown)
      :..............|TT|..: \
      :...|TT|.............: |
      :....................: | zone ~2GB below similarly
      |____________________| /
      |                    |
      :                    :



Unique versus shared trampolines have their advantanges and disadvantages.
A unique trampoline can be tailored to the patch site (e.g. it could literally inline the
instrumentation required at that specific instruction),
whereas shared trampolines need to be somehow generic but can help save memory.
Overlappable shared trampolines are even better, because
they can pack into smaller extents of memory. The zpoline work
uses one of these, consisting of a nop “sled”—say 512 bytes
of nop if no system call is numbered higher than 511—followed
by a generic handler.
This shared, overlappable form of trampoline is necessary since
many patch sites may land at different yet nearby offsets within the low %rax-accessed region.
Meanwhile, systems like E9Patch instead use unique trampolines, but play tricks to prevent
them from blowing too much memory, by colocating many of them
into the same frame of physical memory.
This colocation can be done so long as they do not overlap in offset-space within the page:
the same frame is then mapped at each of the virtual addresses required by its incoming patch sites.
Although few physical frames may be needed,
there still end up being quite a lot of pages used in the virtual address space.
This crufts up the memory map of the process
(specifically the /proc/self/maps file).
That noise is unimportant in many contexts, but I prefer to avoid it
because it is a pain if you do low-level programming, which I often do.
Also, generalising wildly,
introducing new executable instructions into the process introduces new attack
surface, e.g. as sources of ROP
gadgets or whatever; it may well not matter, but sometimes it might.


So, the 5-byte %rip-relative form has some good points and bad points.
Now let's see some six-byte forms, both call and lcall, that may be useful.
For each there is a corresponding jump form, which I will ignore for now.



	ff 15 nn nn nn nn	call   *0xnnnnnnnn(%rip)	precise (not tunable)	nearby	used as stepping stone near address	stepping stones likely unique	stepping stones not overlappable




This is a memory-indirect form of near call.
A 32-bit displacement applied to %rip is used to load an 8-byte near address (offset)
which is the jump target.


In contrast to the 5-byte form above,
we don't even have a single byte of the displacement that we control.
This can still be a useful alternative to the 5-byte form, however!
The 6-byte form is likely to have a different high-order byte than in the 5-byte form above,
since the punned field is shifted along one byte in memory.
So this gives us another chance to land us somewhere that is free;
field-shifting second-chance techniques like this are called “jump padding”
in the E9Patch paper.
The picture looks like the above, except instead of
|TT| for the trampolines we would have |S | for the stepping-stone
8-byte near address of our handler (probably smaller than a trampoline!
but we have to map at page granularity, so some space will be free around it).



      :                    :
      |____________________|
      |....|S |............| \
      :.| S|...............| | zone ~2GB above
      :..............|S |. : | mostly unmapped, but quasi-randomly allocated for stepping-stone addresses
      :____________________: /
      |  x              x  |
      |    patched text    |  the loaded binary whose text is patched
      |x          x      x |
      |____________________|  (data segment somewhere around here too, not shown)
      :..............| S|..: \
      :...|S |.............: |
      :....................: | zone ~2GB below similarly
      |____________________| /
      |                    |
      :                    :



We don't have to pun relative to %rip, of course—%rax is another
obvious choice.



	ff 90 nn nn nn nn	call   *0xnnnnnnnn(%rax)	spread (not tunable)	low	used as stepping stone near address	stepping stones overlap	not overlappable, nor usable (without known %rax value)




This is another memory-indirect near call,
but the call target is loaded from a location
addressed by a punned displacement from %rax.
Like zpoline, we know that %rax should contain a low nonnegative value.
The plain zpoline case looks like this.
(While on the topic of zpoline's 2-byte, displacement-free register-indirect form:
there is no displacement-free memory-indirect call or lcall, unfortunately.)



      :____________________:
      |  x              x  |
      |    patched text    |  the loaded binary whose text is patched
      |x          x      x |
      |____________________|  (data segment somewhere around here too, not shown)
      :                    :
           ~  ~  ~  ~  ~  

           ~  ~  ~  ~  ~      ... a long way down...

           ~  ~  ~  ~  ~
      :                    :
      |nnnnnnnH____________|  the bottom of the linear address space: nops followed by handler code



But now in our 6-byte memory-indirect cases (both near and far),
we also apply a 32-bit displacement,
taken punningly from the next instruction's bytes.
We know less about where in memory it will be looking: the pun bytes span a 4GB range.
And since we are memory-indirect, we are not directly jumping to that displaced location, but rather
using it as a stepping stone, to load a jump target from.
Certainly we can only use this form if the displacement is nonnegative, because a negative
offset might land us in the top half of memory.
In nonnegative-displacement cases we will always load from a low-2GB-ish address,
although exactly where is not known precisely.
We might imagine a picture like the below.



      :____________________:
      |  x              x  |
      |    patched text    |  the loaded binary whose text is patched
      |x          x      x |
      |____________________|  (data segment somewhere around here too, not shown)
      :                    :
           ~  ~  ~  ~  ~  

           ~  ~  ~  ~  ~      ... a long way down...

           ~  ~  ~  ~  ~
      :_ _ _ _ _ _ _ _ _ _ :
      |. . . . . . . . . . |  the bottom 2GB of the linear address space
      | . .|-------|. . . .|  ... some ranges identifiable as %rax-relative pun targets
      |.|-------||-------| |  of the patched instructions
      | . . . . . . . . . .|
      |. . . . |-------| . |  since there is a spread of possible %rax values, there is a
      | . . |-------| . . .|  spread of possible landing addresses
      .____________________.



Unfortunately, this form is unusable in practice,
because of two facts: we don't know %rax, and
our handler address must be loadable from
byte-adjacent locations, since consecutive integer values of %rax are valid system call numbers.
We want this form to end up calling some handler for system calls;
we are trying to plonk down
that handler's address at the necessary stepping-stone locations.
Say we run this instruction with %rax equal to 42 and the following punned bytes
are 00 56 34 12.
The CPU will try to load our handler's address from 0x12345642.
But we could easily also hit the very next byte, 0x12345643, either by invoking
a syscall number 0x43 from the very same patch site, or being unlucky with a different combination of
site, system call number and pun bytes.
If there are only 512 system calls, say, then we can limit the range of each pun to
512 possible target bytes.
But we'd still have to put down an 8-byte stepping stone
at each of those consecutive 512 locations.
What could its value be?
There's no such value: only 0x00 and 0xff can be repeated eight times to yield a
canonical 64-bit linear address,
but neither of the resulting addresses is useful.




Now do we gain anything when swapping out call for lcall?
Let's go back to the %rip-relative case first.



	ff 1d nn nn nn nn	lcall  *0xnnnnnnnn(%rip)	precise (not tunable)	nearby	used as stepping stone long address	stepping stones likely unique	overlappable




This calls out to a location that is loaded, as a 48-bit long address, from somewhere nearby,
specifically from 0xnnnnnnnn + %rip.
We could place a 6-byte long address of our choosing
at that location, assuming it is not used already.
Clearly our handler needs to be placed somewhere addressable by one of these 6-byte
addresses (a requirement we will return to).
Otherwise this is all very similar to the plain memory-indirect call addressed
via %rip, above.
Instead of placing an 8-byte address as our stepping stone,
we have placed the 6-byte address used by the far call,
but otherwise the picture is the same as the “|S |” picture above.


However, something is different if we consider the %rax-relative variant
of the far call.



	ff 98 nn nn nn nn	lcall  *0xnnnnnnnn(%rax)	spread (not tunable)	low	used as stepping stone long address	stepping stones shared	overlappable




This loads a 48-bit long address from 0xnnnnnnnn + %rax, then jumps to that.
Because the load is relative to %rax,
we again face the unpredictability and byte-adjacency issues.
But our plain memory-indirect call
could not use a stepping-stone
consisting of the same byte repeated eight times.
In the far-call case we can.
We can easily arrange that our handler
has a 6-byte address consisting of the same byte repeated.
For example, we might give our handler the address 0x1f1f:0x1f1f1f1f.
This works for %rip- and %rax-relative cases,
even though we didn't strictly need it in %rip cases (unless we were unlucky enough
to encounter overlap between distinct trap sites' punned target addresses).
Using it just for the %rax-relative cases would give us a picture like the below.



      :____________________:
      |  x              x  |
      |    patched text    |  the loaded binary whose text is patched
      |x          x      x |
      |____________________|  (data segment somewhere around here too, not shown)
      :                    :
           ~  ~  ~  ~  ~  

           ~  ~  ~  ~  ~      ... a long way down...

           ~  ~  ~  ~  ~
      :_ _ _ _ _ _ _ _ _ _ :
      |1f1f1f1f1f1f1f1f1f1f|  the bottom 2GB of the linear address space
      |1f1f1f1f1f1f1f1f1f1f|  ... some ranges are identifiable as %rax-relative pun targets
      |1f1f1f1f1f1f1f1f1f1f|  of the patched instructions, or we can just fill the whole thing
      |1f1f1f1f1f1f1f1f1f1f|
      |1f1f1f1f1f1f1f1f1f1f|  since there is a spread of possible %rax values, there is a
      |..1f1f1f1f1f1f1f1f1f|  spread of possible landing addresses, but two adjacent addresses can work fine
      .____________________.



(If you're wondering, 0x1f is not an arbitrary choice of byte value!
Only values ending in 0x7 or 0xf are usable.
This is an artifact of the details of segmentation, about which more next time.)


Unlike zpoline, this approach does not require executing through a sled of
nops.
Rather, to make this work we will have filled the target memory ranges
with a “stepping stone” pattern
which will always be interpreted as a pointer to the same handler address, no matter
which six-byte subsequence of it the CPU reads.
Without benchmarking
it is unclear to me whether zpoline or the long call is faster; we expect a long call
to be slower than a near call, not only because of the memory indirection,
but we also don't have to eat the nops.


Also, in place of spreading nops over some part of the low 4kB,
we seem to be spreading our stepping-stone 0x1f bytes over large parts of the low 4GB!
That's a million times more memory.
It may sound like a bad trade, but of course we can
use virtual memory techniques to avoid allocating more than a single physical frame
of our 0x1f byte.
I also have found a way of doing this which don't cruft up the memory map
in the way that E9Patch's overlapped
trampoline pages do.


We also avoid a key downside of zpoline, in that
we can also leave the single bottom page unmapped.
This means we can keep hardware null pointer checking working as usual,
and don't need the special privileges that mapping ultra-low requires.
If we reserve this bottom page,
it rules out a small fraction of puns.
But statistically, this is not a significant portion of our low 2GB,
so it doesn't hurt if we have to use another recipe for instructions whose puns would land us there.




As before, the %rax recipe
doesn't work if our punned displacement is negative.
That will risk landing us in the top 2GB of the address space
This cannot be mapped at all by user code on Linux, special privileges or no.
So the %rax-relative pun is only useful in about half of cases, if instruction byte sequences
are uniformly distributed (they aren't).


There is a further register that we might want to use: %rbp.



	ff 9d nn nn nn nn	lcall  *0xnnnnnnnn(%rbp)	spread location (not tunable)	low-ish if %rbp is low	used as stepping stone long address	stepping stones shared	overlappable




If %rbp points into our stack, then we could surround our stack
with a couple of billion copies of our 0x1f byte to catch these punned calls.
We'd need to make sure that the punned displacement is large enough to land us outside
the stack itself, so it wouldn't work for very small punned displacements.
We need to make sure that it would land in a range known to contain
our magic byte, not some other code or data (e.gg another stack!),
for which we'd exploit knowledge of the maximum stack size.
If that's 8MB, say, then for each pun, we have a precise displacement
relative some value within that 8MB range, so there is a corresponding 8MB range where
the pun might land us.


One hitch, however, is that we'd need to make sure that %rbp is actually pointing into the stack,
rather than being used as a general-purpose register.
One simple approximate test might be whether the function begins with a standard prologue
and subsequently refrains from updating %rbp (except to pop it before return).
How often are these true in practice?
Not very! On my system, the C library is compiled -fomit-frame-pointer
and therefore mostly uses %rbp as just another register.
Then, considering a large non-libc binary—I went for chrome—there
will be few syscall sites.
In my chrome I found 11 system call sites in the whole binary,
but most of them did appear to have a stack-pointing %rbp.



You might ask: why not instead use %rsp, which definitely does point at the stack?
The answer is that this requires a 7-byte form of which we control three bytes, so cannot be used
to patch system calls.
The only registers we get in the 6-byte form are
%rax, %rbx, %rcx, %rdx,
%rdi, %rsi, %rbp and %rip.
To pun usefully against these 64-bit registers
we want some reasonable bound on its range of values.
At the site of a syscall about which we know
nothing else (e.g. it may take no arguments),
the only candidates are %rax, %rbp and %rip.


Still, let's finish the thought about punning via %rbp.
Unlike with %rax, this option can work with displacements
both above and below %rbp, because we can control where the stack is placed.
As we'll see next time, none of the lcall methods will work
unless we map our stacks in the low 4GB anyhow.
So in practice we can share some of the same low-2GB 0x1f bytes that the %rax-relative
recipes use—but we have to either
put stacks only in the 2–4GB range or
leave holes in among the low-2GB 0x1f areas for the stacks themselves.
This will create a small extra
collision hazard for us to manage (also affecting the %rax-relative puns),
but is feasible
since stacks are only small—typically limited to 8MB in size, i.e. each 0.4%
of our freely available 2GB region, and few programs create more than a few dozen stacks.
(The process's initial stack is different, since command-line arguments can get large.
However, it is possible to split this stack in two, such that the bulky parts remain high
and only pointers sit low. I will gloss over exactly how to do this, for now.)


If we tried this %rbp-relative pun using a memory-indirect near call,
would it work? Perhaps, yes, but with the same caveat about requiring a genuine stack-pointing %rbp.
We expect the register's value to be 8-byte aligned, so
we don't have the byte-adjacency issues that a near %rax-relative call would have.
Instead, we could flood the memory around the stack with our handler's 8-byte near address.
We wouldn't need to map our stacks, since we're doing a near call.
The end result is quite similar to the lcall except that we have an 8-byte repeating
pattern around a possibly-high stack, in contrast to a 1-byte repeating pattern
around a definitely-low stack (which therefore has to share the area we've mostly flooded
with the 1-byte pattern).


If we apply %rip-, %rax-, and %rbp-relative
puns all at once, we might get a picture rather like the below.



      :____________________:
      |....|S |............| \
      :....................: | zone ~2GB above
      :..............|S |. : | mostly unmapped, but quasi-randomly allocated for stepping-stone addresses
      :____________________: /
      |  x              x  |
      |    patched text    |  the loaded binary whose text is patched
      |x          x      x |
      |____________________|  (data segment somewhere around here too, not shown)
      :....................: \
      :...|S |.............: |
      :....................: | zone ~2GB below similarly
      |____________________| /
      :                    :
           ~  ~  ~  ~  ~

           ~  ~  ~  ~  ~      ... a long way down...

           ~  ~  ~  ~  ~
      :_ _ _ _ _ _ _ _ _ _ :  6GB line
      |1f1f1f1f1f1f1f1f1f1f|
      |1f1f1f1f1f1f1f1f1f1f|
      |1f1f1f1f1f1f1f1f1f1f|
      |1f1f1f1f1f1f1f1f1f1f|
      |1f1f1f1f1f1f1f1f1f1f|
      |1f1f1f1f1f1f1f1f1f1f|  4GB line
      |1f1f1f1f1f1f1f1f1f1f|  area used to allocate stacks... + MAXSTACKSIZE-sized ranges
      |1f1f1f|stack |1f1f1f|  identifiable as %rbp-relative pun targets (must reach >MAXSTACKSIZE away,
      |1f1f1f1f1f1f1f1f1f1f|  and not into another allocated stack's MAXSTACKSIZE region)
      |1f|stack |1f1f1f1f1f|  ... or we can just flood the area with 1f, as shown
      |1f1f1f1f1f1f1f1f1f1f|
      |1f1f1f1f1f1f1f1f1f1f|  2GB line
      |1f1f1f1f1f1f1f1f1f1f|  ... some ranges are identifiable as %rax-relative pun targets
      |1f1f1f1f1f1f1f1f1f1f|  but again, shown as flooded
      |1f1f1f1f1f1f1f1f1f1f|
      |1f1f1f1f1f1f1f1f1f1f|
      |..1f1f1f1f1f1f1f1f1f|  lowest part is still reserved for NULL check
      .____________________.



We can we take away from what we've seen so far?
Firstly, do we gain anything from doing a memory-indirect call or lcall,
relative to doing a plain call or jump?


Yes, a little:
we avoid introducing new executable instructions (attack surface) to the program,
can spend slightly less memory (our stepping-stone pages are likely to be fewer in physical memory),
and avoid crufting up the memory map (if using lcall),
On the downside, we expecting patching to fail more frequently,
since our second-chance puns are different but overall more limited than the E9Patch repertoire
(we can use %rbp only if it's definitely stack'd,
or %rax if nonnegative-displacement and using lcall).
We forgo E9Patch's fancier third-chance “neighbour eviction” option,
although (read the paper for the gory details) that was already a bit nasty.
We share with E9Patch (and Liteinst) the unfortunate problem of not being transparent to debuggers,
e.g. the disassembly is effectively corrupted until someone creates a pun-aware disassembler (anyone?).






Overall, do we gain anything specifically from doing a (memory-indirect) far call,
relative to doing a memory-indirect near call?
Yes, a little: the %rax-relative puns become available (albeit
only for upper-half displacements) and (minor) the %rip ones
become overlappable (thanks to the repeating byte pattern; the gain is marginal).
We also expect to spend even less physical memory on stepping-stone mappings, and
(speculative) may gain a tiny bit more hardening from
from extra secrecy or randomization of the handler address (I'll explain this next time).


So ends this post.
I'm on the fence about whether this could or should be put to serious use; perhaps not.
But for fun I did go ahead and implement a very rough-and-ready
version of the %rax-relative lcall instrumentation (only).
It's on the use-lcall
branch of my libsystrap repository.
This led to my learning a thing or two
about Linux, LDTs and far jumps and so on; I'll cover this next time,
together with various fun facts about segmentation.
It will also be worth disentangling which of the various hitches
we run into are “Linux things” versus “Intel things”.
And I've glossed over one very inconvenient fact about my implementation
which no doubt many readers can already spot....





[/research] 
[all entries] 
permalink
contact










validate this page







Original: https://www.humprog.org/~stephen/blog/2026/06/15/#system-call-instrumentation-on-intel-negative-result · Discussion




Occupancy Math on the AMD MI355X: A From-First-Principles Guide


24

Occupancy Math on the AMD MI355X: A From-First-Principles Guide

indianspeedster.github.io · 33 points · Discussion

 Ask a GPU kernel engineer how their kernel is doing and occupancy comes up within a sentence or two. It’s the number everyone quotes and the dial everyone reaches for — and, in my experience, the metric people understand least. Most treat it as an opaque percentage the profiler hands back. It isn’t. Occupancy is fully derivable by hand from a kernel’s resource usage and a handful of fixed hardware limits, and being able to do that derivation changes how you tune.


TL;DR. On MI355X, occupancy — the fraction of a SIMD’s wavefront slots your kernel keeps filled — is set by whichever of four resource limiters runs out first: VGPRs, SGPRs, LDS, or workgroup/barrier slots. Each is just a fixed hardware budget divided by what your kernel spends, so you can compute the ceiling by hand from the binary: occupancy = min(those four limiters). The VGPR file is 512 per lane, shared by regular and accumulator registers (not a separate AccVGPR pool). And maximizing occupancy is usually the wrong goal: in a measured MXFP8 MFMA sweep below, the matrix core stays at ~97% of peak even as occupancy falls to a fraction of full — its throughput tracks matrix-engine utilization, not how full the SIMD is.



This is a from-first-principles guide to occupancy math on the AMD Instinct MI355X (CDNA4, gfx950). We’ll build it from the silicon up: what the hardware budget actually is, which four resources cap how many wavefronts can go resident, and how to compute a kernel’s occupancy ceiling on paper and then confirm it with rocprofv3. The worked examples lean on MXFP8 GEMM tiles — the kind of kernel where these numbers decide whether the kernel is fast.

The post is in three parts:


	Part 1 — The MI355X architecture. The CU, the four SIMDs, the wavefront, the Matrix Core, and the memory hierarchy that feeds them — the resources the math counts.

	Part 2 — Occupancy math. The definition, the four limiters (VGPRs, SGPRs, LDS, and workgroup/barrier slots), the per-SIMD vs per-CU split that trips everyone up, worked examples, and how to measure occupancy for real.

	Part 3 — Better performance at lower occupancy. The twist at the end: once you can compute the ceiling, why reaching for it is often the wrong move. Little’s Law, ILP versus occupancy, and a microbenchmark where the matrix core stays saturated even as occupancy collapses.



Occupancy is worth understanding precisely — both so you can fix the kernels that are genuinely occupancy-limited, and so you can recognize the ones that aren’t.



Part 1 — The MI355X architecture

Occupancy is, start to finish, a story about how a fixed pool of resources gets divided among the work you launch. So before any of the math lands, you need a clear mental model of the chip — and in particular, which resources are private and which are shared. We’ll build it top-down and keep returning to that one distinction, because it’s the hinge the whole calculation turns on.



The chip, top down

The MI355X is CDNA4, ISA target gfx950. At the top level it’s eight Accelerator Complex Dies (XCDs) stitched together over fourth-gen Infinity Fabric, totaling 256 Compute Units — 32 per XCD — clocked up to 2.4 GHz. Wrapped around the dies are 288 GB of HBM3E at 8 TB/s, fronted by 256 MB of last-level Infinity Cache. Each XCD carries its own L2 slice, which is why scheduling that keeps a tile’s traffic on one die (XCD-aware swizzling) pays off — but that’s a locality story, not an occupancy one.

For occupancy, the only unit you reason about is the Compute Unit. Everything above it governs how data moves; occupancy is decided one CU at a time. So that’s where we zoom in.

Inside a Compute Unit

A CU is four SIMD units plus shared infrastructure. Each SIMD is 64 lanes wide and owns a private register file. The pieces that matter:


	VGPRs — a 512-entry-per-lane vector register file, private to the SIMD. Allocated per wave. This is usually the resource that caps occupancy.

	AccVGPRs — the matrix accumulators, carved from that same 512 file. MFMA instructions can accumulate here. On CDNA4 the file is split between regular VGPRs (≤256/wave) and accumulation VGPRs (≤256/wave), but the two share one 512-entry budget — a wave’s regular plus accumulator count is what’s measured against 512 (ISA §3.6.4: “up to 512 total VGPRs, 256 of each type… the number of each type is flexible”). This is not the separate physical ACC file of MI100/MI200; CDNA3 unified them and CDNA4 keeps it that way. In practice the compiler fills regular VGPRs first: most of the MXFP8 GEMM tiles I profiled run with zero AccVGPRs — the accumulator sits in regular VGPRs — and only the largest tiles spill into the accumulator pool. Either way it’s one budget, and that’s the fact Part 3 turns on.

	SGPRs — ~800 per SIMD. Scalar registers, allocated per wave. Rarely the binding limit.

	LDS — 160 KB, shared across all four SIMDs. One physical scratchpad per CU. It’s the cooperation mechanism for a workgroup, and on CDNA4 it’s 2.5× the size of CDNA3’s 64 KB.



Here’s the distinction to burn in: the register files are per-SIMD; the LDS is per-CU. A wave that lands on SIMD 0 cannot touch SIMD 1’s registers, but every wave in a workgroup — wherever it lands — sees the same LDS. That single asymmetry is why the four occupancy limiters in Part 2 don’t share a denominator.



Threads, lanes, and wavefronts

The hardware doesn’t execute threads one at a time. It executes wavefronts: bundles of 64 threads that run in lockstep on a SIMD’s 64 lanes. AMD’s wavefront is exactly NVIDIA’s warp, just 64 wide instead of 32 — and “wave” and “wavefront” are the same thing. A 256-thread workgroup is therefore four waves, not 256 independent units of scheduling.

A SIMD holds up to 8 wavefronts resident at once. Resident means their registers are live and reserved; only one wave issues per cycle, and the scheduler hides latency by switching to a different ready wave whenever the current one stalls. Occupancy is just the ratio of resident waves to that maximum of 8 — counted per SIMD, capped at 32 per CU. Crucially, occupancy says nothing about whether those waves are doing useful work; it only counts how many are parked. Hold that thought for Part 3.



If you think in CUDA: a Rosetta stone

AMD’s vocabulary maps almost one-to-one onto NVIDIA’s. If your instincts are CUDA-shaped, read this first and the rest of the post translates itself:



















































	AMD (CDNA4)	NVIDIA	Notes
	Compute Unit (CU)	SM	256 on MI355X
	SIMD — 4 per CU	SM sub-partition — 4 per SM	64 lanes each
	Wavefront — 64 threads	Warp — 32 threads	AMD waves are 2× wide
	VGPR / AccVGPR	registers	one shared 512/lane file
	LDS — 160 KB/CU	shared memory	per-CU scratchpad
	Matrix Core / v_mfma_*	Tensor Core / mma	
	waves resident per SIMD (≤8)	warps resident per SM	the occupancy ratio
	workgroup · s_barrier	thread block · __syncthreads()	


The one place the analogy frays: NVIDIA has no separate “accumulator register” concept — on CDNA4 the AccVGPRs are simply part of the same register file, which is exactly the subtlety Parts 2 and 3 hinge on.

The Matrix Core

The reason any of this exists on an AI accelerator is the Matrix Core — the MFMA engine. CDNA4 overhauled it with native FP8, FP6, and FP4 support and roughly doubled per-CU matrix throughput versus CDNA3. The MI355X peaks at about 5 PFLOPs of MXFP8 and 10 PFLOPs of MXFP6/FP4 dense matrix throughput, with structured sparsity pushing FP4 past 20 PFLOPs. The instruction you’ll meet in MXFP8 GEMM kernels is the scaled-MFMA family — v_mfma_scale_f32_16x16x128_f8f6f4 or its 32x32x64 sibling, depending on the tile — which folds per-block microscaling directly into the matrix op.

The mechanical detail that connects back to occupancy: MFMA reads its operands from the VGPR file and accumulates back into registers (regular or accumulator VGPRs — the same 512-entry file). The matrix engine is fed by registers — nothing slower can keep it busy at peak. That’s exactly the tension the memory hierarchy makes concrete.

The memory hierarchy

From fastest and smallest to slowest and largest: the register file (VGPR/AccVGPR, per-SIMD) → LDS (160 KB/CU) → L1 → L2 (per XCD) → 256 MB Infinity Cache → 288 GB of HBM3E at 8 TB/s. Each step down trades bandwidth for capacity.

The gap that matters is the very first one. Only the register file delivers operands fast enough to sustain the Matrix Core at peak; LDS, despite being on-chip and despite CDNA4’s generous 160 KB, is meaningfully slower and prone to bank conflicts. Keeping the hot accumulation register-resident — not in LDS — is what lets a kernel hit the matrix peak, and it’s the seed of the argument that closes the post.



CDNA3 → CDNA4, in one box

What actually changed for kernel authors moving from MI300X/MI325X to MI355X:


	LDS: 64 KB → 160 KB per CU. The single biggest occupancy-relevant change; LDS-bound tiles get dramatically more headroom.

	Matrix Core: ~2× per-CU throughput, plus native FP6/FP4 (FP6 runs at FP4 rates).

	VGPRs: unchanged at 512/SIMD. Despite a common assumption, CDNA4 did not double the vector register file. If you’ve heard otherwise, that’s the myth to drop before doing the math.



With the resources and their boundaries in hand, we can finally count them. That’s Part 2.



Part 2 — Occupancy math

Occupancy has a one-line definition: it’s the number of wavefronts resident on a SIMD divided by the maximum that SIMD can hold (8). Report it per SIMD or scale it to the CU (max 32 waves) — same ratio either way. The number you get is set by whichever resource runs out first, and there are four candidates.

The limiters

Each limiter has the same shape — a fixed hardware budget divided by what one unit of your kernel consumes, floored to a whole number — but they count different things:


	VGPRs hold every per-thread value live at once — loaded operands, loop variables, and the accumulator tile — with regular and accumulator registers drawing on one 512-entry file. Bigger tiles and deeper unrolling cost more.

	SGPRs hold values uniform across a wave — base addresses, loop bounds, predicates. Usually cheap.

	LDS holds the workgroup’s shared staging buffers: the tiles you cooperatively load before feeding the matrix core.

	Workgroup slots and barriers are spent once per resident workgroup, no matter how large or small it is.



As formulas:

VGPR limit:  floor( 512 / total-VGPRs-per-lane  )  ->  waves / SIMD   (total = regular + accumulator)
SGPR limit:  floor( ~800   / SGPRs-per-wave     )  ->  waves / SIMD
LDS  limit:  floor( 160 KB / LDS-per-workgroup  )  ->  workgroups / CU
WG   limit:  max workgroups resident / CU          (hard cap + barrier slots)

Your occupancy is the minimum of the four, then clamped by the hardware caps (8 waves/SIMD, 32 waves/CU). In practice VGPRs or LDS bind; SGPRs almost never do unless you have heavy scalar address math.

The fourth limiter is workgroup-level. A CU can hold only a fixed number of resident workgroups, enforced in part by barrier resources — every workgroup of more than one wavefront needs a hardware barrier to implement __syncthreads / s_barrier, and a CU has a limited pool of them. This one stays invisible until your workgroups get small: a swarm of tiny one- or two-wave workgroups can exhaust the workgroup or barrier slots while VGPRs, SGPRs, and LDS still have room to spare. With the 256-thread (4-wave) tiles typical of these GEMM kernels it rarely binds — but for fine-grained kernels it’s the limiter people forget, right up until the profiler shows occupancy stuck below what the register and LDS math predicts.



The unit mismatch that trips everyone up

Notice the limiters don’t all produce the same quantity. VGPRs and SGPRs are per-SIMD resources, so they yield waves per SIMD. LDS is a per-CU resource — one scratchpad shared by all four SIMDs, as we saw in Part 1 — so it yields workgroups per CU. You can’t take a min across different units; you have to convert first.

The bridge is the workgroup’s wave count and how those waves land on SIMDs. A 256-thread workgroup is 4 waves, and the hardware spreads those 4 waves one-per-SIMD across the CU. So each resident workgroup contributes one wave to every SIMD, which lets you restate the LDS limit (workgroups/CU) in the same waves/SIMD currency as the register limits — and then take the minimum. Larger workgroups change the conversion factor: an 8-wave (512-thread) workgroup puts 2 waves on each SIMD, so each workgroup costs two waves/SIMD instead of one.

Concretely: suppose LDS allows 6 resident workgroups per CU and each workgroup is 4 waves. Those 4 waves spread one-per-SIMD, so 6 workgroups put 6 waves on every SIMD — under the cap of 8, so the LDS limit expressed in waves/SIMD is 6. Only now can you line it up against the VGPR limit (also in waves/SIMD) and take the smaller. Compare a raw 6 workgroups/CU against a 5-wave/SIMD register limit directly and you’re comparing apples to oranges.

A worked example

Take a real MXFP8 GEMM tile — these numbers come straight from a compiled _mxfp8_mm_kernel code object (llvm-objdump --mcpu=gfx950, no spills): a 256-thread workgroup (4 waves) using 128 total VGPRs per lane (all regular — agpr_count is 0, so the accumulator sits in regular VGPRs), 50 SGPRs per wave, and 32 KB of LDS per workgroup. It lowers to v_mfma_scale_f32_32x32x64_f8f6f4, the scaled MXFP8 matrix op. Run the limiters:

VGPR:  floor(512 / 128) = 4 waves / SIMD     (128 = regular + accumulator; agpr_count = 0)
SGPR:  floor(800 / 50)  = 16 waves / SIMD    (not binding)
WG:    workgroup / barrier cap on workgroups/CU   (not binding for a 4-wave tile)
LDS:   depends on the LDS budget, which is exactly what changed across generations

So compare the two generations directly:

CDNA3 (MI300X, 64 KB LDS)
  LDS:  floor(64 / 32) = 2 workgroups/CU  ->  2 waves/SIMD
  min( VGPR 4, SGPR 16, LDS 2 ) = 2 waves/SIMD
  occupancy = 2 / 8 = 25%        <- LDS-bound

CDNA4 (MI355X, 160 KB LDS)
  LDS:  floor(160 / 32) = 5 workgroups/CU  ->  5 waves/SIMD
  min( VGPR 4, SGPR 16, LDS 5 ) = 4 waves/SIMD
  occupancy = 4 / 8 = 50%        <- register-bound

Same kernel, same tile — 25% on CDNA3, 50% on CDNA4. And notice what changed: on MI300X the kernel was strangled by LDS; the 160 KB scratchpad on MI355X lifts that ceiling until the VGPR file (4 waves) becomes the constraint instead. More LDS didn’t just raise the number — it relocated the bottleneck from the shared scratchpad to the per-lane register file. That relocation is the whole reason to do this math by hand rather than read a profiler percentage and shrug. And it keeps moving: heavier variants of this very kernel compile to 202, 294, even 498 total VGPRs — the 294-and-up tiles start spending real AccVGPRs on top of the regular ones, and occupancy slides to 2, then 1 wave/SIMD. Whether sliding down that far is a good trade is the question Part 3 measures.



Granularity: where hand-math drifts from reality

The floor divisions above assume your kernel uses exactly the registers you think it does. It doesn’t — the hardware allocates registers in fixed-size blocks, so your effective count is always rounded up to the next block boundary. On CDNA4, VGPRs round up to groups of 8 (ISA §3.6.4: gfx950 allocates the vector file in eight-Dword groups — confirm in your objdump), SGPRs to 16, and LDS to its own block size too.

That rounding has teeth. Suppose the compiler reports 100 total VGPRs per lane. By hand you’d expect floor(512 / 100) = 5 waves/SIMD, or 62.5%. But with a granularity of 8, 100 rounds up to 104, and floor(512 / 104) = 4 waves — 50%. You silently lost a wave to four registers you didn’t know you were spending.

The flip side is free occupancy. Trim that same kernel back under the boundary — to 96 total VGPRs — and floor(512 / 96) = 5 waves returns you to 62.5%. Shaving a handful of registers to drop below a granularity boundary is one of the cheapest occupancy wins there is, and it’s exactly why you read the rounded number out of the binary rather than trusting the one in your head. When hand math and the profiler disagree by a single wave, granularity is almost always the reason.

Try it: the occupancy calculator

You don’t have to trust the arithmetic — run it. Plug in what the binary reports and watch the binding limiter (and the granularity-8 rounding) decide the answer. It’s preloaded with the worked example above; change a number and see what moves.


  
  occupancy calculator · gfx950

  512 VGPR/lane · ~800 SGPR/SIMD · 160 KB LDS/CU · max 8 waves/SIMD · VGPR granularity 8, SGPR 16.

  
      Regular VGPRs / lane

      Accumulator VGPRs / lane

      SGPRs / wave

      LDS / workgroup (KB)

      Workgroup size (threads)

    

  


How to measure it

Two ways, and you want both. Statically, ask the compiler and the binary what the kernel actually consumes:

# resource usage at compile time
hipcc -Rpass-analysis=kernel-resource-usage kernel.cpp

# or read it straight out of the code object
llvm-objdump --disassemble --mcpu=gfx950 kernel.hsaco | grep -iE "vgpr_count|agpr_count|sgpr_count|group_segment|accum_offset"
roc-obj-ls a.out

Here’s that grep on two real tiles of the MXFP8 GEMM kernel — the small one from the worked example and a much bigger one — with the 512-file split visible in the directives:

# small tile (the worked example): accumulator lives in regular VGPRs
.vgpr_count:          128    # total VGPRs/lane (regular + accumulator)
.agpr_count:          0      #   -> floor(512 / 128) = 4 waves/SIMD
.amdhsa_accum_offset  128    # AccVGPRs would start at 128 -> none used
.sgpr_count:          50
.vgpr_spill_count:    0      # no spills

# big tile: one 512 file, now split across both pools
.vgpr_count:          498    # 252 regular + 246 accumulator = 498 (<= 512)
.agpr_count:          246    #   -> floor(512 / 498) = 1 wave/SIMD
.amdhsa_accum_offset  252    # regular 0..251, AccVGPRs 252..497

Same kernel, two tiles: the small one keeps the accumulator in regular VGPRs (agpr_count 0); the big one spends 246 AccVGPRs — and because both pools draw on the one 512-entry file, vgpr_count already includes them, so the bigger tile’s ceiling collapses to a single wave/SIMD. That’s the Part 1 claim, straight from the binary.

Those give you the inputs to the formulas above — the theoretical occupancy ceiling. For what the kernel achieved at runtime, read OccupancyPercent (or MeanOccupancyPerCU) with rocprofv3, alongside MfmaUtil (matrix-engine busy) and VALUBusy so you can tell whether occupancy is even your problem.

Theory vs. the profiler

Here is a caveat that becomes the launch point for Part 3. The number you derive by hand is a ceiling — the most waves that could be resident given resources. The number rocprofv3 reports is an average over time, and it can land above or below your hand figure for entirely mundane reasons: granularity rounding, partial final workgroups, waves draining at the kernel’s edges, the sampling window. It’s common to derive a 62.5% ceiling and watch the profiler report something a few points off. Neither number is wrong; they answer different questions.

Which raises the question the rest of this post exists to answer. If occupancy is this slippery to even pin down — and if all it counts is how many waves are parked, not whether they’re doing anything — why do we treat maximizing it as the goal? That’s Part 3.



Part 3 — Better performance at lower occupancy

Part 2 ended on a question: if occupancy only counts how many waves are parked, why chase it? Here is the answer, and it’s the most useful idea in this whole post.

Occupancy is one mechanism for hiding latency — not the only one. When a wave stalls on a memory load or a long MFMA, the scheduler covers the gap by issuing from another resident wave. More resident waves means more stalls you can paper over. That’s thread-level parallelism (TLP), and it’s real. But it isn’t the only parallelism the hardware can exploit, and treating it as the goal blinds you to the other source.

This argument isn’t new — Vasily Volkov made it for NVIDIA’s Fermi in his 2010 GTC talk, Better Performance at Lower Occupancy. CDNA4 changes the hardware, not the logic.

Little’s Law: how much parallelism do you actually need?

The parallelism required to fully hide latency is given by Little’s Law:

parallelism-in-flight = latency × throughput

To keep a functional unit saturated you need enough independent operations in flight to cover its latency at its issue rate. For the matrix core: if an MFMA takes L cycles to retire and the unit accepts a new one every T cycles, you need roughly L/T independent MFMAs in flight at all times. Fall short and the unit idles between dependent ops; meet it and you’re at peak — regardless of how you supplied those independent ops.

That last clause is the whole game. Little’s Law asks for independent operations in flight. It does not ask for waves.

Two ways to get it: TLP and ILP

There are two ways to put L/T independent MFMAs in flight:


	TLP (occupancy): many resident waves, each issuing one MFMA. The independence comes from different waves.

	ILP: fewer waves, each issuing several independent MFMAs — multiple accumulator tiles advanced in parallel inside one wave. The independence comes from within the wave.



Both satisfy Little’s Law. And here’s the CDNA4-specific tension: the MFMA accumulator — whether the compiler parks it in regular VGPRs or in AccVGPRs — comes out of the same 512-entry register file as your operands (≤256 of each type, flexibly split; on the small tile above it’s 0 AccVGPRs, with the accumulator living in regular VGPRs). So holding several independent accumulator tiles for ILP spends real register budget: it raises the wave’s total VGPR count and therefore pushes occupancy down. That’s not a flaw in the plan; it is the plan. ILP and occupancy are two ways to spend one 512-register budget to satisfy Little’s Law, and this section’s whole claim is that spending it on bigger per-wave tiles (ILP) usually beats spending it on more waves (TLP). The accumulators aren’t free — they’re simply the better thing to buy.



Hiding arithmetic latency with fewer waves

You can watch this in isolation, with everything else held still. Take a single MXFP8 matrix instruction — v_mfma_f32_16x16x128_f8f6f4 — and have each wave run K independent accumulator chains in a tight loop. K is the ILP knob: at K=1 every MFMA depends on the one before it (a single chain that exposes the matrix unit’s latency); at K=8 the wave keeps eight independent MFMAs in flight at once. The trick that makes this a clean experiment is throttling occupancy separately — by reserving LDS so only so many waves co-reside per CU — so ILP and occupancy move on independent axes instead of being tangled together the way they are when you simply resize a tile. The whole kernel is about a dozen lines:

typedef float v4f __attribute__((ext_vector_type(4)));
typedef int   v8i __attribute__((ext_vector_type(8)));

template <int ILP>                              // ILP = the parallelism knob
__global__ void __launch_bounds__(256)
mfma_ilp(const v8i* A, const v8i* B, float* out, int iters) {
    extern __shared__ char throttle[];          // reserved LDS = the occupancy dial
    int lane = threadIdx.x & 63;
    v8i a[ILP], b = B[lane];
    v4f acc[ILP];
    #pragma unroll
    for (int i = 0; i < ILP; ++i) {             // distinct A -> chains stay independent
        a[i]   = A[(lane + 7 * i) & 63];
        acc[i] = v4f{0, 0, 0, 0};
    }
    for (int t = 0; t < iters; ++t)
        #pragma unroll
        for (int i = 0; i < ILP; ++i)           // ILP independent MFMAs in flight
            acc[i] = __builtin_amdgcn_mfma_scale_f32_16x16x128_f8f6f4(
                         a[i], b, acc[i], 0, 0, 0, 0, 0, 0);  // MXFP8 scaled MFMA
    float s = 0;                                // sink so the loop isn't optimized away
    #pragma unroll
    for (int i = 0; i < ILP; ++i) s += acc[i][0];
    if (s == -1.f) out[0] = s;
}
// launch:  mfma_ilp<8><<<grid, 256, lds_bytes>>>(A, B, out, iters);
//          raise lds_bytes to walk occupancy down without touching ILP.

Everything that matters is in those two nested loops: ILP independent accumulators (acc[i], each fed by a distinct a[i] so the compiler can’t fuse them), and a separate lds_bytes launch argument that reserves LDS to cap how many waves co-reside. Here’s throughput in absolute PFLOP/s against achieved occupancy, measured on the MI355X with rocprofv3:



Read it left to right. At the far-left, lowest-occupancy point (~6%), a single dependent chain (ILP=1) reaches only ~3.43 PFLOP/s — about 71% of the ILP=8 plateau — the matrix core stalls between dependent ops, and with so few waves resident there’s nothing to fill the gaps. Add ILP and the gaps fill from inside the wave: ILP=8 sits at essentially full throughput at that same ~6% occupancy. In fact the ILP=8 curve is flat across the entire sweep — it is essentially indifferent to occupancy, because one wave already carries enough independent work to keep the matrix unit busy. In absolute terms that flat line sits at about 4.84 PFLOP/s — roughly 97% of the MI355X’s ~5 PFLOP MXFP8 matrix peak — and it holds that across the entire occupancy range, from ~24% down to ~6%. A single well-fed wave per SIMD is enough to saturate the matrix core. (One honest caveat: that 4.84 is an issue ceiling — the microbench keeps its operands register-resident and moves no memory, so a real HBM-fed GEMM, which must also stream its inputs in, lands lower. What the sweep isolates is the matrix engine itself, and that is emphatically not the resource occupancy was supposed to be protecting.) The ILP=1 curve, by contrast, has to climb: only as more waves go resident does a neighbor’s MFMAs cover its latency, and even then it tops out below the high-ILP configs.

That’s Little’s Law made visible. The matrix core wants a fixed number of independent MFMAs in flight; you can supply them with eight waves of one chain each, or one wave of eight chains — and the second route reaches the same throughput at a fraction of the occupancy. rocprofv3 confirms the mechanism rather than just the outcome: at that lowest occupancy, MfmaUtil reads 35% for ILP=1 but 49% for ILP=8 — identical wave counts, the matrix engine simply has more independent work to chew on.

Methodology: MI355X (gfx950), ROCm 7.0; a single HIP kernel where each wave runs K independent v_mfma_f32_16x16x128_f8f6f4 accumulator chains (K = ILP), with occupancy throttled separately by reserving dynamic LDS so a controlled number of waves co-reside per CU. OccupancyPercent and MfmaUtil are rocprofv3 derived metrics; throughput is a median over repeated launches in absolute PFLOP/s (GMFMA/s × 65,536 ÷ 1e6, where 65,536 = 2·16·16·128 FLOP per 16×16×128 MFMA) — ILP and occupancy are varied on independent axes so neither stands in for the other.

The same thing in Gluon. The HIP kernel above is the bare-metal version, but the experiment ports cleanly to Gluon — Triton’s new tile-level dialect — where the ILP knob is simply the accumulator width: one mfma_scaled on a 16×(16·ILP) tile emits ILP independent 16×16×128 fragments.

@gluon.jit
def mfma_ilp(out_ptr, iters, ILP: gl.constexpr):
    mfma = gl.amd.AMDMFMALayout(version=4, instr_shape=[16, 16, 128], transposed=True, warps_per_cta=[1, 1])
    dotA = gl.DotOperandLayout(0, mfma, k_width=32)
    dotB = gl.DotOperandLayout(1, mfma, k_width=32)
    a   = gl.full([16, 128],       1, gl.float8e4nv, dotA)   # operands register-resident
    b   = gl.full([128, 16 * ILP], 1, gl.float8e4nv, dotB)
    acc = gl.zeros([16, 16 * ILP], gl.float32, mfma)
    for _ in range(iters):                                   # one call = ILP independent MFMAs
        acc = gl.amd.cdna4.mfma_scaled(a, None, "e4m3", b, None, "e4m3", acc)
    # ... store acc so the loop survives ...

On the same MI355X this reaches 4.97 PFLOP/s — 99% of the MXFP8 matrix peak at full occupancy (a hair above the HIP version, since the Gluon loop carries no per-iteration address arithmetic), and the ILP contrast reproduces: at low wave counts, eight independent chains deliver ~1.8× a single dependent one. Same physics, same ceiling, on AMD’s own tile-level toolchain.

Hiding memory latency with fewer waves

The same logic covers memory. Little’s Law for HBM:

bytes-in-flight = HBM latency × bandwidth

At 8 TB/s, even a sub-microsecond HBM latency implies only a few megabytes in flight across the entire 256-CU GPU — on the order of tens of KB per CU. You don’t need 32 waves to reach that; a handful of waves each issuing wide, vectorized buffer_loads, with several loads outstanding before the s_waitcnt, will saturate the bus. The lever is bytes-per-wave-in-flight (vector width × outstanding loads), not wave count. Fetch more per wave and you hide the same latency with fewer of them.

The register/LDS bandwidth gap — and what 160 KB is really for

Recall from Part 1 that only the register file feeds the matrix core at full rate; LDS is slower and bank-conflict-prone. CDNA4’s headline 160 KB of LDS is a real gift, but it’s tempting to misread it as “fast memory you should pack data into.” The accumulator belongs in registers — regular or accumulator VGPRs, the compiler’s choice — never in LDS. That’s the only thing that sustains peak MFMA.

So what is the extra LDS for? Depth. Use it to stage more of the operand stream ahead of the matrix core — deeper software-pipelined prefetch, more buffered K-steps — so the compute units never wait on HBM. The 160 KB buys a longer runway to keep loads ahead of math, which is precisely what lets a low-occupancy, big-tile kernel stay fed. It’s a latency-hiding budget, not an accumulator substitute.

The roofline underneath all of this

Step back and the whole argument is a roofline argument. The MI355X’s machine balance — peak compute over peak bandwidth — is about 5 PFLOP/s ÷ 8 TB/s ≈ 625 FLOP/byte for MXFP8. To live on the flat matrix-core roof rather than the bandwidth slope, a kernel’s arithmetic intensity has to clear that ridge.

Here’s the connection occupancy-chasers miss: arithmetic intensity is set by tile size, not by occupancy. A bigger register-resident output tile reuses each loaded byte across more MFMAs, so its AI climbs with the tile’s footprint — walking the kernel up toward the ridge. Adding waves does nothing good for AI: it splits the same 512-VGPR file into smaller tiles, lowering AI and sliding you back down the bandwidth slope. The two knobs aren’t symmetric — occupancy moves you along the latency-hiding axis; tile size moves you along the roofline. Kernels that win spend the register file on the tile to buy arithmetic intensity, and lean on ILP to hide whatever latency is left.

The trap: cranking occupancy can starve the matrix core

Now the punchline. The register file is fixed at 512 VGPRs/lane — regular operands and accumulators together — so occupancy and per-wave tile size are in direct, zero-sum tension:

more waves/SIMD  ->  fewer total VGPRs per wave  ->  smaller accumulator tile
                 ->  lower arithmetic intensity (more LDS/HBM traffic per MFMA)
                 ->  matrix core waits on data   ->  throughput DOWN

Past the point where you have just enough waves (plus ILP) to cover latency, every additional wave you buy by shrinking the tile is a wave you didn’t need — paid for with arithmetic intensity you did. That’s how a kernel at 75% occupancy loses to the same kernel reworked to 37.5%: the lower-occupancy version holds a bigger register-resident tile, does more compute per byte moved, and keeps the matrix core saturated through ILP. For MFMA-bound kernels the sweet spot is routinely 2–4 waves/SIMD, not 8.



So what should you actually optimize?

Not occupancy. Optimize for keeping the matrix core fed: enough parallelism in flight to cover latency, sourced as much from ILP and wide loads as from waves; the biggest register-resident tile that doesn’t spill; LDS spent on pipeline depth, not as an accumulator. Then measure the right thing — matrix-engine and VALU utilization, not the occupancy percentage.

Occupancy is one input to the latency-hiding equation. It was never the answer.



Conclusion: a workflow, not a number

We covered the CDNA4 hardware and its private-vs-shared resource split (Part 1), the four limiters and how to compute occupancy by hand (Part 2), and why that ceiling is rarely the target (Part 3). The throughline: occupancy is a diagnostic, not an objective — it tells you how much TLP is resident, which is useful precisely because it lets you reason about whether TLP is what you’re short on.

So here’s how to use all of it. Next time you open a kernel:


	Read the real resource usage from the binary (-Rpass-analysis=kernel-resource-usage, llvm-objdump --mcpu=gfx950) — not the numbers in your head. Mind the granularity rounding.

	Compute the four limiters, convert them to a common unit, and take the minimum. The minimum is your ceiling; the argmin is your binding resource.

	Check whether occupancy is even your problem — pull matrix-engine and VALU utilization from rocprofv3. If the matrix core is already saturated, occupancy is a distraction. Stop here.

	If you’re latency-bound, ask where the parallelism should come from. Usually the cheap fix is more ILP (independent accumulator tiles) or wider loads, not more waves.

	If you’re matrix-bound and under-fed, spend the register file on the tile, not on waves. Grow the register-resident tile until just before it spills; let occupancy fall; use the 160 KB LDS for pipeline depth.





The kernels that win on MI355X treat the 512-VGPR file and the matrix core as the scarce resources — and treat occupancy as the readout that tells them which knob just moved.


MI355X occupancy cheat sheet (gfx950, verified on-device) — 512 VGPR/lane per SIMD (private), shared by regular ≤256 + accumulator ≤256 · ~800 SGPR/SIMD, ≤102/wave · 160 KB LDS/CU (shared) · max 8 waves/SIMD, 32/CU · VGPR alloc granularity 8 · limiters: VGPR (regular+acc), SGPR, LDS, workgroup (+barriers) · occupancy = min(limiters), then clamp.



Compute the ceiling so you know where it is — then decide, deliberately, how far below it to stop.
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Original: https://clevercrow.io · Discussion
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Cocktail Optimization, an Integer Programming Problem

bunkum.us · 13 points · Discussion


   
  
  June 18, 2026
I’ve been interested in integer programming
problems for a long time (they the most interesting problems in dedupe).
In the past, I approached them by writing custom branch-and-bound algorithms.

I have been using Google’s OR Tools for
a project that involves a lot of vehicle routing, and I started to wonder how these mixed integer
linear programming solvers would do against my lovingly crafted algorithms.

They utterly surpass them. These solvers are technical marvels, containing the congealed
knowledge of thousands of hours of research and engineering. Of course my code wasn’t
really going to compete.

A few years ago, I wrote a branch-and-bound solver for the problem of maximizing the number
of cocktails you can make with certain number of ingredients on your cocktail tray.
I was pretty proud of it, but if you set your ingredient budget to 30, it will take many minutes to find
the optimum solution, and it would basically never stop looking for a better one.

As you can
see below, with glpk.js, it takes milliseconds to find
a final optimum.




With 30 ingredients, you can make 29 cocktail(s).








	Cocktail
	Ingredients





Here’s the shopping list:




	Ingredient
	Number of Cocktails

































  
  
Subscribe to get Slow-News as an email newsletter.



Original: https://bunkum.us/2026/06/18/cocktail-ingredients-milp · Discussion
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How to organize 3 acquired companies into one coherent website

littlelanguagemodels.com · 13 points · Discussion


Company A has acquired Company B, C, and D. How do we organize their sites, for multiple products with different audiences, while making it easy to find relevant product information and quickly understand how the products work together?




For example, Company A offers residential relocation services. Company B offers relocation services for businesses. Company C offers relocation management software. Company D offers fine art and antique moving services.




What I recommend to clients is formalizing user goals before making rebranding decisions.




People from Company A, B, C, and D are going to bring different perspectives to information architecture decisions based on their:





	day-to-day responsibilities




	previous experiences making IA decisions, positive or negative




	perception of the areas with the highest potential for company growth




	professional goals






Many people’s first impulse is to discuss the products.




How Company A plans and delivers items.




How company B coordinates B2B moves, the types of businesses.




The data powering Company C’s software, the types of users, pricing tiers.




Insurance, identity confirmation, country regulations, employee training for handling fine art for Company D.




These conversations are useful for context gathering, but create an unnecessary us against them environment in the context of the website’s future. You’re with Company A. I’m with Company D. Product discussions keep us aware of this distinction at all times.




Instead, I recommend turning outwards and focusing your attention on user actions.




What does the user of your product get from buying from you?




Why is the user visiting the homepage? What about the contact form? And the pricing page?




Come up with as many user goals for interacting with different areas of the product. Even better if Company D’s folks are writing user goals for Company A, Company A for Company B, and so on.




Having “new” folks come up with user goals helps them get familiarized with the product and it builds empathy for users and employees of the company alike. Amazingly, this serves as a beautiful user research session to unpack biases or currently-unmet user needs.




“Oh, we thought that would be done automatically. We may want to clarify that to users.”




“Oh, I didn’t realize we offer customs, tax, and documentation assistance.”




“It wasn’t clear to me that step was mandatory to schedule a pickup.”




Focusing on user goals highlights opportunities for consolidation and removal across your content. Different areas of different products can help users reach their goals.




Which brings me to the next step: defining different ways for the user to meet their goals.




Define different ways for the user to meet their goals considering format, audience, and information receptiveness




Consider format preferences (a map might work better for locations, but a text field may work better if a service is only offered in <5 locations), audiences (busyness, goals, language), and willingness to interact with company content (someone transporting a luxury item will be more receptive to longer content like PDF brochures, but a moving contractor looking for the login portal will be less patient).




Group content on the homepage and navigation by user goal, and the conversation becomes about ways to delight and provide additional value through the acquisitions, rather than which product of which company does what.




Next, consider labels. I don’t like putting people in boxes, but I swear it’s for a noble purpose here. 




Put users into categories




What are different types of groups a user may belong to for a healthcare training provider?





	Location (by country, city, district)




	Clinical discipline (nursing, surgery, pharmacy)




	Clinical specialty (dermatology, ethics, pathology)




	Phase (needs assessment, pre-briefing, facilitation, debriefing)




	Role (educator, administrator, researcher)




	Institution (academic, commercial, non-profit)






For patients of healthcare providers, groups may include:





	Insurance type




	Age group




	Risk level






These categories (known as taxonomy) can help guide users and quickly orient them. By thinking through possible categorizations, and their overlap (what would a pathology surgery clinician working for a commercial vendor in New York look for and find?), teams can make the digital experience so intuitive that the user doesn’t have to “think” much.




Users should understand options at a glance while being able to get granular, so the categories shouldn’t serve as rigid boxes, rather quicker, more elegant paths to eureka.




Test with a small group of users




Once you have initial low-fidelity designs of key pages/interactions, please, please, please test them with a small user group.





	Do labels match user language?




	Do groupings match users’ mental models?




	Does content hierarchy reflect user goals?




	Is the amount of information provided appropriate for the user’s current step?






Finally, and this is easy to miss: think of content horizontally, not vertically.




Think horizontally, not vertically




What do I mean by this?




I’ve been on many design review meetings where the focus was on the single page we were looking at, and stakeholders wanted to know why X element wasn’t included or why Y was so low on the page.




The thinking goes: if a content component is deprioritized, users will have a difficult time finding it, and get frustrated.





	Vertical content – Content on a single page/interface helping the user reach their goal.




	Horizontal content – Content component used strategically and constantly across pages/interfaces (think: visiting hours being available in nav, footer, location pages, event pages, contact pages, etc.)






Horizontal content improves content discoverability by offering multiple opportunities for the user to find what they’re looking for.




Vertical vs horizontal content thinking



HOKA offers multiple examples of horizontal content thinking. I just shared 3 website lessons from HOKA, one of the fastest growing sport brands. Check out the latest article. 




If you’re a content or design professional who enjoys work-related books, I highly recommend Donna Spencer’s book Presenting Design Work. One of the most valuable lessons I took from the book was presenting findings and recommendations in the context of “a person doing a thing” rather than prototype X or page Y. We’re taught to think vertically when it comes to content, so it’s not easy to remember to take a step back and consider the entire ecosystem, but it is important to do as not to harm user wayfinding.




If you’re a stakeholder in website and product decisions, you can also help guide users by asking questions related to the different ways the user may be looking for information and how the design may be able to accommodate them, not just in a single “important” page, but across touchpoints.




Okay, final final thing: A common point of tension between stakeholders is the fate of the content. People have ideas, fears, and dreams about what will become of the content. I unpacked the feelings aspect of redesign in here: How to manage stakeholder feelings in content decisions for website redesigns. TL;DR: People can be reluctant to make content decisions for all sorts of reasons. Every reason is inherently valid and worth listening to, understanding, and iterating upon as needed. 




Key takeaways




To organize content for multiple products with different audiences, while still making it easy to discover how the products work together:





	Start with user goals




	Identify commonalities across products




	Identify opportunities for consolidation and removal across content




	Define different ways for the user to meet their goals considering format, audience, and information receptiveness




	Put users into categories




	Test with a small group of users




	Provide multiple information pathways to improve discoverability




	Be prepared for content discussions to get heated







AI Policy: I personally write each draft and final copy on this website. All content reflects my own thinking, ideas, style, and craft.  I do not use AI such as ChatGPT or other LLMs to generate articles. Occasionally, I ask AI (such as Formalizer or Equativ) to summarize or re-state my own ideas and may restructure sections based on the response.





Original: https://littlelanguagemodels.com/how-to-structure-your-sites-after-a-big-acquisition/ · Discussion
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Conway's Game of Life, in real life

lcamtuf.coredump.cx · 12 points · Discussion

Full text couldn't be fetched for this one (paywall, anti-bot, or not an article page). Read it via the links below.

Original: https://lcamtuf.coredump.cx/blog/conway/ · Discussion
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